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Abstract— Multiple-input multiple-output (MIMO) 
systems are today known as one of the most promising 
research areas of wireless communication. This paper 
proposes a MIMO systems capacity enhancement by 
using the convolution of the periodic Circulant Matrix-
vector signal. Useful signals from Statistical dependence 
between discrete noise and transmitting signals adding 
to the receiver provide linear shifting of MIMO channel 
capacity to Electronics extent. In this paper, we examine 
the channel capacity, outage probability and SNR of 
MIMO receiver by adding a log determinant signal 
validated by numerical simulation. 

Keywords: MIMO, Periodic Circulant signal, Channel 
Capacity, Outage Probability 

I. INTRODUCTION 

Multiple-input multiple-output (MIMO) system has 
attracted significant interests among researchers and 
developers of new generation wireless systems because of 
its potentials of achieving high spectral efficiency, by 
multiplexing multiple users on the same time-frequency 
resources. MIMO system is successfully investigated and 
deployed where the rapidly increasing demand for 
multimedia challenges tremendously with high data rate and 
reliability. Using multiple antennas known as MIMO 
technology, at both the transmitter and receiver, results in a 
further increase in the capacity, provided that the 
environment is rich scattering. Besides that, the 
telecommunication industry put MIMO as a most promising 
research area of wireless communication, research of 
transmission is still facing path loss, shadowing and Fading.  

MIMO system estimates channel capacity as a linear 
increase of spectral efficiency by utilizing diversity and 
spatial multiplexing techniques. The capacity of MIMO 
systems utilizes random matrix theory which depends on the 
number of transmitting (N ) and receiving antenna (N ) [1]. 

Additive White Gaussian Noise (AWGN) channel 
provides a safe signal from fading, amplitude loss, and phase 

distortion with flat frequency response and linear phase 
response.  

The key advantage of the stationary random process is an 
Ergodic process which gives the independent mean value of 
the sequence. Infinite sequence average (ensemble average) 
is equal to the time average estimates single sequence which 
has the same average of infinite sequence that makes it 
possible to calculate any sample of that kind of the sequence 
[5]. 

However, recent works have proposed extracting useful 
signals using the Monte Carlo equation calculating the sum 
of probable bits signal as coefficient terms which are in 
scalar form. The application of Monte Carlo is very useful 
in today’s applications of digital signal extracting on 
computational networks. From a random digital variable 
signal which has probability mass function is greater than 
zero can be extracted as an expected function by Monte 
Carlo equation and from the expected function can be 
generated a new signal with the same probability. Here, a 
discrete sum of function helps to generate an expected 
signal without restriction with equal probability [11]. 

Here, channel capacity enhancement based on a periodic 
circulant signal has been proposed as an appropriate solution 
for improving channel capacity in the MIMO system. We 
proposed, in the MIMO system by adding the non-negative 
Eigen value of periodic circulant signal with its log 
determinant on the receiver can improve its channel capacity. 

In this paper, we add a periodic circulant signal in the 
receiver to improve the data rate of MIMO, using the Monte 
Carlo equation from statistical dependence transmitting and 
noise discrete signal, then calculate a set of expected values 
with its function [4]. The proposed concept helps to enhance 
the capacity of the MIMO system by recovering losses 
signals in the receiver side, Shown in a tree structure figure 
1.  

This paper is organized as follows; System model 
description is presented in section 2. Followed by useful 
periodic circulatant signal description with a mathematical 
model in section 3. Section 4 describes the proposed MIMO 
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channel capacity mathematical model, simulation results 
comparing channel capacity rate between the existing and 
proposed system with SNR comparisons are described and 
the Outage probability with CDF comparison is described in 
section 5. Finally, paper conclusions are stated in section 6.  

 

 

Fig.1. Tree structure of the MIMO channel capacity maximization 

II. SYSTEM MODEL 

In the MIMO system, varying PDF of transmits signal 
provides mutual information that can measure the 
information between two probabilities distributions [2] if the 
channel input and output are vector value instead of scalar 
once. And the AWGN channel removes endowing 
phenomena of Ergodic quantities that contain each 
codeword. Here, the definition of Entropy is also becoming 
the same with mutual information when channels input and 
output are vectors instead of scalar [2] and the Eigen values 
from samples of complex exponentials are an excellent 
feature of circulant matrix. This is the same fundamental 
Idea with a different expression used by Eigen values of 
matrix and transfer function of linear LTI systems [3]. In this 
paper, we calculate the MIMO channel capacity based on 
matrix theory [1]. 

The complexity of the system increases with the 
increasing super-polynomial value of codeword string n. The 
slice functions [12] are used for measuring the circuit sizes.                                       

𝐹𝑜𝑟 𝑛 ≥ 1         𝑐𝑜𝑚𝑝𝑙𝑒𝑥𝑖𝑡𝑦 𝑓𝑎𝑐𝑡𝑜𝑟 = 𝑓 ( ) 

If the value of n is sufficiently large then NP-complete 
language [12] estimates complex circuits.   

            𝑓 ( ) =
1      𝑖𝑓 𝑐𝑜𝑑𝑒𝑤𝑜𝑟𝑑 𝑙𝑒𝑛𝑔𝑡ℎ = 𝑛
0                𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒               

  

The output of AWGN channel MIMO has coded 
sequence of transmitting signal and not effected by Fading, 
amplitude loss, and phase distortion problem. Although the 
considering signal will not suffer, so we choose a high 
probability non-confusable bit sequence from those set of 
the sequence [2]. In the MIMO system, by using a zero-
mean Circular Symmetric Complex Gaussian (ZMCSCG) 
signal, we can estimate maximum channel capacity. So we 
assume all transmitting, receiving and noise vector are 
ZMCSCG.  

In this system, we achieve maximum capacity when the 
receiver receives an auto-correlated signal from a 
transmitter which is a combination of the autocorrelation 
function of transmitting signal, receiving signal and useful 
log determinant signal. Here, Ergodic average provides the 
same PDF signals by comparing useful signals, we used the 
log determinant circuit because the signal is in random form. 
Then our proposed system model is shown in figure 2.   

 

Fig.2. Maximization of MIMO channel Capacity using Noise vector 

Here we assume discrete-time signal vectors are positive 
Hermitian, validating the function of a wide-sense stationary 
random process with circulant and good approximation [3]. 
The expression of circular convolution of discrete LTI 
system has a key feature which is the same as a 
multiplication between the circulant matrixes. Here, the 
circular convolution of the periodic circulant input signal is 
X, random matrix H with noise vector Z then discrete LTI 

system can be express in terms as [1]   𝐘 = 𝐻𝑥 + 𝑍 . 

Now, we area adding useful circulant periodic signal (𝐙𝐔), 
Taken from discrete noise vector (𝐙𝐎). Then the receiving 
signal becomes 

𝑌 =
𝐸

𝑁
𝐻𝑥 + 𝑍 + 𝑍                                     (1) 

Let us assuming signal transmitting on the AWGN 
channel of MIMO with noise has discrete i.i.d complex 
Gaussian sequence [10].  We assume here, the periodic 
circulant signal X and 𝐙𝐎  is in coded form and can be 
express as 𝐗(𝐤) = ∑ 𝐗(𝐤 + 𝐥. 𝐍),𝐥 𝟎 with non-negative 
complex elements and noise vector 𝐙𝐎(𝐤) = ∑ 𝐙𝐎(𝐤 +𝐥 𝟎

𝐥. 𝐍),  where the value of K and N is properly selected. A 
discrete LTI system utilizes random matrix theory as a form 
of convolution. The elements of the noise vector 𝐙𝐎can be 
written in matrix form 
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Z =

⎣
⎢
⎢
⎢
⎢
⎡

Z Z( ) Z( )

Z Z Z( )

    … … Z

… … Z( )

. . . … Z( )

. . . … …
… … …

Z … …
Z Z Z

. . … …
… … Z
… … Z ⎦

⎥
⎥
⎥
⎥
⎤

 

 

Here each element is coded and has equal power 
spectrum with plausibly asymptotically equal distribution 
from the left or right corners as  

𝐙𝐍 𝟏 ≈ 𝐙( 𝟏) 𝐚𝐧𝐝 𝐙( 𝐍 𝟏) ≈ 𝐙𝟏 

And so on, Where the Maximum mutual information obtains 
by varying transmitting PDF signals in the receiver which 
estimates channel capacity of the system. It can be expressed 
as     𝚰(𝐗; 𝐘) = 𝐇(𝐘) − 𝐇(𝐘|𝐗). We assume Z and X be 
statistically dependence discrete vector signal then, 𝐇(𝐗/

𝐘) = 𝐇(𝐙) − 𝐇(𝐗|𝐙) and mutual information is taken as    

 Ι(X; Y) = H(Y) + H(Y|X) − H(Z)(2) 

By taking mutual information of respected signal in terms 
of entropy we can get the following relationship 

Ι (X; Y) = log (det(πeR )) + log det πeR

− log (det(πeR )) 

   Which results in the mutual information,  

𝛪 (𝑋; 𝑌) = 𝑙𝑜𝑔 𝑑𝑒𝑡(𝑅 ) (𝑅  ) (𝑅 ) . (3) 

Currently Available Channel State Information (CSI)on 
the transmitter cannot improve the channel capacity of 
MIMO when SNR is high [1]. Here, we assume CSI is not 
available and His also unknown to transmitter then the 
energy is equally spreading in all direction and then 
autocorrelation function of the transmitting signal vector X 
becomes, 

𝑅 = 𝐼                                                           (4) 

We expect that we can receive a maximum amount of 
mutual information only when the receiving signal has also 
autocorrelation then, 

R = E((√ Hx+Z + Z )(√ Hx+Z +  Z ) )  

=  (E(Hxx H + Z Z + Z Z ))      

 To make simpler, we assume independently and 
transmitting energy equals to 1. which leads us, 

R =
E

N
 ((R + R + R )  

After that we can denote useful signal as                           

R / = Z Z = R &R = Z Z = R  

Then, the resulting mutual Information can be written as, 

𝛪 (𝑋; 𝑌) =

𝑙𝑜𝑔 𝑑𝑒𝑡 (𝑅 + 𝑅 + 𝑅 ) (𝑅 ) 𝑅      (5) 

III. USEFUL PERIODIC CIRCULANT SIGNAL 
In this section, we focus on the useful periodic circulant 

signals. The useful noise vector is linear dependence on the 
eigenvectors of the Hermitian matrix of orthonormal then the 
noise vector can be represented as squared Frobenius norm 
of MIMO channel. Here, the transmitting power of each 
antenna is equal to 1. The useful signals ZU is calculated 
from the noise vector as a statically dependence with 
transmitting signal vector, which is calculated as Monte 
Carlo equation from a set of the expected value of the 
function discrete noise signal [4]. Depending upon X and 𝐙𝐎, 
our expected signal becomes ZMCSCG, circulant and 
periodic. The useful signal calculated from Monte Carlo 
equation is 

𝐄 𝑍 (𝑍 ) = 𝑍 𝑓 (𝑚)                     (6) 

Where m is our expected value from noise through using 
the function 𝐟𝐙𝐎

 and the element of the circulant periodic 

matrix. By comparing useful signal with the ergodic average, 
the decision circuit provides similar coded useful elements 
matrix signal 𝐙𝐔(𝐤) = ∑ 𝐙𝐎(𝐤 + 𝐥. 𝐍),𝐥 𝟎  which gives 
similar value coded elements of X. The elements of signal 
make periodic signal which requires additional hardware for 
the same codeword circuit, although it is not complex due to 
its same polynomial order. Then the useful matrix is, 

Z =

Z Z

Z …

… Z
( )

… Z
( )

… …
Z … .

… …
Z Z

 

Here, the diagonal elements provide its eigenvalues which 
have equal probability. 

𝑅 / = 𝐸(𝑍 𝑍 )=E∑ 𝛾 =  ∑ 𝛾         (7) 

Assuming that the PDF of useful signals follows chi-
square distribution [7]. This gives better performance when 
M tends to infinity. Then, the probability of useful signal 
calculated as   

(𝛾 ) =
1

𝑝
𝑞(𝑚)𝑃 =

1

𝑃
 𝐸(𝑞(𝑍 ))          (8) 

Where 𝐙𝐔 is the random variables that take the expected 
value of Z and q is sum of the function over countable 
values.  The matrix-vector 𝐙𝐔 is circulant and periodic so we 
can solve the matrix similar to the covariance matrix of both 
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signal, divided by N . The value of 𝛄m is taken as a log 
basis due to the random nature of the useful signal. 

𝛾 = 𝑙𝑜𝑔 (𝑑𝑒𝑡 𝑟𝑒𝑎𝑙(𝑍 )                               (9) 

Useful Co-variance receiving matrix gives the value of 𝐙𝐔 
as   

Z = I , in case oftransmitting orthonormal signals, 

𝐙𝐔becomesZ = I then the resulting equation (8)is 

𝛾 =
1

𝑁
𝑙𝑜𝑔 𝑑𝑒𝑡 𝑟𝑒𝑎𝑙(𝐼 )                 (10) 

IV.  THE MIMO CHANNEL CAPACITY 

The ergodic2 process is the most convenient way to 
express the existing MIMO channel capacity which is 
calculated as statistical notation. The channel capacity of the 
existing MIMO [1] is:] 

(∁)  = 𝑙𝑜𝑔 𝑑𝑒𝑡

𝐼 +

+
𝐸

𝑁 𝑁
𝐻𝐻

            (11)( )
             

Since RO is a complex circulant periodic sequence, it 
gives Eigen values when it multiplies by its inverse. By 
assigning all found values in an equation provides new 

improved mutual information of the MIMO system.  

𝛪 (𝑋; 𝑌) = 𝑙𝑜𝑔 𝑑𝑒𝑡
𝐸

𝑁
𝑅 𝑅 𝑅 + 𝑅 𝑅

+ 𝐼 𝑅                                      (12) 

Then the resulting useful circulant signal has non-
negative values that work as an increasing factor. The value 
of RU is scalar and can be replaced byγ .  Then the final 
mutual information be, 

𝛪 (𝑋; 𝑌) = 𝑙𝑜𝑔 (𝑑𝑒𝑡 𝐼 𝛾 +
𝐸

𝑁 𝑁
𝛾

+
𝐸

𝑁 𝑁
𝛾 𝐻𝐻                              (13) 

Hence, the calculated channel capacity of the MIMO  
from mutual information is 

𝐜ℎ𝑎𝑛𝑛𝑒𝑙 𝑐𝑎𝑝𝑎𝑐𝑖𝑡𝑦 (∁)  

= 𝑙𝑜𝑔

⎝

⎛𝑑𝑒𝑡

⎝

⎛
𝐼 𝛾 +

𝐸

𝑁 𝑁
𝛾

+
𝐸

𝑁 𝑁
𝛾 𝐻𝐻

⎠

⎞

⎠

⎞.             (14)( )
             

This channel capacity of the system depends upon non 
zero, non-negative real value of γ , these values give the 
overall MIMO system to some additional computation. Even 
by providing a proper selection of n create some complexity 
due to the requirement of more super-polynomial circuit 

design in the receiver side which gives bulk size estimation 
than the existing system. 

V. SIMULATION RESULTS 

To verify the theoretical model proposed in section 3 
and section 4, MATLAB implementation is employed to 
showing capacity rate and obtains estimates of the source 
and mixing discrete signal through a matrix of N  and N  
followed the algorithm of Channel capacity [1]. However, 
adding a useful logarithmic determinant on the receiver 
estimate a higher capacity rate. Simulation results show that 
linearly increasing in channel capacity is a similar way of 
increasing in value of N  and N  which also helps to reduce 
the necessity of requiring high channel rank for high 
spectral efficiency.  In MIMO system channel capacity is 
increased with increase in N   and  N values however, the 
addition of the determinant signal on receiver provides 
linear shifting of capacity rate to some positive extent as 
shown in figure 3.The Simulation results show the shifting 
value is linearly increasing with a number of increased 
transmitting and receiving antennas.  N   has a greater 
impact on achieving a new capacity rate on a receiver. 
Statistical notation of CDF arises floating-point round error, 
to recover this error we take convenient arbitrary number 
known as binning technique. The comparison between the 
existing and proposed MIMO channel capacity rate using 
MATLAB is clearly shown in figure 3.  

 

Fig.3. Comparison of MIMO channel Capacity rate between the existing 
and proposed system 

Bit-Error-Rate (BER) and Signal-to-Noise Ratio (SNR) 
of the receiving signal have an inverse relation. An error 
occurs on transmission in a fixed interval of studied time 
which is known as BER. SNR is the ratio of useful signal 
and noise signal as a form of voltage or power. The SNR 
formula relating with BER in terms of diversity is 𝐁𝐄𝐑 ∝

𝟏

𝐒𝐍𝐑𝐝where d represents the order of diversity of the MIMO 

system which provides better reliability of the system. But 
on the other hand spatial multiplexing of MIMO uses 
different antennas with a differential stream which estimates 
a high data rate. Here, the proposed model has linearly 
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increasing SNR with high value, then the existing MIMO 
system model estimates low BER shown in figure 4. 

As we know that, there is no possibility of completely 
removing decoding error however it can be minimizing to 
some level by using an advanced decoding scheme, in 
compare with a certain threshold value. If the random error 
bit rate is greater than the threshold value, the corresponding 
probability is called an outage probability. Here, the mutual 
information and outage probability can be related as [9]. 

𝑃 = 𝑃(𝐼 < 𝑅).   (15) 

 

Fig.4. Comparison of SNR between existing and proposed Model 

Flat fading estimates capacity is random instantaneous 
value and taking constantly for a coded block of 
information.  Using the probability law, the outage 
probability of capacity in terms of total probability is [9]. 

𝑃 = 𝑃(𝐼 < 𝑅) = ∑ 𝑃[ 𝛪 < 𝑅|𝐶]𝑃[𝐶] (16) 

And its complex exponential outage probability is 
calculating statically as Monte Carlo estimation. When BER 
and signal-to-Noise-interference ratio (SINR) are equals, 
the threshold value depends upon the detection and diversity 
order of MIMO.  

 

Fig.5. CDF comparison between Existing and proposed MIMO system 

The outage probability has an inverse relation with SNR. 
Here, we can be optimized the transmitting signal by 
reducing uncertainty in channel distribution. Simulation 
results figure 5 shows the higher value of M provides good 

CDF of outage probability. So from our simulation, we 
found that the statistical bins values for calculating CDF are 
directly affecting the capacity rate of the MIMO system.  

VI.  CONCLUSION 

We proposed a MIMO systems capacity enhancement by 
using the convolution of the periodic circulant Matrix-vector 
signal. The expression we derived from the statistical 
dependence of discrete transmitting and noise signal with 
the AWGN channel is beneficial to carry information of 
MIMO at a higher rate than the existing system with the 
requirement of a higher number of transmitting and 
receiving antennas. The linear shifting of capacity mainly 
depends on the higher value ofN  in arandom matrix. The 
higher SNR with higher channel capacity has been obtained 
due to the interception of digital communication signals. 
Our model predicted Proper selection of transmitting signal 
code word could reduce the complexity of the system 
however proposed MIMO system is quite complex than 
existing once. Our result shows, by using the proposed 
system we can increase channel capacity in the MIMO 
system. 
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Abstract—Efficient and accurate object recognition 
has been an important topic in the field of computer 
vision systems. Object recognition is concerns with 
determining the identity of an object being observed in 
the image from a set of known labels. With the advent of 
deep learning with neural network techniques, the 
accuracy for object detection has increased drastically. 
Animal recognition system is implemented using 
Convolution Neural Network (CNN) for classification. 
CNN model of the system is based on our own 
architecture. Kaggle animal-10 and monkey species 
dataset with 10 animals as cat, chicken , cow , dog, 
elephant, horse , monkey ,sheep, spider, squirrel are 
used in this system. The system achieved 77.2 % 
accuracy during testing. 

Keywords—Computer Vision, deep learning, 
convolutional neural network, classification  

I. INTRODUCTION 

Animal recognition is one of the major and important 
fields in computer vision. Animal recognition is concerns 
with determining the identity of an animal being observed in 
the image from a set of known labels. Generally, the animal 
recognition algorithms implement a binary pattern 
classification task[1]. That means, given an input image is 
divided in blocks and each block is transformed into a 
feature. Features from the animal that belongs to a certain 
class are used to train a certain classifier. Then, when given a 
new input image, the classifier will be able to decide if the 
sample belongs to certain class or not. 

This system uses Deep Learning techniques with 
convolutional neural network [2], and large labeled datasets 
to address the problem of automated animal identification in 
the images. A convolutional neural network (CNN, or 
ConvNet) is a type of feed-forward artificial neural network 
in which the connectivity pattern between its neurons is 
inspired by the organization of the animal visual cortex. 
They have wide applications in image and video recognition, 
recommendation systems and natural language processing. It 
take in an input image, assign learnable weights and biases to 

various aspects/objects in the image and will be able to 
differentiate one from the other. The pre-processing required 
in a ConvNet is much lower as compared to other 
classification algorithms in terms of features sizes. While in 
primitive methods filters are hand-engineered, with enough 
training, ConvNets have the ability to learn these 
filters/characteristics.  

II RELATED WORK 

One of the earliest works on automatic animal detection 
[4] uses Haar-like features and a low-level feature tracker to 
detect a lion’s face and extract information to predict its 
activity like still, walking or trotting. The system works in 
real time and is able to detect faces at multiple scales 
although only with slight pose variations. 

Zhang et al. [5] detect heads of animals like tiger, cat, 
dog, cheetah, etc. by using shape and texture features to 
improve image retrieval. The approach relies on prominent 
‘pointed’ ear shapes in frontal poses which makes it 
sensitive to head-pose variations. These approaches rely on 
identifying different parts of the animal to detect and track 
an individual but are likely to fail in case of occlusion or 
significant pose change. 

Hung Nguyen et al. (DSAA, 2017) [6] attempted to 
automate the wild-life monitoring by using CNN, but on a 
much smaller scale and with only 3 classes. They used only 
55 000 image for training and achieve a 90.4% accuracy. 

Gyanendra K. Verma and Pragya Gupta [7]: In this 
paper, wildlife monitoring and analysis through animal 
detection. The images obtained from camera-trap consist of 
highly cluttered images that hinder the detection of animal 
resulting in low-detection rates. In this detection model 
using DCNN features provides accuracy of 91.4% on 
standard camera-trap dataset that contains 20 species of 
animals with around 1000 image sequence for each species. 

III. ANIMAL RECOGNITION SYSTEM 

Animal Recognition algorithm (image classifier) is deep 
learning model which takes images (or a batch of the image) 



                                                              

from user, process it and gives numeric values (probabili
At last, it gives output what the image contains using features 
that it have learned during training phase. In other words, the 
output is a class label (cat , cow , horse etc.).

 

Fig 1 : The animal recognition system.

In fig 1, training images and test images are passed to 
pre-processing module. Pre-processed matrix is then passed 
in convolution Neural Network architecture where operations 
such as convolution, maxpooling, flatten happens. After 
flattening, all training data are passed in fully conne
layer where classification and optimization was done. At last, 
all weights and biases were saved into a .h5 files to predict 
animals later. But in testing phase, test images were used to 
test the system with same architecture. 

A) Dataset Selection 

 Since Convolution Neural network is Supervised 
Machine Learning technique, a large amount of labeled data 
(images) are needed for the purpose of training. The datasets 
were obtained from Kaggle and WSID-100[5] repository. 
From kaggle repository, Animal-10 dataset[3] and Monkey 
species[4] were used  and rest of the data were taken from 
WSID-100 having similar feature as Kaggle dataset. All 
together 2000 images were taken for each class. For testing, 
200 images were taken. Thus, the dataset classes consist of 
elegant, chicken, cow, sheep, dog, cat, horse, monkey, 
squirrel and spider with 2000 images per class and a total of 
20000 images were taken. 

B) Pre-processing Modules 

 Image pre-processing is the method to enhance image or 
extract some useful information. For pre-processing images, 
pre-processing module was used. In pre-processing module, 
images were read from directory, 3D images were converted 
into grayscale by using weighted or luminosity method/ 
algorithm as it is easy to compute and system learn from 
geometry, images were reshaped into 200 * 200 sizes using 
LINEAR Interpolation and each image was normalized by 
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legant, chicken, cow, sheep, dog, cat, horse, monkey, 

squirrel and spider with 2000 images per class and a total of 
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processing images, 
processing module, 

images were read from directory, 3D images were converted 
into grayscale by using weighted or luminosity method/ 
algorithm as it is easy to compute and system learn from 
eometry, images were reshaped into 200 * 200 sizes using 

LINEAR Interpolation and each image was normalized by 

divided with maximum channel values i.e. 255 to convert 
values into float32. 

C) Convolution Neural Network Layer

In machine learning, a convolutional neural network 
(CNN, or ConvNet) is a class of deep learning, feed
artificial neural networks that has successfully been applied 
to analyzing visual imagery. CNN compares any image 
piece by piece and the pieces that it looks for in an
while detection is called as features [2].

Fig 2: Examples of Convolution Neural Network

 

There are five main operations in the CNN:

a) Convolution. 

b) ReLU.  

c) Pooling or Sub

d) Flatten 

e) Fully Connected Layer (classification)

 

a)  Convolution layer 

The primary purpose of Convolution in case of a CNN is 
to extract features from the input image. Each convolution 
layer takes image as a batch input of  four dimension N x 
Color-Channel x width x height. Kernels or filters are also 
four dimensional (Number of feature maps in, number of 
feature maps out, filter width and filter height) which are set 
of learnable parameters (weights and biases). In each 
convolution layer, four dimensional convolution is calculate 
between image batch and feature maps by dot p
between them. After convolution only parameter that 
changes are image width and height.

 

Fig 3: Convolution applied to input image
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divided with maximum channel values i.e. 255 to convert 

Convolution Neural Network Layer 

convolutional neural network 
(CNN, or ConvNet) is a class of deep learning, feed-forward 
artificial neural networks that has successfully been applied 
to analyzing visual imagery. CNN compares any image 
piece by piece and the pieces that it looks for in an image 
while detection is called as features [2]. 

Fig 2: Examples of Convolution Neural Network 

 

There are five main operations in the CNN: 

Convolution.  

Pooling or Sub-Sampling. 

Fully Connected Layer (classification) 

The primary purpose of Convolution in case of a CNN is 
to extract features from the input image. Each convolution 
layer takes image as a batch input of  four dimension N x 

Channel x width x height. Kernels or filters are also 
r of feature maps in, number of 

feature maps out, filter width and filter height) which are set 
of learnable parameters (weights and biases). In each 
convolution layer, four dimensional convolution is calculate 
between image batch and feature maps by dot product 
between them. After convolution only parameter that 
changes are image width and height. 

Fig 3: Convolution applied to input image 



                                                              

b) Rectified Linear Unit 

An additional operation called ReLU has been used after 
every Convolution operation. A Rectified Linear Unit (ReLU) 
is a cell of a neural network which uses the following 
activation function to calculate its output given x: 

R(x) = Max(0,x)  

where x is pixel value. 

Using these cells is more efficient than sigmoid and still 
forwards more information compared to binary units. It 
simply removes all negative values that comes from 
convolution layers by comparing with its function and 
replace negative with zeros.  

Fig 4: Rectification applied to Feature Maps

c)  Pooling Layer 

In this layer, the dimensionality of the feature map 
reduces to get shrink maps that would reduce the parameters 
and computations. Pooling can be Max, Average or Sum. 
Number of filters in convolution layer is same as the number 
of output maps from pooling. Pooling takes input from 
rectified feature maps and then downsized it according to 
algorithm. 

Fig 5: Max Pooling applied to Rectified Feature Maps

d)  Flatten layer 

Once the pooled featured map is obtained, entire pooled 
feature map matrix is transform into a single column which 
is then fed to the neural network for classification.

Fig 6 : Flattening applied to pooled Feature Maps
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pooled featured map is obtained, entire pooled 
feature map matrix is transform into a single column which 
is then fed to the neural network for classification. 

 

Fig 6 : Flattening applied to pooled Feature Maps 

e)  Fully Connected Layer 

This is the final layer where the actual classification 
occurs where this layer takes downsized or shrink feature 
maps obtained after convolution, ReLU and pooling layer 
and flatten. It is a traditional Multi
uses a softmax activation function. Convol
layers generate high-level features. The purpose of the fully 
connected layer is to use these features to classify into 
various classes based on labels.

Fig 7:  Fully Connected layer

D) Training of CNN using Back

All filters and parameters are initialized with random 
values. The input images are taken for training and are 
propagated through the forward propagation and output 
probability is obtained for each class using softmax function. 
Then total error is calculated by categ
formula.  

 

CE:=−∑ (y′ilog(yi)+(1−y′i)log(1−yi))/n…….(2)

where CE is cost errors, y is actual output, y` is 
predicted output in terms of probability, n is  total numbers 
of inputs. 

The gradient of the error is calculated with respec
weights and then RMSprop algorithm is used to update the 
filter values and parameters to minimize the output error. 
The RMSprop optimizer formula are:

  Vdw  = β *  Vdw  + (1- 

  Vbw   = β *  Vbw  + (1- 

  W = W – α * dw / ( 

  b = b – α * db / ( √ V

 where, 

    Vdw  is small change in weight,

    Vbw   is small change in biases,

     β is momentum (0.9),

     α is learning rate(0.0005),
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Vbw  )…….……………...….(6) 

is small change in weight, 
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β is momentum (0.9), 

α is learning rate(0.0005), 



                                                              

     dw is  gradients error of weight obtained 
     by partial derivatives with  total error,

     db is  gradients error of biases obtained 
     by partial derivatives with  total error,

     W is value of weight, 

     b is value of bias 

Repeat above steps for all images in the training set.

E) CNN Architecture 

Thus convolutional neural network was developed using 
Keras and was trained with datasets. The pre
for initializing the network was not used.  

In the proposed CNN (see Fig. 8), input 
200 *200 *1 and was passed to convolution layers where 
training image batch size was taken as 150, while filter map 
was of size 64x3x3 for each convolution layer. Then 
convolutional layer was followed by Pooling Layer. The 
pooling operation was applied separately to each feature 
map. In general, the more convolutional steps we have the 
more complex features (such as edges)
recognize using proposed network. The whole process is 
repeated in successive layers until the system can 
recognize objects. For example, in image classification a 
CNN may learn to detect edges from raw pixels in the first 
layer and then use the edges to detect simple shapes in the 
second layer. Then use these shapes to determine higher
level features, such as body shapes in higher layers. The 
architecture of the Convolutional Neural Network (CNN) is 
shown in Fig 8.  

 

Fig 8 : Block diagram of the proposed CNN.
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IV. R

For each iteration, batch of dataset was passed through 
the neural network. The training process updated the 
weights of feature maps and hidden layers based on hyper
parameters such as learning rate, momentum, regularization 
and decay. In this system batch
as 0.0005, momentum as 0.99. The accuracy graduall
increased according to the iteration giving 94.45% final 
training accuracy and test accuracy of 77.67 %.

The comparisons of validation cost, validation accuracy, 
training cost and training accuracy while training are shown 
in Figure. 

 

Fig 9: Graph between Training and Validation Accuracy

 

 

Fig 10: Graph between Training and Validation loss

During testing, the random image of the animal that 
belongs to one of the class of dataset was used to test with 
animal recognition system. We have found that s
misalignment in the image, caused by the many challenges 
of these images (occlusions, lighting, blur, etc) can have a 
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RESULT  

For each iteration, batch of dataset was passed through 
training process updated the 

weights of feature maps and hidden layers based on hyper-
parameters such as learning rate, momentum, regularization 
and decay. In this system batch-wise learning rate was used 
as 0.0005, momentum as 0.99. The accuracy gradually 
increased according to the iteration giving 94.45% final 
training accuracy and test accuracy of 77.67 %. 

The comparisons of validation cost, validation accuracy, 
training cost and training accuracy while training are shown 

 

between Training and Validation Accuracy 

 
Fig 10: Graph between Training and Validation loss 

During testing, the random image of the animal that 
belongs to one of the class of dataset was used to test with 
animal recognition system. We have found that small 
misalignment in the image, caused by the many challenges 
of these images (occlusions, lighting, blur, etc) can have a 



                                                              

noticeable impact on the result. The confusion matrix for ten 
animal’s classes is shown below: 

 

TABLE I. CONFUSION MATRIX FOR ANIMALS RECOGNITION

 

V.  CONCLUSION 

In this system, architecture based on seven layer 
convolution neural network is implemented 
animals recognition such as cat, chicken, cow, dog, elephant, 
horse, monkey, sheep, spider and squirrel. Our model has 
training loss 0.1788, training accuracy 0.9445, and 
validation loss 0.8973 and validation accuracy 0.7767 after 
trained for 150 iterations. Model performance seems weaker 
across negative images (out of classes) on 

In the future work, this system plan to perform 
experiments and also test on more complex architecture 
such as AlexNet[10] or VGGNet [11] for animals 
recognition. The model can be extended to color images. 
Future works can also include experiments with this method 
on other animal classes. 
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Abstract— This paper presents Solar Photovoltaic 
(PV) power modeling using polynomial regression and 
artificial neural deep learning techniques.  This method 
has been developed and validated using a 35.58 kWp 
Solar PV system installed inside the K3 substation of 
Singhdarbar, Kathmandu Nepal. In this study, first, the 
PV power data is modeled by using two different neural 
networks namely multilayer neural network (MNN) and 
long short – term memory networks (LSTM) are 
examined.  For PV power data modeling using deep 
learning techniques, all recorded data is used and parted 
into two as 90% for training and 10% for prediction in 
the various structure of both deep learning techniques in 
order to find the best deep learning structure in terms of 
low loss error. With these best models, prediction results 
show the long short term memory network has a better 
performance compared to the multilayer neural 
network. 

Keywords—solar photovoltaic power, polynomial 
regression, deep learning technique, multilayer neural 
network, long short-term neural network  

I. INTRODUCTION 

Energy is an essential source for human lives and a key 
factor for the development of a country. Due to the changing 
of the world like industrialization, modernization, population 
growth and living standard of people, demand for energy, 
especially electrical energy demand has increased over the 
years. In recent times, renewable energy installation has 
become a significant solution to this problem since it has 
minimal environmental issues. Solar photovoltaic (PV) 
energy has experienced enormous growth in electricity 
generation. In the last few years, the installation of PV 
systems increased rapidly in on-grid and off-grid systems. 
Solar PV power is the outcome of the solar irradiance which 
is absorbed by the PV panels. There are several parameters, 
including weather parameters that affect solar irradiance. The 
past values of solar irradiance and weather data are very 

important to model an accurate solar forecasting model and 
build a profitable power plant. 

Energy is an important development indicator, which 
provides vital inputs for survival and economic development. 
Energy supply and consumption are still in a traditional state 
in Nepal. At present, the renewable energy generation 
capacity of the country is still significantly very low due to 
technological and economic barriers. But the average 
efficiency of renewable energy technologies is good in 
performance and also environmentally safe. As data recorded 
in 2016 only seventy-six percent of people have access to 
Electricity in Nepal [1]. Out of which fifteen percent of the 
rural population gets electricity from the off-grid renewable 
energy source as of National census 2011. Providing access 
to electricity to a large chunk of rural populace in Nepal has 
traditionally been a daunting exercise, because of its huge 
capital investment, geographic difficulties, lack of proper 
infrastructure in development of hydropower work, and 
where decentralization generation is only way to electrify, 
where extension of national grid makes no sense because of 
need of long transmission lines for less power consumption 
in a rural village, Photovoltaic (PV) Solar System based off-
grid renewable energy is likely to be the key for reaching 
rural population which still lacks access to electricity. 

Artificial intelligence-based forecasting techniques have 
been used successfully in many areas such as finance and 
banking-insurance [1] for analysis of exchange rate 
evaluation, stock price forecasting and predictions, industrial 
and agricultural production, and medical sectors [2][3]. 
Numerous forecasting modeling technique is also applied in 
PV power output: artificial neural network (ANN) based 
model [4], time series model [5], and time trend 
extrapolation model [6]. Among these models, Deep 
Learning techniques based models have more accurate 
prediction results compared to other methods. 

In this paper, various structures of the multilayer neural 
and long short-term memory networks [7] have been tested 
to model PV power output using a 35.58 kWp Solar PV 
system installed inside the K3 substation of Singhdarbar, 



                                                              

 

Kathmandu Nepal. The purpose of this work is to examine 
the various PV modeling methods for the grid energy 
management system which can be deployed in Nepal.

This paper is organized as follows; 
setup for the study is described in section II. Research 
methodology and experimental results are explained in 
section III. Finally, the conclusion is stated in section IV.

II. EXPERIMENTAL 

The PV plant contains a 35.58 kWp Solar PV system 
installed inside the K3 substation of Sin
Kathmandu Nepal. The power-related parameters of the PV 
module used in this study are given in Table 1. This system 
is installed with a climate data collection device and a remote 
power data acquisition device. The climate data collection 
device has an anemometer for the wind speed measurement, 
and temperature sensors for each PV module to measure the 
ambient temperature. And pyranometers are used to measure 
solar irradiance. Google map images and
shown in Figures 1 and 2 respectively. 

 

Google Map Image of K3 substation, Ktahmanu Nepal

Data logger at Singhdarbar, K3 substation, Kathmandu Nepal

TABLE I. TECHNICAL SPECIFICATION OF 

1 Rated power 280.0 W(0/+5w) 

2 Rated voltages 31.4V 

3 Rated current 8.91 A 

4 Open circuit Voltage 39.3 V 
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ON OF PV MODULE 

5 Short Circuit Current 9.38 A

III. METHODOLOGY AND 

RESULT

The methodology followed to develop optimal machine 
learning models for PV power predictions a training phase 
(to effectively apply a learning technique to a performance
function) and a testing phase (to assess the prediction 
accuracy performance). More specifically, in order to capture 
the systematic behavior of a PV system and to design 
optimal machine learning models a sequence of training and 
validation stages must be performed by varying the input 
parameters (features), training duration and architectural 
parameters of the devised models. It is important to mention 
that this work focuses on comparing and improving the 
accuracy of derived machine learning models (as th
and testing were performed on historical data) shown in 
figure 3. 

Fig.3. Block diagram showing Methodology for forecasting PV data using 
machine learning algorithms

In this work, the recorded historic PV power data was 
modeled by using deep neural network mainly multiple 
neural networks (MNN) and Long short term memory 
(LSTM) algorithm analyzing with each different structure to 
get the best modelling prediction result having a minimum 
root mean square error (RMSE)

𝑅𝑀𝑆𝐸 =

Here, 𝑃 , 𝑃 , 𝑃 , … … … …

power and 𝑃 , 𝑃 , 𝑃 , … …
values where n is the no of observations.
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𝑛
… … … … (1) 

… … . 𝑃   are predicted solar 
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Figure 4 below shows an overview of the applied deep 
learning algorithms performed for each model. The solar PV 
power data is hourly based on four-month data. The whole 
data set is divided into 90% and 10% to train and test in the 
various model structure. 

Fig.4. Flow Chart of LSTM and MNN Deep Learning Algorithms

Detail procedure of implementing Machine Learning 
Algorithms for Forecasting recorded PV Data is clearly 
shown in figure 5. 

Fig.5. Implementation of machine learning algorithms for forecasting PV 
data in details 

The input for both MNN and LSTM model is PV power 
output from PV modules at the K3 substation of Singhdarbar, 
Kathmandu Nepal. In the training process, collected whole 
day PV power is used to find the optimal weighting vectors. 
Furthermore, the best optimal neuron structures are 
unknown, we are trying to find the best model based on their 
MSE in the training stage. The training data used in this 
study is shown in Figure 6. 
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Kathmandu Nepal. In the training process, collected whole 
day PV power is used to find the optimal weighting vectors. 
Furthermore, the best optimal neuron structures are 

the best model based on their 
MSE in the training stage. The training data used in this 

Fig.6. Recorded PV data for training and testing

To select the best optimal models in MNN and LSTM, 
Root mean squared error (RMSE) of bot
evaluated in both training and testing phase. At 400 and 50 
epochs for the training process of MNN and LSTM, the error 
is converged and the training is stopped. The RMSE obtained 
from different MNN and LSTM structures during the 
training and testing process are shown in Figures 
respectively. 

Fig.7. RMSE for different MNN structures

 

 

Fig.8. RMSE for different LSTM structures

From the training and testing RMSE evaluations of both 
MNN and LSTM model, it can be observed that the best 
MNN structure is with one input (In (1)) node, first hidden 
layer with five nodes (H1 (5)), second hidden layer with ten 
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To select the best optimal models in MNN and LSTM, 
Root mean squared error (RMSE) of both models have been 
evaluated in both training and testing phase. At 400 and 50 
epochs for the training process of MNN and LSTM, the error 
is converged and the training is stopped. The RMSE obtained 
from different MNN and LSTM structures during the 

and testing process are shown in Figures 7 and 8 

 

Fig.7. RMSE for different MNN structures 

 

Fig.8. RMSE for different LSTM structures 

From the training and testing RMSE evaluations of both 
MNN and LSTM model, it can be observed that the best 
MNN structure is with one input (In (1)) node, first hidden 
layer with five nodes (H1 (5)), second hidden layer with ten 
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nodes (H2 (10)), third hidden layer with five nodes (H3 (5)), 
and one output node (Out (1)).  

 The best structure of LSTM is with one input (In (1)) 
node, first hidden layer with fifty nodes (H1 (50)), second 
hidden layer with hundred nodes (H2 (100)), third hidden 
layer with fifty nodes (H3 (50)), and one output node (Out 
(1)).  Those best model structures have low error values 
shown in table 2 below. 

TABLE II. RMSE RESULTS FROM TRAINING TWO BEST MODELS 

 

The RMSE result of both the best structure of LSTM and 
MNN, we found that the LSTM model has a low error of 
3.02 in training and 1.21 in the prediction process, which is 
very low in comparison to MNN. 

IV. CONCLUSION 

In this paper, the various structures of MNN and LSTM 
have been used to model PV power output. First, we try to 
train and select the best deep learning network structures for 
both models in terms of having low error output results 
obtained from the training data. For PV power data 
modelling using deep learning techniques, all recorded data 
is used and parted into two as 90% for training and 10% for 
prediction in the various structures of both deep learning 

techniques in order to find the best deep learning structure in 
terms of low loss error. With these best models, prediction 
results show the long short term memory network has a 
better performance compared to the multilayer neural 
network. This implies that deep learning techniques are 
more effective tool for solar power output prediction. 

REFERENCES 

[1] “Fact Sheet of Nepal”, GiZ, 2016 

[2] R. Adhikari, R. K. Agrawal, “A combination of 
artificial neural network and random walk models for 
financial time series forecasting,” Neural Computing 
and Application., Vol. 24, pp. 1441–1449, May. 2014. 

[3] P. Das, S. Chaudhury, “Prediction of retail sales of 
footwear using feed-forward and recurrent neural 
networks,” Neural Computing and Application., Vol. 
16, pp. 491–502, May. 2007. 

[4] G. Biricik, O. O. Bozkurt, Z. C. Taysi, “Analysis of 
features used in short-term electricity prices forecasting 
for deregulated markets,” IEEE Trans. Signal 
Processing and Communications applications 
conference (SIU)., pp. 600–603, May. 2015. 

[5] A. Shah, S. C. Kaushik, S. N. Garg, “Assessment of 
diffuse solar energy under general sky condition using 
artificial neural network,” Applied Energy, vol. 86, No. 
4, pp. 554–564, 2009. 

[6] Y. Cui, Y. C. Sun, Z. L. Chang, “A review of short-
term solar photovoltaic power generation prediction 
methods,” Resources Science, vol. 35, No. 7, pp. 1474–
1481, 2013. 

[7] Y. Li, L. He, and J. Niu, “Forecasting power generation 
of grid-connected solar PV system based on Markov 
chain,” Acta Energiae Solaris Sinica, vol. 35, No. 4, pp. 
611–616, 2014. 

.  



                                                              NCE Journal of Science and Engineering, Volume I, Issue I, February 2020 

16 

 

A Hybrid Short-Term Load Forecasting Method 
Based on Empirical Mode Decomposition and Feed 

Forward Back Propagation Neural Network 
aNarayan Aryal, bShree Raj Shakya 

a,bDepartment of Mechanical Engineering, Pulchowk Campus, IOE, Tribhuvan University, Nepal. 

Corresponding Email: anarayanaryal124@gmail.com; bshreerajshakya@ioe.edu.np 

 

Abstract— Short term load forecasting is a very 
important task of a utility company. Short term load 
forecasting can help to estimate load flow and to make 
decisions that can prevent overloading, improve 
reliability and reduce the occurrences of equipment 
failures and blackouts. In this paper, we use hybrid 
short-term load forecasting method based on Empirical 
Mode Decomposition (EMD) technique and artificial 
neural networks to forecast the load of 24 hours by using 
the load data of previous three years. By applying the 
EMD method, the non-linear and non stationary original 
load series is decomposed into a finite number of 
stationary intrinsic mode functions (IMFs) and residue. 
The correlation factor analysis is carried out between the 
original signal, IMFs and residue. The load is forecasted 
with the residue only. The forecasted data was then 
compared with the actual data and error was calculated. 
The neural network implemented was feed forward back 
propagation (FFBP). The outcome of basic FFBP neural 
network and hybrid model were compared and it was 
found that hybrid model gives the best approximation to 
the given data pattern. 

 

Keywords—Empirical Mode Decomposition (EMD), 

Intrinsic Mode Function (IMF), Short-Term Load 
Forecasting (STLF), Feed Forward Back Propagation 
Neural Network (FFB-NN). 

I. INTRODUCTION 

Electric Load Forecasting is an important aspect of 
power system planning and operation for utility companies. 
Electric load is dependent on many factors such as weather, 
human work patterns (workdays and weekends), etc. There 
are different types of load forecasting. Short term load 
forecasting is done for hours to week. Medium and Long 
term load forecasting is done for week to year or even for 

longer period. Short term load forecasting helps the electric 
utilities to make the decision on buying or selling electricity 
and load switching during the operation. The STLF methods 
can be broadly classified into two categories: modern 
intelligent methods and traditional techniques. 

The traditional methods are time series analysis methods 
based on mathematical statistics, such as regression analysis 
approach, exponential smoothing, and autoregressive 
integrated moving average and so on. These methods have 
the advantage of simple algorithm; they are not suitable for 
forecasting the non linear and non stationary electric load 
series. Modern intelligent approaches such as expert system, 
fuzzy logic based approach and artificial neural networks 
are now widely used as they increase the performance of 
load forecasting. Artificial neural network with its ability to 
derive meaning from complicated and imprecise data and its 
outstanding performance in data classification and function 
approximation are now widely used in the field of load 
forecasting. There is no single best prediction method that 
can be applied to any specific situation. As a result, many 
combinations of short-term forecasting methods that uses 
more than two models are proposed to enhance the 
performance of existing models.  [1] had developed a hybrid 
model based on wavelet transform and neuro evolutionary 
algorithm (WTNNEA) for short term load forecasting and 
used to forecast the load of North American Electric Utility. 
Similarly, [2] had developed a wavelet transform and grey 
model improved by practical swarm optimization 
(WGMIPSO) and used the model to forecast the load of 
New York City. Empirical Mode Decomposition and Back 
Propagation Neural Network model has been developed by 
[3] and Eastern Slovakian Electricity Corporation load had 
been forecasted by using this model. 

In this paper, a hybrid model based on empirical mode 
decomposition and feed forward back propagation neural 
network algorithm is used for short term load forecasting. 
The input load data are decomposed using EMD techniques 
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into the number of intrinsic mode function and the final 
residue. The noise on the input signal is removed by 
analyzing the correlation factor between the input data, 
IMFs and residue. The final forecasted output is obtained by 
using the residue as the input load data. 

II. ANALYZING TECHNIQUES 

A)   EMD 

The EMD is a time domain signal processing method for 
analyzing non-linear and non-stationary signal in which the 
signal is decomposed into several simpler forms, called 
Intrinsic Mode Functions (IMFs). [4] Proposed this process. 
A number of IMFs can be decomposed from the non linear 
signal by the process known as sifting. The IMFs have two 
properties: 

 (a) The extreme between zero crossings must differ at most 
by one or equal  

 (b) Its mean value obtained by averaging upper and lower 
envelop is zero. 

The system load is a random non-stationary process 
composed of thousands of individual components. The 
system load behavior is influenced by a number of factors, 
which can be classified as: economic factors, time, day, 
season, weather and random effects. Thus, EMD algorithm 
can be very effective for load demand forecasting. The 
process of shifting is described as below. 

 

(1) With a given time series signal x (t), create its upper u (t) 
and lower l (t) envelopes by a cubic-spline interpolation of 
local maxima and minima. 

(2) Find the mean of the envelopes as m (t) = [u (t) + l (t)]/2. 

(3) Take the difference between the data and the mean as the 
proto-IMF, h (t) =x (t) − m (t). 

(4) Check the proto-IMF against the definition of IMF and 
the stoppage criterion to determine if it is an IMF. 

(5) If the proto-IMF does not satisfy the definition, repeat 
step 1 to 5 on h (t) as many time as needed till it satisfies the 
definition. 

(6) If the proto-IMF does satisfy the definition, assign the 
proto-IMF as an IMF component, c (t). 

(7) Repeat the operation step 1 to 7 on the residue, r (t) = x 
(t) −c (t), as the data. 

(8) The operation ends when the residue contains no more 
than one extreme. 

Finally, the original TS signal is decomposed as: 

 

Where the number of functions n in the set depends on 
the original TS signal. 

B)   FFBP-NN 

The FFBP-NN is one of the most widely used artificial 
neural networks and it has infinite potential in the load 
forecasting area due to its strong nonlinear processing 
ability and approaching capability. A typical BPNN is a 
multilevel hierarchical feedback structure, which is used to 
adjust the network weights through the back propagation 
algorithm, including input layer, hidden layer, and output 
layer. Figure 1 shows the schematic diagram of back 
propagation model. The working procedure of feed forward 
back propagation model is described as below. 

 Inputs X, flow through the pre-connected path. 

 Input is modeled using real weights W. The 
weights are usually randomly selected. 

 Calculate the output for every neuron from the 
input layer, to the hidden layers, to the output layer. 

 Calculate the error in the outputs. 

 Error= Actual Output – Desired Output. 

 Travel back from the output layer to the hidden 
layer to adjust the weights such that the error is 
decreased, repeating the process until the desired 
output is achieved. 

 

Fig. 1. Flow diagram of feed forward back propagation neural network. 

III. A HYBRID STLF MODEL 

To reduce the instability of the original load series, EMD 
is used to decompose the original load series into a finite 
numbers of IMFs and one residual. Then these components 
are forecast by FFBP neural network respectively, such that 
the tendencies of these components can be predicted. 
Finally, aggregation of the prediction results of all 
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components through NN produces the final forecasting 
result for the original electric load series, this model can be 
denoted by EMD–FFBP. Figure 2 shows the algorithm of 
hybrid ANN model for short term load forecasting. 
However, all IMFs are not effective for load forecasting. 
Therefore, in order to select effective IMFs, Correlation 
Factor Analysis CFA is proposed in [5]. The quantity 
measures the correlation coefficient between each IMF and 
the original signal. If the correlation coefficient is too small, 
then the IMF may be primarily considered to be a redundant 
or noisy component. The CFA can be formulated as in 
equation 2. 

 

 

 

Fig. 2. Flow chart of EMD based Load forecasting  

IV. EXPERIMENTAL SETUP 

A)  Statistical Measures of Forecasting Performance 

In this study, the following two criteria were used to 
evaluate the STLF methods. They are the mean absolute 
percentage error (MAPE) and mean absolute deviation 
(MAD) which are calculated as: 

 
  

     

 

Where A represent the actual load and F represent the 
forecasted load. Clearly, the above two criteria represent 
two types of deviation between the actual and forecasted 
load. Smaller the value better is the forecasting accuracy. 

B)  Study 1: Examination of Basic FFBP Model 

The load data are gathered from the load dispatch centre 
of Nepal Electricity Authority. The load data include the 
reading of 1 hour per sampling point. The data used in this 
study are the data of 2074, 2075 and 2076 B.S for the month 
of Baishak and the day Sunday only. 

The data of Baishak’s for the year 2074, 2075 and 2076 
B.S are used for training and model fittings and the model is 
used to forecast the load of Baishak 22, 2076 B.S. 

The result of STLF for Baishak 22, 2076 is shown in the 
Table I. The mean absolute deviation and mean absolute 
percentage error between the actual and forecasted load are 
respectively 13.6 MW and 9.02%. 

 

TABLE I. ACTUAL AND FORECASTED LOAD BY BASIC ANN MODEL 

 

Time( 
Hours) 

actual load in MW 
forecasted load by 
basic ANN in MW 

1:00 128.34 134.58 

2:00 123.84 136 

3:00 122.04 171.47 

4:00 123.54 178.1 

5:00 138.64 195.49 

6:00 181.44 218.48 

7:00 223.34 233.24 

8:00 243.84 239.09 

9:00 242.44 240.99 

10:00 247.24 241.57 

11:00 251.14 241.75 

12:00 247.84 241.84 

13:00 240.94 241.96 

14:00 243.24 242.31 

15:00 243.54 243.34 

16:00 250.34 246.28 

17:00 266.14 253.07 

18:00 253.94 252 

19:00 311.14 295 

20:00 287.29 288.63 

21:00 255.74 252.26 
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22:00 162.64 172.83 

23:00 137.54 132 

0:00 101.54 116.58 

 

C)  Study 2: Examination of Hybrid Model 

With the same data as in study 1 the load is forecasted 
for Baishak 22, 2076. In this study the input data points are 
decomposed into the number of IMFs and residue using 
EMD technique. The decomposed signals are shown in 
figure 3. The correlation factor analysis is carried out 
between the IMFs, residue and the original data. Table II 
shows the correlation between the input load data, IMFs and 
residue. 

 

TABLE II. CORRELATION BETWEEN ACTUAL LOAD, IMFS AND RESIDUE 

 

IMFs/Residue Input 

IMF1 0.03 

IMF2 0.05 

IMF3 0.15 

IMF4 0.13 

IMF5 0.01 

IMF6 -0.16 

IMF7 -0.01 

IMF8 -0.2 

IMF9 -0.35 

Residue 0.93 

 

Fig. 3. Input load, its IMF’s component and residue. 

 

The total load forecast is obtained by summing up the 
individual load forecast of IMFs and residue. In this case the 

MAPE between the actual and forecasted load is found to be 
6.2%. 

As stated earlier only the strong correlation is found 
between the residue and the original load data, so using the 
advantage of EMD technique the load is forecasted by 
taking residue as the input load data signal. In this case the 
MAD is found to be 3.27MWand the MAPE is found to be 
1.79%. 

Table III shows the actual and forecasted load by hybrid 
model  

TABLE III. ACTUAL AND FORECASTED LOAD BY HYBRID ANN MODEL  

 

Time(  
Hours) 

  
actual load in 

MW 

Forecasted load by hybrid 
model after CFA analysis 

in MW 

1:00   128.34 125.83 

2:00   123.84 121.11 

3:00   122.04 121.2 

4:00   123.54 122.31 

5:00   138.64 131.49 

6:00   181.44 182.59 

7:00   223.34 222.64 

8:00   243.84 251.73 

9:00   242.44 241.91 

10:00   247.24 252.03 

11:00   251.14 252.08 

12:00   247.84 251.16 

13:00   240.94 242.29 

14:00   243.24 252.38 

15:00   243.54 252.42 

16:00   250.34 251.51 

17:00   266.14 265.61 

18:00   253.94 252.66 

19:00   311.14 309.69 

20:00   287.29 282.75 

21:00   255.74 252.86 

22:00   162.64 161.91 

23:00   137.54 142.91 

0:00   101.54 108.86 

 

V.  CONCLUSION 

We presented in this paper a new approach to short-term 
load forecasting problem. In particular, the proposed method 
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allows performing a short term load forecasting with hourly 
time scale and provide a satisfactory solution. 

The proposed approach exploits the Empirical Mode 
Decomposition and artificial neural network for short term 
estimation of load.EMD allows denoising the original signal 
which increases the accuracy in forecasting. 

The proposed approach has been tested by calculating 
the MAD and MAPE between the original and forecasted 
load. The purposed hybrid model decreases the MAD by 
10.33 MW and MAPE by 7.23% compared to the general 
neural network model. The result obtained by EMD and 
FFBP-NN gives the best approximation in short term load 
forecasting. 
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Abstract— A handwritten signature commonly 
practiced route for confirming the authenticity of legal 
documents. The verification of the signature is critical as 
it varies every time and may change with age, behavior, 
and environment. This paper presents a Deep learning 
model based on the CNN architecture to verify the 
signature. For experimental purpose, the feature 
extraction portion of the GoogleNet model has been used 
to transfer value calculation and the classification layer 
was retrained using back propagation with the concept 
of transfer learning. The classification layer of the Deep 
learning model was retrained with 25 classes of 
signature image dataset with each class consisting of 85 
signatures. After training, the model was evaluated with 
a testing dataset of 15 signatures from each class. The 
mean testing precision of the neural network 
architecture with signature dataset was found to be 95.2 
%. 

Keywords—Signature Verification, Deep Learning, 
GoogleNet, Transfer Learning, Back propagation  

I.  INTRODUCTION  

A signature is a person's name written in a distinctive 
way as a form of identification in authorizing a cheque or 
document or concluding a letter [1]. The handwritten 
signature of a person is commonly accepted as a means of 
verifying the legality of documents such as certificates, 
checks, drafts, letters, approvals, visa, passport etc. and is 
indispensable in countering the forgery and falsification of 
such documents in diverse financial, legal, bureaucratic, 
academic, and other commercial settings. In the banking 
system, whenever cashier receives a cheque from the client, 
the cheque is verified using signature. The cashier compares 
the signature written on the cheque with some stored record 
of genuine signatures before proceeding with any legal 
transaction. 

In the context of Nepal, this convention of using the 
signature as the route for confirming the authenticity of 

documents has been followed from medieval time to present 
and will continue in future. Such authentication with 
signature is at times very critical and crucial in the legal 
scenario. A signature in any contracts has a vital role to 
indicate the identity of the person of interest and also to 
provide evidence of intent and informed consent. Any 
falsification and fraudulent of a signature may result in 
severe damages in persons lives and assets. In such cases, a 
systematic approach to verifying the signature is very 
necessary to prevent such forgery. Traditionally, 
authentication of specimen signature is achieved by person: 
comparing and evaluating the specimen with copies of 
genuine signature specimens acquired previously and with 
the help of some sort of witness. In the case of Nepal in 
banking sector, signature verification is a critical subject in 
banking transaction and approvals processes. But this simple 
approach may not be sufficient in all cases as various 
advanced forgery and falsification techniques are emerging. 
This paper tries to assist and improve the verification process 
of a human’s handwritten signature using machine learning. 

II. RELATED WORKS 

The field of Signature Verification has been broadly 
researched in the last decades and still remains an open 
research problem. In [2], the authors use the multiply blend 
mode, which multiplies the check images by the signatures to 
obtain the synthetic signature database for gray level 
distortion in signatures. Otsu’s threshold algorithm [3] was 
used for binarization and Hough transform [4] was used to 
detect the beginning and end of each line. Local binary 
pattern operator [5] is used to find local patterns of the 
signature image. And finally, nearest neighbor classifier [6] 
and SVM classifier [7] was used for final classification. For 
training the model, 10 images per class was used and 
remaining are used for testing purpose. 

In [8], image pre-processing was performed by using 
different image processing techniques like color inversion, 
image filtering, and finalization. The next step is feature 
extraction in which different five geometrical features: Area, 



                                                              

 

Centroid co-ordinates, Eccentricity, Kurtosis and Skewn
are used to distinguish signatures. Training was done using 
Trainlm [9] and for model performance eva
signatures from 3 users were tested. The network found to be 
capable of classifying signatures with the classification ratio 
of about 93%. 

In [10] paper presents a recognition system for offline 
signature using Discrete Cosine Transform 
Markov Model [12]. In the image pre-processing step, the 
smoothed image was converted into a binary image by using 
morphological operation. Discrete Cosine Transform was 
used for the feature extraction from signature images and for 
verification Hidden Markov Model [12]
pattern matching technique that has the ability to absorb both 
the variability and similarities between signature images was 
used. A set of five signature image from each class was used 
for training the HMM model. Parameters for training are 
chosen based on the maximum likelihood criteria 

III. METHODOLOGY

A) Data collection and Pre-processing

 In order to train and to validate the classification 
model, signature image data was used. In the data collection 
step, Images of signature specimens of 25 different persons 
was collected, with 100 signatures per class. Among the 100 
signatures, 85 signatures are taken as training set and 15 are 
used as the test set. The data in hard copy was converted into 
an image file using a mobile camera and scanned into the 
computer. Few samples of the collected signatures are 
presented in fig 1. 

Fig. 1: Samples of the collected signatures

In image pre-processing, the different techniques like 
cropping the image, scaling to appropriate dimension 
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processing, the different techniques like 
cropping the image, scaling to appropriate dimension 

(224pixels×224pixels), giving a proper name and putting 
them in the separate directory was performed. The average 
size of an image after preprocessing is about 40 KiloBytes.

B) Implementation of Convolutional Neural Network 
and Training 

Convolutional neural network 
based on the GoogleNet [14]
Disbelief platform. Originally, the model is 22 layer deep 
Convolutional neural network developed by Google. The 
architecture details are given in Table 1. According to 
Training a CNN  network from scratch is a computationally 
intensive task and depending on computer setup it takes even 
weeks which is not possible with limited resources. To 
overcome this problem transfer learning 
and retraining was performed on the GoogleNet 
which is trained on ImageNet 
model has two parts; a classification layer and a feature 
extraction layer. The parameters on the cl
are removed and trained with the transfer values from the 
feature extraction layer of the model.

TABLE I: THE GOOGLE

IV. EXPERIMENTAL 

The pre-trained CNN model, GoogleNet 
experiment and the platform used here is tensorflow 
and the hardware used is DELL: Intel i5, 1.7 GHZ  
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rm. Originally, the model is 22 layer deep 
Convolutional neural network developed by Google. The 
architecture details are given in Table 1. According to [14] 
Training a CNN  network from scratch is a computationally 
intensive task and depending on computer setup it takes even 
weeks which is not possible with limited resources. To 
overcome this problem transfer learning [15] was adopted 
and retraining was performed on the GoogleNet [14] model, 
which is trained on ImageNet [16] dataset. The GoogleNet 
model has two parts; a classification layer and a feature 
extraction layer. The parameters on the classification layer 
are removed and trained with the transfer values from the 
feature extraction layer of the model. 

OOGLENET ARCHITECTURE 

 

XPERIMENTAL SETUP 

trained CNN model, GoogleNet [14] is used for 
experiment and the platform used here is tensorflow [17] 
and the hardware used is DELL: Intel i5, 1.7 GHZ  



                                                              

 

processor with 7.7GiB Memory. To test 
signature image dataset, 25 classes of signature images with 
each class consisting 100 images were used. The signatures 
images were divided into training, validation and testing 
sets. Amongst 100 images 85 images were used for training 
and validation of the model, and remaining 15 images were 
used for testing purpose. While training the model, transfer 
learning [15] is adopted in pre-trained GoogleNet model. By 
using the transfer learning [15], classification layer of the 
GoogleNet is retrained by signature image dataset.

The classification layer of GoogleNet was re
using backpropagation algorithm [18] and weights of the 
classification layer are adjusted by using cross
function. The parameters used for training the model are 
training steps (5000), learning rate (0.01) and training 
interval (1). 

V.  RESULTS

A) Training 

The training, validation, and cross entropy graph on the 
signature image data is given in fig 2 and
represents the training and validation accuracy on signature 
dataset. the model was trained using back propagation 
algorithm, during the training phase, initially the training and 
validation accuracy were at around 96 % and 90% 
respectively. As the training iteration increases, the training 
and validation accuracy got improved. the randomness in 
training and validation accuracy is due to dissimilarities of 
data in original model and our data.  

Fig.2: Training and Validation Accuracy graph.

Figure 3 shows the cross entropy error of the model during 
training and validation. Initially cross entropy was high and 
as the training and validation accuracy improved, the error 
begins decreasing. 
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Fig.3: Cross-entropy error graph.

B) Testing and Evaluation 

The performance evaluation of the model after testing it on 
signature image data is given in Fig 4. It illustrates the actual 
result of the experiment. The result is presented in confusion 
matrix. output parameters are presented in the table 1. 
Among the total of 275 images from 25 classes the total 
positive obtained was 257 and False Positive was 18. Other 
details are given in the confusion matrix.

TABLE II: CONFUSION MATRIX REPR

EXPERIMENT

VI. C

In this paper, the classification layer of pre
GoogleNet model was re-trained successfully with the 
collected signature data set by using transfer learning 
mechanism based on CNN architecture. The experimental 
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modal described in this paper gives the precision of 95.2 % 
on primary signature image data. 
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Abstract—Vehicle Counting System is software which 
is used to determine the number of vehicles passing 
through a segment of a road. The main reason behind 
counting the vehicle is to collect the numerical data for 
the respective authorities who can then find appropriate 
methods for managing the traffic problem. The system 
can be placed in different routes, passes, segment of 
roads, stations, parking lots etc for counting the number 
of vehicles going and coming through it. Various 
decisions can also be made from the collected data. This 
system will serve as a statistics provider for the 
stakeholders, traffic police, government, security 
personals etc. Counting is done by image processing, 
object detection techniques and different algorithms 
such as Gaussian mixture model, background 
subtraction, clustering is used. This system is to design 
and develop a low-cost system to count the number of 
vehicles and hence to give the statistics for maintenance 
of the roads and vehicle congestions. First the image 
beyond ROI is removed after this, Gaussian blur is done 
then background subtraction is applied, this process 
creates background frame. The difference between 
current frame and background frame gives the 
foreground image. Then cluster is detected and 
considered as vehicle. When it crosses the detection line, 
vehicle count is increased.  

Keywords—Gaussian Mixture model, image processing, 
clustering, ROI, Gaussian Blur  

I. INTRODUCTION  

Due to the result of the increase in vehicle traffic, many 
problems related to traffic management have appeared. For 
example, traffic accidents, traffic congestion, traffic induced 
air pollution and so on. Traffic congestion has been a 
significantly challenging problem. It has widely been 
realized that increases of preliminary transportation 
infrastructure, more pavements, and widened road, have not 
been able to relieve city congestion. As a result, many 
investigators have paid their attentions on Intelligent 
Transportation System (ITS), such as predict the traffic flow 
on the basis of monitoring the activities at traffic 

intersections for detecting congestions. To processes the 
information and monitor the results as better understand 
traffic flow, an increasing reliance on traffic surveillance is 
in a need for better vehicle detection at a wide-area. 
Automatic detecting and counting the vehicles in video 
surveillance can be a very good option to consider for 
managing such congestion problem.  

Vehicle detection and counting is important in computing 
traffic congestion on highways. The main goal vehicle 
detection and counting is to develop methodology for 
automatic vehicle detection and its counting. Intelligent 
visual surveillance for road vehicles is a key component for 
developing autonomous intelligent transportation systems. In 
this system, we describe a computer vision system used for 
counting vehicles moving on roads. The system involves 
analyzing a sequence of road videos which represent the flow 
of traffic for the given time period and place. 

With the advances in technology, monitoring traffic 
through image processing techniques yield a wide range of 
traffic parameters such as flow of traffic, vehicle plate 
number, number of vehicles, classification of vehicles, 
density of vehicles etc. Since the vehicle can be tracked over 
a selected segment of a roadway, rather than at a single point, 
it is possible to measure the “true” density of vehicles for 
each lane. Image processing techniques can also be applied 
to traffic video surveillance to detect the vehicles in motion, 
number plate identification, etc. Traffic monitoring through 
image processing techniques can lead to better control of the 
flow of traffic as well as to identification of reckless users 
and speed violators. In the past, many research studies have 
been conducted on automated vehicle detection using image 
processing techniques. The focus of this system is to test the 
performance in identifying the moving vehicles from a traffic 
scene and to count and classify vehicles within a given time 
period. 

II. RELATED WORKS 

Various works has been done in the field of automatic 
vehicle counting. The tools developed in this area are 
industrial systems developed by companies like Citilog in 
France,[2] or FLIR Systems Inc.,[3] or specific algorithms 
developed by academic researchers. According to S. 



                                                              

 

Birchfield, W. Sarasua, and N. Kanhere [4], many 
commercially available vision-based systems rely on simple 
processing algorithms, such as virtual detectors, in a way 
similar to ILD systems, with limited vehicle classification 
capabilities, in contrast to more sophisticated academic 
developments. C. C. C. Pang, W. W. L. Lam, and N. H. C. 
Yung [5], M. Haag and H. H. Nagel [6] this study presents 
the description of a vision-based system to automatically 
obtain traffic flow data. This system operates in real time and 
can work during challenging scenarios in terms of weather 
conditions, with very low-cost cameras, poor illumination, 
and in the presence of many shadows. Unzueta et al. [7] 
published a study on the same subject. The novelty of 
approach relies on a multi-cue background subtraction 
procedure in which the segmentation thresholds adapt 
robustly to illumination changes.  

Even if the results are very promising, the datasets used 
in the evaluation phase are very limited. 

III. RELATED THEORIES 

A. Region of Interest  

Region of Interest (ROI) is a particular portion of an 
image on which an operation is to be performed. ROI gives 
the flexibility to just work with in a particular region instead 
of manipulating the whole image. Once the video i
the user has to select the four coordinates of interest on to 
activate the input mode. 

B. Gaussian Blur 

Gaussian Blur is utilized to reduce the noise in the video 
frame. Gaussian blur algorithm is used which will scan over 
each pixel of the image, and recalculate the pixel value based 
on the pixel values that surround it. The area that is scanned 
around each pixel is called the kernel. A larger kernel scans a 
larger number of pixels that surround the center pixel. 
Gaussian blurring doesn’t weigh each pixel equally, however. 
The closer a pixel is to the center, the greater it affects the 
weighted average used to calculate the new center pixel 
value. 

Fig. 1 Gaussian Blur 
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C. Background Subtraction 

When the current background frame is subtracted by the 
background model then foreground mask is obtained. If the 
value in eq. 1 is ‘1’ then the current pixel is considered as 
background else the current frame is considered as 
foreground. Where x is the pixel value of current pixel, μ is 
the mean of the pixels and σ is standard deviation. In the 
initial case, the first frame is considered as background frame 
and then the frame is gradually improved with the help of 
next coming pixels. 

 

Fig.2 Background Subtraction

D. Gaussian Mixture Model 

Gaussian Mixture Model (GMM) is an improvement of 
the Gaussian Model which models each pixel with mixture 
of Gaussian. The number of Gaussians must be adjusted 
according to the complexity of the scene The Gaussian cruve 
is updated for each iteration using the formula given below
They improve the method by controlling the training rate 
according to the activity in the scene. However, its response 
is very sensitive to sudden variation of the background like 
global illumination changes. A low training rate will produce 
numerous false detections during an illumination change 
period, whereas a high training rate will include moving 
objects in the background model. This method provides very 
promising results in terms of counting capabilities. 
Nonetheless, the method needs the camera to
and the process is time-consuming. The formulas used are 
given below. 

If Mb ≤ 2.5 then current Gaussian is updated else new 
Gaussian is created, where x is the pixel value, μ is the mean 
of the pixels and σ is the standard deviat

The formula for updating the weight is given by is given 
by:  

d Engineering, Volume I, Issue I, February 2020 
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   (2) 
Where ∝ is the learning rate, assumed to be 0.01 

 

For Mean 

         (3) 

Where 

          (4) 

 

and 

        (5) 

For standard deviation: 

      (6) 

E. Cluster 

Here cluster is the group of white pixels obtained after 
background subtraction white pixels near to each other is 
considered as a vehicle when it has value above the specified 
threshold. Cluster is detected where there is more intensity of 
the white pixels. When the vehicle moves, the cluster also 
moves because the background is updated continuously. 
Now when the cluster crosses the detection line, then the 
vehicle count increases. 

IV. METHODOLOGY 

A. Video Source 

To develop the vehicle counting system incorporated 
with camera 

• Specify the source from which video is taken 

• Source can be live camera or from local storage 

B. Select Video Parameter 

• Video parameters include detection line, Region of 
Interest (ROI) and threshold. 

• All the parameter is given by the user while 
selecting video 

 

C. Frame Extraction 

• Video is the group of image displayed in very quick 
succession. 

• Take individual frame from video for further 
processing 

 

Fig. 3 System block diagram 
 

D. Gaussian Blur 

• Remove the random variation of pixel 

• Average pixel near to each other is taken 

E. Background Modeling  

• Background is modeled by mixture of Gaussian 

• It is iterative process 

• Each Gaussian has its own weight, mean and 
standard deviation 

• Effect of each Gaussian is measured by its weight. 

F. Background Subtraction 

• Finding the foreground pixel 
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• If the pixel do not match the background model, it 
is considered as foreground 

G. Cluster Detection  

• Finding the cluster of foreground pixel 

• Foreground pixel above threshold is considered as 
vehicle 

• Cluster is represented by rectangular bracket 

H. Vehicle Count 

• Increasing vehicle count 

• If the rectangular block comes near the detection 
line then the count is increased 

V. RESULT AND DISCUSSION 

At the end of the system, the system is able to detect and 
count the number of vehicles passing through the section of 
road successfully.  
The figure in the right is the detected foreground pixel. The 
figure in the left is detected vehicle, detection line and 
vehicle count. The object inside the green box is vehicle. 
The green line is the detection line. The number left to the 
detection line is the count of the detected vehicle. 
 

 
Fig. 4 Detection and counting of vehicle 

 
Fig. 5 Detection and counting of vehicle 

VI. CONCLUSION 

After processing through all the phases of system 
development lifecycle, the VCS system was carried out in a 
proper way. As a result, finally an idea took its form into a 
working system. We met all our objectives and purpose 

which is to detect the vehicles and count their numbers 
which can be installed on any roads or streets on any 
location. Speed measurement and night mode can be 
improved in the existing system. 

• Is affordable and extremely accurate 

• Robust in a range of lighting and weather  

• Can be implemented at any road or street or any 
section of roads. 

• Easily integrates into existing enterprise systems. 
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Abstract—Natural Language processing (NLP) is a 
subdivision of artificial intelligence. It allows computer 
to understand, process and generate human languages. 
Natural Language Processing is used for sentiment 
analysis, text classification and categorization, language 
generation, multi-document summarization and so on. 
In this paper, a classifier model was designed to classify 
questions as duplicate by detecting their semantic 
similarity. A classifier model with embedding layer and 
LSTM layer was designed and the distance between the 
vector representations of two sentences were calculated 
using Manhattan distance. Model was trained with the 
dataset provided by Kaggle for non-commercial 
purposes. The system has provided 85% final training 
accuracy. After training, the performance of the system 
was gauged with the testing dataset. The testing 
accuracy was found to be 81%. 

Keywords—NLP, Artificial Intelligence, Semantic 
Similarity, LSTM, Embedding, Manhattan Distance 

I. INTRODUCTION  

The concept of neural network was first introduced by 
Walter Pitts and Warren McColloch in 1943 [1]. Neural 
network research could be split into two approaches based on 
this model. First approach centered on applying neural 
networks to AI and the second centered on biological 
processes within the brain. Henry J. Kelley [2] and Arthur E. 
Bryson [3] were given credit for the development of 
backpropagation in the 1960’s. Backpropagation worked by 
fine-tuning the weights to improve the network until desired 
set of results were obtained [4].Activation function 
derivatives were to be known prior at the network design 
time in backpropagation. 

The credit for creation of Word2vec was given to team of 
researchers led by Tomas Mikolov at Google [5]. By taking 
large corpus texts as inputs, word2vec creates a vector space 

of several dimensions and assigns corresponding vector to 
each individual word. The word vectors sharing similar 
contexts with other words within the corpus are kept closer 
to one another in vector space [6]. Word2vec consists of two 
models: continuous bag-of-words (CBOW) and continuous 
gram, either of which can be utilized to produce distributed 
representation of words. In [7] it was found that CBOW is 
faster than skip-gram but gives better results for infrequent 
words. Word2vec model can be trained with hierarchical 
soft-max and/or negative sampling. 

In 1997 [8] Hochreiter and Schmidhuber introduced 
Long Short-Term Memory networks (LSTM), a special kind 
of artificial Recurrent neural network (RNN) which were 
later refined and popularized by many other people. LSTM 
model removed one of the key limitations of basic RNN 
which was vanishing gradient for long sequences. 

II. RELATED WORK 

In [9] Jaccard coefficient was used to measure the 
similarity between two questions. Here the dataset used was 
created with the help of a Chinese question-answer forum 
known as Baidu Zhidao. The system was trained on 3 million 
question-answer pairs and tested on 3000 pairs. The system 
received F-score of 60.29. 

Three approaches to DQD were used in [10] : first 
approach depends upon rule based heuristics, second uses a 
approach of machine learning classifier which is based on 
lexical and semantic features, and the third approaches 
through a deep convoluted neural network. Jaccard Index 
was used in the first approach. Here, if the Jaccard index 
exceeded a certain thresh-old then the two questions were 
considered to be similar. The best valued accuracy achieved 
on the training data was used to determine the threshold. 
SVM (Support Vector Machine) was used in the second 
approach while DCNN (Deep Convolutional Neural 
Network) was used in the third. In this system it was 
observed that the best DQD approach was dependent not 
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only upon the type of the approach used but also relied on 
the volume of the dataset used. . For small training datasets it 
was seen that the rule-based heuristics provided better results 
out of the three while for larger dataset deep convoluted 
neural network seemed to provide better results. In [11] deep 
neural network approach was used. . This achieved the best 
accuracy in the SemEval-2016 Task 1 “QuestionQuestion” 
subtask. The system obtained an accuracy of 0.73035 in 
terms of Pearson correlation. 

III. METHODOLOGY 

A) Data Preprocessing 

The dataset made available by Kaggle for non-
commercial purposes was used for training and testing the 
classifier model. This dataset is a collection of 404,351 
questions pairs with 255,045 negative samples (non-
duplicates) and 149,306 positive samples (duplicates). Each 
question pair is preprocessed to convert raw text into the list 
of word indices. 

B) Vector Representation 

Each word present in sentences are represented by vector 
coordinates which specifies their position in a vector space. 
Word2vec has made it possible to obtain word embeddings. 
These embedding are generated using neural network. The 
credit for the introduction of Word2Vec concept goes to 
Tomas Mikolov. Google Word2Vec pre-trained model was 
used here to obtain the vector representation for all the words 
in the vocabulary. Each word has a vector of 300 
dimensions. We make use of these vectors and word indices 
to make embed-ding matrix. Embedding matrix is N*300 
dimensions matrix of float value where N represents total 
number of unique words in the vocabulary. The indices value 
of words provides the row number where its vector is present 
in embedding matrix. 

C) Designing NL Classifier 

As show in figure 1 the model expects two inputs of 
equal lengths. Each input is padded with zeros to convert 
them into vectors of fixed length. Inputs consists of 
sequences of word indices where indices are used to identify 
each word in the sentence. The embedding layer generates 
embedding matrix for each input by looking up the indices 
and their corresponding embedding vector. At this layer we 
have two embedding matrices, one for each input. These 
embedding matrices are fed into LSTM layer which returns a 
vector of 50 dimensions for each input. 

Manhattan Distance: The vectors returned by LSTM 
layer is used to measure the semantic similarities. We used 
Manhattan Distance between these vectors and put them 
through similarity function. The Manhattan distance between 
two points is defined as:  

𝑑(𝐴, 𝐵) = |(𝐴𝑖 − 𝐵𝑖)|              (1) 

Similarity Function: This function returns the value 
between 0 and 1. The sentences are said to have semantic 
similarity if this function returns value closer to 1 and vice-
versa. 

𝑠(𝐴, 𝐵) = 𝑒 ( , )                      (2) 

 

D) Training NL Classifier 

After designing NN classifier, the system was trained 
with Quora dataset. We have used Adadelta Optimizer. The 
use of Adadelta Optimizer eliminates the overhead of tuning 
learning rate manually. We have also used gradient clipping 
to avoid vanishing or exploding gradient problem. The 
training accuracy and cross-entropy loss is shown in figure 2 
and 3 

The graph in Figure 2 and Figure 3 represents how model 
loss and accuracy changed over each epoch during training. 
The model achieved the validation accuracy of 81% at the 
end of 60th epoch and was stable beyond that. However, the 
training accuracy continued to rise. This would have resulted 
in overfitting so, we stopped training the model once 
validation accuracy was stable. By using mean squared error 
as the loss function and Adadelta optimizer as the optimizer, 
the validation loss of 0.13 and training loss of 0.10 was 
obtained. 

IV. RESULT AND DISCUSSION 

For evaluating the performance of NN classifier, number 
of testing on the classifier was performed with the set of test 
data. The performance evaluation chart for the model is 

 
Fig. 1. NL Classifier Model 
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shown in figure 4. Several model evaluation metrics like 
Accuracy, Balanced accuracy score, FRR, FAR, Specificity, 
Precision etc. were used for the evaluation of performance 
of NL classifier and their adjacent values were calculated as 
represented in TABLE I. The confusion matrix was 
prepared after number of tests on the classifier with the 
testing data. The confusion matrix is shown in TABLE II 

 

Fig. 2. Loss VS Epoch 

 

 
Fig. 3. Accuracy VS Epoch 

 

 
Fig. 4. Performance Evaluation Chart 

 

TABLE I EVALUATION METRICES AND THEIR SCORES 

S.N. Category Result 

1 Accuracy 0.82633 

2 FRR 0.3737 

3 FAR 0.2932 

4 Specificity 0.8968 

5 Sensitivity 0.7067 

6 F1 score 0.82631 

7 Precision 0.8014 

8 Recall 0.7067 

 

TABLE II    CONFUSION MATRIX 

P
re

d
ic

ti
on

 c
on

d
it

io
n 

 True Condition 

Condition 
Positive 

Condition 
Negative 

Predicted 
Condition 
Positive 

True Positive = 
31793 

False Positive = 
7874 

Predicted 
Condition 
Negative 

False Negative = 
13191 

True Negative = 
68429 

 

V.  CONCLUSION 

In this paper we represented an approach to better 
classify the questions. We used Google pretrained 
Word2Vec model with Keras embedding layer and LSTM to 
train the classifier. The system gives classification accuracy 
of 81%. 
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Abstract— Hiding information is an art and science of 
communication technology. Using Steganography 
information can be hidden within other information that 
it cannot be detected, but only by its intended recipient. 
Nowadays for hiding information there are different 
multimedia systems like audio. Embedding secret 
message in sound is a difficult process. There are 
varying techniques for embedding information in audio. 
In this paper we will attempt the general principles of 
hiding secret information using audio technique of least 
significant bit and an overview of its functions. 

Keywords—Audio Steganography, Security, Secret data 
transmission, Least Significant bit. 

I. INTRODUCTION  

Steganography is the technique of hiding information in 
some media for the safe communication. This technique 
relies on encoding messages in transport layers in such a 
manner that the existence of the message is unknown to an 
observer. The aim of Audio Steganography is to hide a 
message in some cover media and to obtain new data which 
is indistinguishable from the original message, by people in 
such a way that any eavesdropper cannot detect the presence 
of the original message in new data. Computers and 
Networks, has made information hiding in Covert channels 
and text possible. Now days audio files are available 
everywhere and moreover; today’s technology allows the 
copying and redistribution of audio files over the Internet at a 
very low or almost no cost. So it is necessary to have 
methods that confine access to these audio files and also for 
its security. Audio Steganography is one of the solutions.. 

In Audio Steganography, the weakness of the Human 
Auditory System (HAS) is used to hide information in the 
audio [1]. Many programs are available in the internet that 
uses Steganography to hide the secret information. The 
media's that use digitally embedding message are plain text, 
hypertext, audio/video, still image and network traffic. There 
exists a large variety of Steganography techniques with 
varying complexity and possessing, some with strong and 
weak aspects. Information hiding in text is the most popular 

method of Steganography. It is used to hide a secret message 
in every nth character or altering the amount of white space 
after lines or between words of a text message [2]. It is used 
in the initial decade of the internet era. But it is not used 
frequently because the text files have a small amount of 
redundant data. 

This technique lacks in payload capacity and robustness. 
To hide data in audio files, the secret message is embedded 
into the digitized audio signal. The audio data hiding method 
provides the most effective way to protect privacy. A key 
aspect of embedding text in audio files is that, no extra bytes 
are generated for embedding. Hence it is more comfortable 
to transmit the huge amount of data using audio signal. 
Embedding the secret messages in digital sound is usually a 
very difficult process [3]. 

Almost all digital file formats can be used for 
Steganography, but the image and audio files are more 
suitable because of their high degree of redundancy [6]. 

II. LSB TECHNIQUE OF AUDIO STEGANOGRAPHY 

The Least Significant Bit Coding (LSB): LSB is one of 
the earliest techniques in the information hiding of digital 
audio, as well as other media types. In this technique LSB of 
binary sequences of each sample of digitized audio file is 
replaced with the binary equivalent of secret message [9]. 
For example, if we want to hide the letter A, (binary 
equivalent 1000001) into a digitized audio file where each 
sample is represented with 16 bits, then LSB of 7 
consecutive samples (each of 16 bit size) is replaced with 
each bit of the binary equivalent of the letter, A [8].  

Advantages: It is the simplest form to embed 
information in a digital audio file. It allows a large amount 
of data to be concealed within an audio file. Use of only one 
LSB of the host audio sample gives a capacity equivalent to 
the sampling rate which could vary from 8 kbps to 44.1 kbps 
(all samples used) [9]. This method is more widely used, as 
modifications to LSB’s usually do not create audible 
changes to the sounds.  

Disadvantage: It has considerably low robustness against 
attacks. 
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III. WAVE FORM AUDIO FORMAT 

Wavelet domain [13] is suitable for frequency analysis 
because of its multi-resolution properties that provides 
access to both most significant parts and details of spectrum. 
Wavelet domain techniques work with wavelet coefficient. 
Upon applying the inverse transform, the stegano signal can 
be reconstructed.  

Advantage: It has high data hiding capacity and 
transparency. Disadvantage: Lossy data retrieval. 

WAV Format 

WAV (or WAVE), short for Waveform audio format, is 
a Microsoft and IBM audio file format standard for storing 
audio on PCs. It is a variant of the RIFF bit stream format 
method for storing data in "chunks". A WAVE file is often 
just a RIFF file with a single "WAVE" chunk which consists 
of two sub-chunks -- a "fmt" chunk specifying the data 
format and a "data" chunk containing the actual sample 
data.[13] 

 

 

Figure 6 The Canonical Wave File Format 

 

The canonical WAVE format starts with the RIFF header 
[2]: 

0-4    Chunk ID                       Contains the letters "RIFF" in  

                                                ASCII        form                           

 

4-4   Chunk Size                     36 + SubChunk2Size, or more  

                                                precisely: 

4 + (8 + SubChunk1Size) + (8            
+ SubChunk2Size) 

This is the size of the rest of   
the chunk 

Following this number.  This 
is the size of the 

Entire file in bytes minus 8 
bytes. 

Two fields not included in this count: Chunk ID and 
Chunk Size. 8-4 Format contains the letters "WAVE". The 
"WAVE" format consists of two sub chunks: "fmt " and 
"data". The "fmt” subchunk describes the sound data's 
format: 12-4 Subchunk1ID Contains the letters "fmt ". 16-4 
Subchunk1Size 16 for PCM. 

This is the size of the rest of the Sub chunk which 
follows this number:    

20-2      Audio Format    PCM = 1(i.e. Linear quantization) 

                                        Values other than 1 indicate some  

                                        Form of compression. 

 

22-2      NumChannels     Mono = 1, Stereo = 2, etc. 

 

24-4      SampleRate         8000, 44100, etc. 

 

28-4 ByteRate      =    SampleRate*  
                            NoChannels* BitsPerSample/8 

 

32-2     BlockAlign    =     Number Channels  

                                          * BitsPerSample/8 

 The number of bytes for one 

 sample including all channels. 

                                          

34-2   BitsPerSample       8 bits = 8, 16 bits = 16, etc. 

 



                                                              

 

The "data" subchunk contains the size of the data and the 
actual sound: 

 

36-4     Subchunk2ID      Contains the letters "d

 

40-4     Subchunk2Size    No. Samples * NoChannels*     

                                         BitsPerSample/8   

                                                

This is the number of bytes in the data. You can also 
think of this as the size of the read of the subchunk 
following this number. 

 

44        *   Data                 The actual sound data.

 

IV. AUDIO STEGANOGRAPHY

Audio stenography is masking, which exploits the 
properties of the human ear to hide information 
unnoticeably. An audible, sound can be inaudible in the 
presence of another louder audible sound. This property 
allows selecting the channel in which to hide information.

The audio files may be modified for hiding data like 
other digital media like image, text or video. The methods 
that embeds data in sound files use the properties of the 
Human Auditory System (HAS). The HAS perceives the 
additive random noise and the perturbations in an audio file 
can also be detected. While the HAS have a large dynamic 
range, but it has a small different range. As a result, loud 
sounds tend to mask out quiet sounds. And there are also 
some distortions that are so common that the HAS ignores 
them. When we observe the audio wave file before 
embedding and after embedding secret data respectively in 
Fig.1 and Fig.3 the human auditory system can’t recognize 
the small change. The digital sound is obtained from the 
analog sound by converting it to digital domain. This 
process implies two sub processes: sampling and 
quantization. Sampling is the process in which 
values are only captured at regular time intervals.
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The "data" subchunk contains the size of the data and the 

Contains the letters "data" 

No. Samples * NoChannels*      

BitsPerSample/8    

This is the number of bytes in the data. You can also 
e read of the subchunk 

The actual sound data. 

TEGANOGRAPHY 

Audio stenography is masking, which exploits the 
properties of the human ear to hide information 

can be inaudible in the 
presence of another louder audible sound. This property 
allows selecting the channel in which to hide information. 

The audio files may be modified for hiding data like 
other digital media like image, text or video. The methods 

embeds data in sound files use the properties of the 
Human Auditory System (HAS). The HAS perceives the 
additive random noise and the perturbations in an audio file 
can also be detected. While the HAS have a large dynamic 

t range. As a result, loud 
sounds tend to mask out quiet sounds. And there are also 
some distortions that are so common that the HAS ignores 
them. When we observe the audio wave file before 
embedding and after embedding secret data respectively in 

d Fig.3 the human auditory system can’t recognize 
the small change. The digital sound is obtained from the 
analog sound by converting it to digital domain. This 
process implies two sub processes: sampling and 
quantization. Sampling is the process in which the analogue 
values are only captured at regular time intervals. 

Figure 7 Before embedding the text

 

Quantization converts each input value into one of a 
discrete value. Popular sampling rates for audio include 8 
kHz, 9.6 kHz, 10 kHz, 12 kHz, 16 kHz, 22.05 kHz and 44.1 
kHz. The most popular file formats for kHz and 44.1 kHz. 
The most popular file formats for sounds are the Windows 
Audiovisual (WAV) and the Audio Interchange File Format 
(AIFF). There are also compression algorithms
International Standards Organization Motion Pictures.

Expert Group-Audio (ISO MPEG
developing a data hiding method for audio, one of the first 
considerations is the likely environments the sound signal 
will t ravel between encoding and decoding. The two main 
areas of modification to be considered are, the storage 
environment or digital representation of the signal that will 
be used and the transmission pathway the signal might 
travel [3, 4]. In order to conceal secret messages 
successfully, a variety of methods for embedding 
information in digital audio have been introduced. These 

 

Figure 8 After Embedding the text

 

methods range from rather simple algorithms that insert 
information in the form of signal 
methods that exploit sophisticated signal processing 
techniques to hide information. This section of the paper is 
organized as follows. First, the clarification of the Audio 
Environment. Secondly, this section describes as one of the
wide range of techniques that have been used in Audio 
Steganography. 

d Engineering, Volume I, Issue I, February 2020 

 

Before embedding the text 

 

Quantization converts each input value into one of a 
discrete value. Popular sampling rates for audio include 8 

kHz, 12 kHz, 16 kHz, 22.05 kHz and 44.1 
kHz. The most popular file formats for kHz and 44.1 kHz. 
The most popular file formats for sounds are the Windows 
Audiovisual (WAV) and the Audio Interchange File Format 
(AIFF). There are also compression algorithms such as the 
International Standards Organization Motion Pictures. 

Audio (ISO MPEG-AUDIO). When 
developing a data hiding method for audio, one of the first 
considerations is the likely environments the sound signal 

g and decoding. The two main 
areas of modification to be considered are, the storage 
environment or digital representation of the signal that will 
be used and the transmission pathway the signal might 
travel [3, 4]. In order to conceal secret messages 

essfully, a variety of methods for embedding 
information in digital audio have been introduced. These  

 

After Embedding the text 

 

methods range from rather simple algorithms that insert 
information in the form of signal noise to more powerful 
methods that exploit sophisticated signal processing 
techniques to hide information. This section of the paper is 
organized as follows. First, the clarification of the Audio 
Environment. Secondly, this section describes as one of the 
wide range of techniques that have been used in Audio 



                                                              

 

V.  TECHNIQUE USED FOR DATA 

AUDIO 

Figure 9 Flow Chart of LSB method

 

Least significant bit (LSB) coding is the simplest way to 
embed information in a digital audio file. By substituting the 
least significant bit of each sampling point with a binary 
message, LSB coding allows for a large amount of data to 
be encoded [14]. The following Fig.4 demonstrates how the 
message is encoded in 8-bit sample using t

In LSB coding, the ideal data transmission rate is 1 kbps 
per 1 kHz. However, in some implementations of LSB 
coding, the two least significant bits of a sample are 
replaced with two message bits. This increases the amount 
of data that can be encoded but also increases the amount of 
resulting noise in the audio file as well. Thus, one should 
consider the signal content before deciding on the LSB 
operation to use. For example, a sound file that was 
recorded in a bustling subway station would ma
encoding noise. On the other hand, the same noise would be 
audible in a sound file containing a piano solo.

 

act Package1

Select wav e audio

Audio .wav format?

Select the Secret text file

Start

Find out the ASCII v alue 
of each letter

Convert the ASCII code 
into binary

Extract LSB of the 
sample

Embedd first bit of letter 
into last four bit of value 

next four bits into the 
next sample v alues

Store the sample value 
in an array

Generate Stego audio

Stop

No

Yes
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Flow Chart of LSB method 

Least significant bit (LSB) coding is the simplest way to 
digital audio file. By substituting the 

least significant bit of each sampling point with a binary 
message, LSB coding allows for a large amount of data to 
be encoded [14]. The following Fig.4 demonstrates how the 

bit sample using the LSB method. 

In LSB coding, the ideal data transmission rate is 1 kbps 
per 1 kHz. However, in some implementations of LSB 
coding, the two least significant bits of a sample are 
replaced with two message bits. This increases the amount 

encoded but also increases the amount of 
resulting noise in the audio file as well. Thus, one should 
consider the signal content before deciding on the LSB 
operation to use. For example, a sound file that was 
recorded in a bustling subway station would mask low-bit 
encoding noise. On the other hand, the same noise would be 
audible in a sound file containing a piano solo. 

Figure 10 Low Bit Encoding

 

To extract a secret message from an LSB encoded sound 
file, the receiver needs access to the sequence of sample 
indices used in the embedding process. Normally, the length 
of the secret message to be encoded is smaller than the total 
number of samples in a sound file. One must decide then on 
how to choose the subset of samples that will contain the 
secret message and communicate that decision to the 
receiver. One trivial technique is to start at the beginning of 
the sound file and perform LSB coding until t
has been completely embedded, leaving the remaining 
samples unchanged. This creates a security problem, 
however in that the first part of the sound file will have 
different statistical properties than the second part of the 
sound file that was not modified. One solution to this 
problem is to pad the secret message with random bits so 
that the length of the message is equal to the total number of 
samples. Yet now the embedding process ends up changing 
far more samples than the transmission of the 
required. This increases the probability, that a would
attacker will suspect secret communication. A more 
sophisticated approach is to use a pseudo random number 
generator to spread the message over the sound file in a 
random manner. One popular approach is to use the random 
interval method, in which a secret key possessed by the 
sender is used as a seed in a pseudo random number 
generator to create a random sequence of sample indices. 
The receiver also has access to the secret key and 
knowledge of the pseudo random number generator, 
allowing the random sequence of sample indices to be 
reconstructed. Checks must be put in place, however, to 
prevent the pseudo random number generator from 
generating the same sample index twice. If this happened, a 
collision would occur where a sample already modified with 
part of the message is modified again. The problem of 
collisions can be overcome by keeping track of all the 
samples that have already been used. Another approach is to 

Read the stego audio

Calculate the each 
sample of stego audio

Retrive each bits and 
convert each 8 bits into 

character
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calculate the subset of samples via a pseudo random 
permutation of the entire set using a secure hash function. 
This technique ensures that the same index is never 
generated more than once. There are two main 
disadvantages associated with the use of methods like LSB 
coding. The human ear is very sensitive and can often detect 
even the slightest bit of noise introduced into a sound file, 
second disadvantage, however, is that this is not robust. If a 
sound file embedded with a secret message using either LSB 
coding was resampled the embedded information would be 
lost. Robustness can be improved somehow by using a 
redundancy technique while encoding the secret message. 
However, redundancy techniques reduce the data 
transmission rate significantly. 

A) Proposed Method 

The Advantages of proposed method: 

 Imperceptibility – The imperceptibility is one of 
the important factors of a steganography system, as 
its strength system depends on its ability to be 
unnoticed by the human senses (HAS/HVS). 

 Robustness - Robustness defines how strong this 
technique against changes is. It measures the 
capability of the embedded secret data against 
different types of changes intended or unintended. 

 Payload capacity - Payload capacity is the amount 
of embedded data that can be hidden into a 
particular innocent cover medium relative to the 
size of this medium.  

B) Embedding Secret Text in Audio 

The process of embedding the text in audio file, here we 
select audio file i.e. Windows Audio-Visual (WAV) file to 
input data. The file has 8-bit linear quantized digital 
samples. The header and data parts are separated. The secret 
text is placed in the header part and the LSB positions of the 
data element in alternate samples of LSB data element. 
Thus, Stego audio file is created. It’s a WAV file having 
hidden text, but there is no change in audibility of the Cover 
file. 

1) Embedding Process 
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Figure 11 Block Diagram for Embedding

 

 The technique used is LSB coding. The audio file 
consists of data in bytes.

 To encode the message, we first find the
the string. 

 The offset in the original file, from which the 
encoding process must start.

 By default, it is set to 50. This is done because, the 
WAV file has a header. In the initial offsets and if 
that header is tampered with, the destination fi
will not be able to access its header in the 
appropriate format. 

 Encode that length which can be up to 256 
Characters into the 1st 8 bytes of the audio file. 
This will assist us in the decoding process. Take 
each character from the message string, conve
into byte and change the LSB of the next 8 bytes of 
the audio file as per each of the bit of the character 
type. 

 Repeat the same procedure till the message string 
gets exhausted. 

 Thus, on writing byte after byte to the new file, we 
get a new audio file ―Embedded .wav having a 
message hidden into it which can be sent to the 
receiver without any fear of eavesdropper.

C) Extraction of secret text from Stego Audio

The Process of extracting the hidden text from a WAV 
audio file is as follows. The input 
file and then separated header and data parts. The header 
consists of size of secret text. Store LSB of data part and 
perform a left shift of the previous bit. Then convert binary 
to ASCII values. Thus, the secret text can be extr
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receiver without any fear of eavesdropper. 

Extraction of secret text from Stego Audio 

The Process of extracting the hidden text from a WAV 
audio file is as follows. The input file is Stego audio (WAV) 
file and then separated header and data parts. The header 
consists of size of secret text. Store LSB of data part and 
perform a left shift of the previous bit. Then convert binary 
to ASCII values. Thus, the secret text can be extracted. 



                                                              

 

Figure 12 Block Diagram for Extraction

 

 Select the audio file ―Embedded.wav which has 
the message hidden in it. 

 From the selected offset that was specified at the 
sending side (i.e. 500) , take the LSB 
bytes to get the length of the message (that was 
encoded in the first 8 bytes from the given offset) 
which will help us to get the encoded message only 
from the next 8 * length bytes of audio file.

 Create a byte from the LSB of the next conse
8 bytes and go on printing each of the character of 
the message string in the text box. 

 Continue this process till the length of the string is 
reached. Finally, we get the hidden message from 
the received audio file into the provided text box.

 Thus, we have achieved the process of decoding a 
message from the audio file. 

VI. RESULT 

In this manner the secret text can be hidden and 
regenerated in audio signal using LSB method, which is 
difficult even to intruder’s imagination of getting the 
information. 

VII. CONCLUSION 

Here we have proposed an efficient audio 
Steganography system, in which the LSB technique is used 
to get high data hiding capacity and low perceptibility. So, 
by using this technique the capacity of data hiding has 
increased and the clarity of the covering medium (.wav 
audio), remains unchanged even after hiding text. This can 
also be implemented on image Steganography. 

Future Scope: Security for this system can be boosted by 
using a concept called Cryptography (i.e., encryption and 
decryption) to the text data. The system can be further 
developed to hide a secret image in covert audio as well as 
in two dimensional and three-dimensional signals.
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Steganography system, in which the LSB technique is used 
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Abstract— This paper sheds light on different features of 
the prototype designed for farming the corn seeds in the 
context of Nepalese agriculture. Corn Seeding Robot is 
an embedded system designed to dig, drop and cover the 
corn seeds in the farming field which can be an 
alternative tool to manual farming. The smart phone 
based robot is composed of both electronics and 
mechanical system. The ATmega328 microcontroller 
based system drives the robotic vehicle in different 
directions according to the user’s instructions.  

Keywords— Corn Seeding, Robot, Agriculture, 
Smartphone, Bluetooth 

I. INTRODUCTION 

Nepal is agricultural country. There is no doubt that the 
agriculture sector is the backbone of the nation. It has an 
important role for the GDP growth. Also, Nepal has potential 
consuming population and day by day it is growing thus 
demand of such crops is also increasing. Here, the corn is 
one of the major crops. While farming the corn even 
commercially the process of ploughing, dropping and pulling 
is traditional. A modern and reliable method or system for 
corn seeding is needed so that farmer can do all the 
mentioned process by the help of electro-mechanical system- 
so called Corn Seeding Robot. These systems have been 
growing rapidly in neighbor countries or globally. The 
process of using machines is called as mechanization. 
Mechanization and automation in agriculture helps to 
increase the production and the productivity but the present 
agrobot models are based upon the heavy types of 
machinery, which require skilled manpower also causes 
environmental pollution.  

Considering these facts and figures of the agriculture 
sector especially for the corn seeding process a low cost, eco-
friendly robotic prototype is being designed and tested using 
the easily available hardware and software tools such as 
ATmega328p, motor driver, relay, dc motors and so on.  

II. LITERATURE REVIEW 

Various research are conducted in this field. Some of the 
existing literaturesis represented here. The idea of robotic 

agriculture (agricultural environments serviced by smart 
machines) is not a new one [1]. K.Saravananet al. [2] 
mentioned the use of proximity and IR sensors for sowing 
Chickpeas seeds automatically.  

AsG. Venkatesh etal.notes:The main purpose of 
mechanization in agriculture is to improve overall 
productivity and production. Planting is conventionally done 
manually which involves both animate (humans and draught 
animals), this result in higher cost of cultivation and delay in 
planting [3, p. 382].  

According to [4] the suitable distance between the plants 
for corn is 12cm to 25 cm and the planting depth obtained is 
2 cm to 4 cm. As seen in [5] the design detail of an 
autonomous robot which is developed for viewing the 
constraints imposed by agriculture fields. As demonstrated 
in [6], Fendt Xaver corn robot navigates with satellite and 
cloud data management which provides the accurate 
recording of the planting time and exact position of each 
seed. 

Similarly, J. J. Roldán et al. [7] discussed an 
autonomous mobile robot used for various field operations 
like it can be used for capturing and processing high 
quantities of data and can provide capability of not only 
individual plant but also a complete field. According to a 
review [8], the five important operations for agricultural 
task which are tilling, soil analysis, seeding and 
transplanting, corn scouting and control and finally 
harvesting. The smart farm is agricultural based work which 
is based on three categories: drones, autonomous robot and 
Internet of Things (IOT) [9].  

L. Haiboet al [10] demonstrated the wheat precision 
seeding robot designed using four wheel drives so that 
control system could control the movement of robot, picking 
up the seed of wheat and adjust the pressure of the vacuum 
chamber. As explained in [11] robotic machines to pick 
everything from strawberries to apple also involves small 
robot fleets operating in swarms. Implementation of digital 
farming and site specific precision management depends not 
only on sensor but also on continuous collection of field 
data [12]. 



                                                              

 

For designing an autonomous ground vehicle, 
ATMEGA328 microcontroller is used to co
direction and the direction of path is followed by using a 
compass module [13]. According to [14] the solar operated 
automatic seed sowing machine is demonstrated for the 
digging, seed sowing, water pouring and fertilizing.
plant factories in Japan which produce high quality of 
vegetables free of diseases, insect damage and run with little 
human intervention. The use of Unmanned Aerial Vehicle 
(UAV) that quantify the distance between maize plants at 
field scale affects the final grain yield in row crops [15].

III. METHODOLOGY

 

 

 

 

 

 

 

 

 

 

 

 
 

 

 

 

 

 

 

 

 

 

Fig. 1. Block diagram of the system

In the figure 1, the 12V power supply is given to the
motor driver L298N to drive the 4 dc
simultaneously. The motor driver also provides
supply to the At-mega 328 micro-controller.
device HC-08 is interfaced with micro-controller to control 
the robotic vehicle using Smart phone. The relay is also 
interfaced with At-mega 328 so that the motor integrated a
corn seed dropping section can be controlled by the user.
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, the 12V power supply is given to the 
drive the 4 dc- motors 

also provides 5V power 
controller.The Bluetooth 

controller to control 
using Smart phone. The relay is also 

mega 328 so that the motor integrated at 
corn seed dropping section can be controlled by the user. 

In the figure 2, initially the robotic vehicle is initialized 
and make ready to work in agriculture filed and then the 
robotic vehicle is connected with 
controlling of the system. Afterwards, if the vehicle is 
connected then user can let it starts to move
application. If the robotic vehicle moves in forward 
direction, then the plougher will plough the field 
corn can be dropped into the soil from dropping section at 
the specified distance programmed
Finally, the soil puller which is integrated at the rear 
of the vehicle will cover the corn seed simultaneously.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig.2. Flowchart of the system
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, initially the robotic vehicle is initialized 
and make ready to work in agriculture filed and then the 
robotic vehicle is connected with the smart phone for the 

system. Afterwards, if the vehicle is 
it starts to move using an android 

f the robotic vehicle moves in forward 
will plough the field so that the 

into the soil from dropping section at 
stance programmed based on literature [4]. 

which is integrated at the rear section 
of the vehicle will cover the corn seed simultaneously.  .  
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Here, to operate the robotic vehicle in different directions 
an android app is being used downloaded from Google Play 
store 

IV. RESULTS AND DISCUSSION

A) Development of Smartphone based wireless robotic 
vehicle 

 

 

Fig. 3. Top view of the robotic vehicle

The overall system is shown in figure 3. 
Microcontroller, Motor driver, DC-motor, Relay, Bluetooth 
module HC-05. The robotic vehicle is 23 cm long and 25 cm 
breadth covering the overall area of 575 
vehicle is operated through 12 V Lipo-Battery to move in the 
required directions. 

 

B) Interfacing the soil plougher, seed dropper
cover 

Fig.4.Plougher interfacing with the robotic vehicle
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Here, to operate the robotic vehicle in different directions 
an android app is being used downloaded from Google Play 
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The robotic vehicle is 23 cm long and 25 cm 
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Plougher interfacing with the robotic vehicle 

In this “Corn Seeding Robot” there is
section such as Plougher/Digger which
device integrated between robotic vehicle and the corn seed 
dropper that plough the soft soil enough for corn seed when 
the vehicle moves forward direction. 

 

 

Fig.5. Corn seed dropper w

The corn seed dropper drops the corn seed at the 
specified distance when the vehicle moves in its direction 
and also covers the dropped corn when the robotic vehicle 
moves in the forward direction.

C) Final prototype 

 

 

 

 

 

 

 

 

Fig.6. Top view of the prototype
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In this “Corn Seeding Robot” there is another major 
such as Plougher/Digger which is a mechanical 

device integrated between robotic vehicle and the corn seed 
dropper that plough the soft soil enough for corn seed when 
the vehicle moves forward direction.  

 

 

Fig.5. Corn seed dropper with seed cover 

The corn seed dropper drops the corn seed at the 
when the vehicle moves in its direction 

and also covers the dropped corn when the robotic vehicle 
forward direction. 

 

 

 

Fig.6. Top view of the prototype 
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The final prototype consists of Smartphone
wireless robotic vehicle which moves in four directions 
according to the user but the forward direction is preferable 
for the seeding process, the plougher which plough the field 
and  corn seed dropper which drops the corn seed at a 
specified distance operated by a dc motor, and the  seed 
cover. 

D) Field test 

 

 

Fig.7. Prototype testing in the Lab

Testing of the prototype is done on the soft soil of the 
Lalitpur area and with the corn seeds in the lab. It is found 
that the prototype achieved the desired functions
controlling the robotic vehicle with smartphone is done 
successfully. Similarly, digging the soft soil with specified 
depth (in between 2 cm – 4cm) is achieved. Also, dropping 
the corn seed at specified distance (in between 12 cm 
cm ) is done with covering the seeds properly.

The designed prototype also has few l
the wireless range of robot is limited up to 10 m because of 
the use of the Bluetooth technology which is favorable for 
short range data transfer. A user is always required for its 
operation since the designed robot isn’t fully autonomou

V.  CONCLUSION

 The major application of the agriculture based robots is 
at the harvesting stage, digging, and seeding.
represents a robot capable of performing operations like 
ploughing the field, seed dispensing and covering with the 
few centimeters in the distances defined. Less complexity in 
the mechanical design and smartphone based control 
technique makes this DC power based system of lower cost, 
less bulky and eco-friendly compared to conventional 
system. In future, the system can be modified for automatic 
operation using sensors. It can be used for planting other 
seed like wheat, grains etc. with proper arrangements.
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Smartphone controlled 
wireless robotic vehicle which moves in four directions 

r but the forward direction is preferable 
for the seeding process, the plougher which plough the field 
and  corn seed dropper which drops the corn seed at a 
specified distance operated by a dc motor, and the  seed 

 

testing in the Lab 

Testing of the prototype is done on the soft soil of the 
Lalitpur area and with the corn seeds in the lab. It is found 
that the prototype achieved the desired functions i.e. 
controlling the robotic vehicle with smartphone is done 

fully. Similarly, digging the soft soil with specified 
4cm) is achieved. Also, dropping 

the corn seed at specified distance (in between 12 cm – 24 
cm ) is done with covering the seeds properly. 

The designed prototype also has few limitations such as 
wireless range of robot is limited up to 10 m because of 

the use of the Bluetooth technology which is favorable for 
ways required for its 

operation since the designed robot isn’t fully autonomous.  

ONCLUSION 

agriculture based robots is 
at the harvesting stage, digging, and seeding. This paper also 
represents a robot capable of performing operations like 
ploughing the field, seed dispensing and covering with the 

Less complexity in 
the mechanical design and smartphone based control 

DC power based system of lower cost, 
friendly compared to conventional 

be modified for automatic 
operation using sensors. It can be used for planting other 
seed like wheat, grains etc. with proper arrangements. 
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Abstract—Stock price analysis is a popular and 
important topic in financial and academic studies. No 
significant rules are present to estimate or predict the 
price of share,. Various analysis such as technical 
analysis, fundamental analysis, time series analysis and 
statistical analysis, etc. are actively researched in 
attempt to predict the price of stock but none of the tools 
implementing these methods prove to be consistent so 
far. The implementation of Artificial Neural Network 
approach is done to predict stock market prices for 
Himalayan bank, Nabil Bank, Everest Bank 
The work focuses on implementing Backpropagation 
algorithm for forecasting stock prices, returns, and stock 
modeling. The prediction is done on the listed companies 
of Nepal Stock Exchange Ltd (NEPSE). Opening price, 
Closing price, High price, Low price are selected as 
parameters which has relatively significant impact on 
the share price of a company. The relation between the 
selected factors and share price is formulated which can 
help in forecasting results. The main aim
to apply Artificial Neural Network in forecasting the 
closing price of stock market although share market can 
never be predicted accurately due to its huge domain.

Keywords—Backpropagation, Stock Market, Nepal 
Stock Market and Exchange (NEPSE). 

I. INTRODUCTION  

Stock market plays an important role in the growth of the 
industry and commerce of the country which eventually 
influences economy of the country. The primary source for 
any company to raise funds for business expansion is stock 
market. All the concepts for stock market is based on 
demand and supply. If the demand for any company’s stock 
is high then share price of company increases and if the 
demand for that company’s stock is low then share price of 
that company decreases. 

The only stock exchange where involvement of many 
number of industries and companies are involved
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Stock price analysis is a popular and 
nancial and academic studies. No 

significant rules are present to estimate or predict the 
price of share,. Various analysis such as technical 
analysis, fundamental analysis, time series analysis and 
statistical analysis, etc. are actively researched in 

empt to predict the price of stock but none of the tools 
implementing these methods prove to be consistent so 
far. The implementation of Artificial Neural Network 
approach is done to predict stock market prices for 
Himalayan bank, Nabil Bank, Everest Bank Limited. 

Backpropagation 
for forecasting stock prices, returns, and stock 
The prediction is done on the listed companies 

of Nepal Stock Exchange Ltd (NEPSE). Opening price, 
price are selected as 

parameters which has relatively significant impact on 
the share price of a company. The relation between the 
selected factors and share price is formulated which can 
help in forecasting results. The main aim of the work is 

rtificial Neural Network in forecasting the 
closing price of stock market although share market can 
never be predicted accurately due to its huge domain. 

Backpropagation, Stock Market, Nepal 

 

Stock market plays an important role in the growth of the 
industry and commerce of the country which eventually 

primary source for 
nds for business expansion is stock 

r stock market is based on 
demand and supply. If the demand for any company’s stock 
is high then share price of company increases and if the 
demand for that company’s stock is low then share price of 

volvement of many 
number of industries and companies are involved, in the 

context of Nepal is “Nepal St
(NEPSE), operating under securities act, 1983
involvement of industries and company it contains very large 
set of data. That is why it is difficult to extract information. 
Stock market analysis and prediction will analyze the market 
patterns and predict the time to purchase stock. The 
successive prediction of a stock’s future price 
significant profit.  

The main problem in predicting share market is that 
a chaos system. Many variables
unpredictable that could affect the share market di
indirectly. Drawing any mathematical relation among the 
variables is pretty difficult. Likewise, 
predict the share price using these variables.

Backpropagation is an important mathematical tool for 
improving the accuracy of predictions in 
is an algorithm used to calculate deri
known, desired output values 
order to calculate the loss, it is usually classified as a type of 
supervised machine learning. 

II. STOCK MARKET 

Fig. 1: System 
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a. That is why it is difficult to extract information. 
Stock market analysis and prediction will analyze the market 
patterns and predict the time to purchase stock. The 

ive prediction of a stock’s future price can mean a 

n problem in predicting share market is that it is 
any variables are present and are 

that could affect the share market directly or 
any mathematical relation among the 

is pretty difficult. Likewise, no laws are present to 
re price using these variables. 

Backpropagation is an important mathematical tool for 
improving the accuracy of predictions in machine learning. It 
is an algorithm used to calculate derivatives quickly. A 

values for each input is required in 
order to calculate the loss, it is usually classified as a type of 
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Fig. 1: System block diagram 
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The data are collected and sorted for relevancy from 
various sources. Secondly, analysis is carried out on the 
collected data by examining the current market direction, 
tracking the industry group and the specific companies. 

A)  Data Collection 

The work aims to predict the stock value with respect to 
previous stock values and trends. It requires historic data of 
stock market as it also emphasizes on data mining 
techniques. The necessary thing is to have a trusted source 
having relevant and necessary data required for the 
prediction such that data are real. Nepal Stock Exchange 
(NEPSE) website (http://www.nepalstock.com.np) is used as 
the primary source of data. This website contains all the 
details such as: Opening value, closing value, High value, 
Low value, number of shares, increase or decrease in stock 
values for each company. The site keeps on updating on 
daily basis and also acts as a repository for years of stock 
market data for Nepal. No API is yet provided by the 
website for providing data so, the data are collected 
manually in spreadsheet with reference to the 
webpage. Other sources for data collection include 
significant data from Open Data Nepal, sharesansar and 
relevant online news portals related to finances and share 
markets. 

B)  Data Filtering 

The data are filtered to create a condition that only 
certain relevant data are in display making it easier to focus 
on specific information in a large dataset or table of data. 

C)  Data Normalization 

Before setting input to the ANN, the data is normalized. 
The input parameters of the training data are normalized in a 
way that all the features are zero-mean and unit variance. 
Minmax function is used for normalization such that all the 
target values lie in the range of 0 to 1. The maximum value is 
represented by 1 and the minimum value is represented by 0. 
The equation (1) shows the Minmax function: 

z = 
𝒙 𝒎𝒊𝒏(𝒙)

𝒎𝒂𝒙(𝒙)–𝒎𝒊𝒏(𝒙)
        (1) 

 

D)  ANN Design and Training  

An ANN (Artificial Neural Network) is based on a 
collection of connected units or nodes called artificial 
neurons, which loosely model the neurons in a biological 
brain. An artificial neuron can process the received signal 
then signal additional artificial neurons connected to it. In 
common ANN implementation, the signal at a connection 
between artificial neurons is a real number, and the output of 
each artificial neuron is computed by some non-linear 
function of the sum of its inputs [10]. Edges are the 
connections between the artificial neurons. Artificial neurons 

and edges typically have a weight. As learning proceeds, the 
weight adjusts. The strength of the signal at a connection is 
signified by increase or decrease in the weight. In Artificial 
neurons having a threshold, the signal is only sent if the 
aggregate signal crosses that predefined threshold. Typically, 
artificial neurons are aggregated into layers. Different layers 
in ANN may perform different kinds of transformations on 
their respective inputs. Signals travel from the preceding 
layer (the input layer), to the last layer (the output layer), 
possibly after traversing the layers multiple times. Neural 
network is used for prediction because they can run nonlinear 
mappings between input and outputs. There is possibility that 
ANN outperforms traditional analysis like Linear 
Regression. In our proposed system, during training phase 
the weights are found from this section and Backpropagation 
Algorithm is used for this training phase. The weights found 
here are used in prediction phase using same equations 
which are used in training phase. 

E)  Back propagation 

The main steps using the backpropagation algorithm is as 
follows: 

Step 1: The normalized input data sample is fed 
into the system to compute the corresponding 
output. 

Step 2: The error between the output(s) and the 
actual target(s) is computed. 

Step 3: Then, the connection weights and 
membership functions are adjusted. 

Step 4: IF Error > Tolerance then, continues & 
goes to Step 1 

Else the process is terminated. 

F)  Activation Function 

In this work the following activation function has been 

experimented with:  

1)  Sigmoid Activation 

Sigmoid activation as the activation function at both 
hidden layer and output layer. A sigmoid function is a 
mathematical function having a characteristic "S"- shaped 
curve or sigmoid curve which is given by:  

f(x)=  
𝟏

𝟏 𝒆 𝒙                         (2) 

 

2)  Soft-plus Activation 

Soft plus is an alternative of traditional functions because 
it is differentiable, and its derivative is easy to demonstrate. 
Outputs produced by sigmoid and tanh functions have upper 



                                                              

 

and lower limits whereas soft plus function produces outputs 
in scale of (0, +∞). 

f(x) = ln(1+ex)  

 

3)  Tanh Activation 

The tanh function is also sigmoidal (“s”
instead outputs values that range (-1,1). Thus, strongly 
negative inputs to the tanh will map to negative outputs

  f(x)=tan h(x)                     

G)  Model Design 

Feed-forward neural network which has input layer with 
3 neurons, a single hidden layer which has 3 hidden neurons 
and a output layer with single neuron. The b
algorithm has been used for training the network.

Fig. 2: Feed-forward neural network

In this work, the weight has been randomly initialized 
between the range of -0.5 to 0.5: 

Weight for input to hidden layer: 

  weight [0][0][0]=0.4; 

 weight[0][1][0]=-0.3; 

 weight[0][2][0]=0.2; 

 weight[1][0][0]=0.1; 

 weight[1][1][0]=-0.02; 

 weight[1][2][0]=0.05407000332; 

 weight[2][0][0]=-0.43000020002384;

 weight[2][1][0]=-0.44400005664500013352;

 weight[2][2][0]=0.200600179356;

Weight for hidden to output layer: 

w[0][0]=-0.03110000030598; 

w[1][0]=-0.1333000000034013789;

w[2][0]=0.2344237988; 
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wer limits whereas soft plus function produces outputs 

  (3) 

The tanh function is also sigmoidal (“s”-shaped), but 
1,1). Thus, strongly 

tanh will map to negative outputs. 

f(x)=tan h(x)                          (4) 

forward neural network which has input layer with 
3 neurons, a single hidden layer which has 3 hidden neurons 
and a output layer with single neuron. The backpropagation 
algorithm has been used for training the network. 

 

forward neural network 

In this work, the weight has been randomly initialized 

 

0.43000020002384; 

0.44400005664500013352; 

weight[2][2][0]=0.200600179356; 

0.1333000000034013789; 

Also, the learning rate has been set to 0.1 and the 
momentum is set to 0.9 whereas bias has not been taken into 
consideration.  

H)  Data Denormalization  

Data denormalization is done after normalized value is 
determined. For denormalization, minimum and maximum 
value will be the same as used before during normalization 
process. 

X= (z*(max(x)

where, 

 max(x)= maximum value calculated from 

  min(x)= Minimum value calculated from dataset

I)  Input Data 
Here is a brief description about the inputs that are fed to 

the neural network.  

1. Open Value: 

It is the opening value of the share price of a company 
that reaches at the start of the day.

2. Highest Value: 

It is the highest value of the share price of a company 
that has reached in the previous day

3. Lowest Value: 

Lowest Value is Similar to highest value, it is the 
smallest value the share price of a company that has reached 
in the previous day.  

4. Closing Price: 

Closing price generally refers to the last price at which a 
stock trades during a regular trading session. For NEPSE 
regular trading sessions run from Sunday 
AM to 3:00 PM). 

III. R

The experiment was carried out with 8
The collected data was normalized and then feed into 
backpropagation for training to achieve adjusted weight 
then, forward pass was done with the adjusted weights. The 
output was generated and then de

The results obtained are shown in the graph and tables 
generated by using three different activation functions for 
the respective analysis of datasets. The datasets under 
consideration are of Everest Bank Ltd., Himalayan Bank 
Ltd. and NABIL Bank Ltd.. The resu
analyzed by calculating Percentage Error for ea
using the formula as: 

Percentage error= ((Actual LTP
LTP))* 100%      

d Engineering, Volume I, Issue I, February 2020 

Also, the learning rate has been set to 0.1 and the 
momentum is set to 0.9 whereas bias has not been taken into 

denormalization is done after normalized value is 
determined. For denormalization, minimum and maximum 
value will be the same as used before during normalization 

X= (z*(max(x)-min(x))+min(x)       (5) 

max(x)= maximum value calculated from dataset 

min(x)= Minimum value calculated from dataset 

Here is a brief description about the inputs that are fed to 

It is the opening value of the share price of a company 
day. 

It is the highest value of the share price of a company 
that has reached in the previous day 

Lowest Value is Similar to highest value, it is the 
smallest value the share price of a company that has reached 

Closing price generally refers to the last price at which a 
stock trades during a regular trading session. For NEPSE 
regular trading sessions run from Sunday - Thursday (11:00 

RESULT 

carried out with 8-year sample data. 
The collected data was normalized and then feed into 
backpropagation for training to achieve adjusted weight 
then, forward pass was done with the adjusted weights. The 
output was generated and then de-normalized.  

results obtained are shown in the graph and tables 
generated by using three different activation functions for 
the respective analysis of datasets. The datasets under 
consideration are of Everest Bank Ltd., Himalayan Bank 
Ltd. and NABIL Bank Ltd.. The result obtained was 
analyzed by calculating Percentage Error for each dataset 

Percentage error= ((Actual LTP- Predicted LTP)/ (Actual 
LTP))* 100%          (6) 



                                                              

 

The respective graph for each dataset using sigmoid 
function, tanh function and soft plus function for all three 
banks are given below: 

A) Everest Bank Ltd. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

B) Himalayan Bank Ltd. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 6 : Sigmoid output of 1 year

Fig. 3 : Sigmoid output for 1 year 

Fig. 4 : Tanh Output for 1 year 

Fig. 5: Soft plus Output for 1 year

Fig. 7 : Tanh Output of 1 year
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The respective graph for each dataset using sigmoid 
soft plus function for all three 

 

 

 

 

 

 

 

C) NABIL Bank Ltd. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

IV. CONCLUSION

The adaption of machine learning system is found to be 
suitable for the optimization in the work. The experimental 
dataset applied, is selected from the NEPSE of Everest bank, 
Himalayan Bank and Nabil Bank. The system is built as 
web-application using Java Programming that generates 
values & graph as output. On detailed analysis of graph, LTP 
output using tanh activation function is found to comply with 
the variation of actual LTP whereas sigmoid and soft
doesn’t show significant variation with change in pattern of 
actual value. For the dataset under consideration, soft
not proved to be efficient as it shows high accuracy for a 
datasets and very low accuracy for other two. However, the 

Fig. 9: Sigmoid Output of 1 year

Fig. 11: Soft plus Output of 1 year

Fig. 10: Tanh Output of 1 year

Sigmoid output of 1 year 

Fig. 3 : Sigmoid output for 1 year  

 

Fig. 5: Soft plus Output for 1 year 

Fig. 7 : Tanh Output of 1 year 

Fig. 8: Softplus Output of 1 year
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ONCLUSION 

The adaption of machine learning system is found to be 
suitable for the optimization in the work. The experimental 

is selected from the NEPSE of Everest bank, 
Himalayan Bank and Nabil Bank. The system is built as 

application using Java Programming that generates 
values & graph as output. On detailed analysis of graph, LTP 
output using tanh activation function is found to comply with 
the variation of actual LTP whereas sigmoid and soft-plus 

ant variation with change in pattern of 
actual value. For the dataset under consideration, soft-plus is 
not proved to be efficient as it shows high accuracy for a 
datasets and very low accuracy for other two. However, the 

Fig. 9: Sigmoid Output of 1 year 

Fig. 11: Soft plus Output of 1 year 

Fig. 10: Tanh Output of 1 year 

Fig. 8: Softplus Output of 1 year 
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sigmoid output is found to be focused on accuracy and is 
suitable for the datasets which are less varying. And the use 
of tanh activation is found to be suitable for highly varying 
dataset.  
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Abstract—Landslide is one of the catastrophic 

disasters that cause hundreds of fatalities and millions 
worth economic losses in landslide-prone areas. So, a 
proper landslide risk assessment should be done to 
develop the relationship between triggering parameters 
and the dynamics of mass movement of soil under 
gravity and finally apply innovative engineering 
techniques to develop landslide early detection and 
warning system. To alert the local community about the 
probable landslide and initiate mass evacuation to avoid 
human casualties and minimize economic damages, 
landslide early warning system remotely senses 
environmental behaviors like rainfall, soil moisture, 
crack elongation in real time. The required sensors are 
being made for high precision and cost efficiency. Rain 
gauge, soil moisture sensor, and extensometer sensor are 
interfaced with core controller Arduino MEGA to detect 
the parameters. Data are displayed on LCD and stored 
on SD card for future access. When the sensor values go 
beyond the threshold value, a siren is enabled to alert 
people for evacuation and SMS is sent to multiple 
concerned people who might be responsible for 
immediate disaster assessment or rescue operation. 

Keywords— Rain gauge, Extensometer, GSM module, 
soil moisture sensor, Hall effect sensor, Potentiometer, 
RTC 

I. INTRODUCTION  

Landslide is defined as the movement of a mass of rock, 
soil or debris down a slope under the influence of the gravity. 
The frequency of the occurrence of this disaster in Nepal, 
where more than 64% of the total area comprises of the hilly 
region, is more. The natural causes like seismic activities, 
heavy rainfall, etc. lead to the geological fragility of the soil 
causing it to slack and slide. Similarly, human activities like 
mining, clear-cutting, deforestation, etc. alter the natural 
slope stability aiding landslide. Every year a large number of 
landslides occur across the country causing hundreds of 
human fatalities and millions worth economic and 
infrastructural damages. One big factor causing landslides in 
Nepal is the summer monsoon. The occurrence of landslides 
is high in July with slightly lower but still notable towards 
August and September. During these months, landslide 

buries hundreds of houses, takes lives of people, displaces 
families, blocks roads and rivers and causes serious havoc. 
So, the steps should be taken to check the human causes 
aiding landslides and also minimize the damage caused due 
to it.  

Landslide early detection and warning system should be 
deployed in landslide-prone areas to remotely monitor the 
environmental behavior and alert the respective community 
about the potential landslide. Proper development of 
landslide early warning system has become a world-wide 
challenge and introduced systems are not effective. The 
existing systems are available in terms of monolithic terms. 
They are very costly considering installation, operational and 
personal expenses.  

For example, close-range photogrammetry has low 
monitoring accuracy and GPS is not cost effective under 
high accuracy requirements. Being cost-intensive, regular 
maintenance of the system is avoided which leads to 
disturbance of the flow of information in case of emergency.   

This work aims for the systematic development of real 
time monitoring and early warning system to minimize loss 
of human life and infrastructures around landslide-prone 
areas. It is an improvised system of classic early warning 
systems which is cost-effective, flexible and reliable. This 
system analyses environmental changes around such areas 
and alerts as needed. Our system includes extensometer, soil 
moisture sensor and rain gauge for sensing environmental 
behaviors. Tipping bucket rain gauge and borehole 
extensometer are being designed using their working 
principles to make them highly accurate, cost effective, 
flexible and easily applicable for the work. Arduino MEGA 
is used as a core controller that processes measured data to 
display on LCD in the deployment site and stores those data 
taken at specified intervals on SD card. GSM/GPRS module 
is also used to send information.  

Siren is automatically enabled as soon as threshold values 
are reached. Landslide Early Warning System (LEWS) is all 
about detecting probable landslides as soon as possible to 
avoid or at least to minimize human casualties. 
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II. LITERATURE REVIEW 

Zhang Wenlong, Guo Quing and Liu Baoshan [1] 
designed the landslide warning system based on the wireless 
sensor networks using ZigBee protocol. They designed this 
system mainly relying on the role of two sensors, liquid 
level sensors and angle sensors. They set up some vertical 
holes along the mountain and deploy liquid level sensors 
and angle sensors in the different depths of the hole. These 
sensors are used to monitor water level and slope angles of 
the mountain. When the landslide occurs, the sensors sent 
the data by the wireless sensor networks to the monitoring 
canter. Wireless network sensor is made of all kinds of 
nodes, including terminal nodes, routing nodes and 
coordinator nodes. Terminal nodes collect data about the 
mountain and send them to the router, the router is also 
responsible to collect data of mountain and act as a routing 
role. Eventually, these data are sent to coordinator where it 
establishes a network and test the received data and transfer 
the data to the GSM and GSM module send the data to the 
remote monitoring center where the data are displayed on 
the screen.  

Maneesha V. Ramesh, Sangeeth Kumar, and P. Venkat 
Rangan [2] published this detection system in the 
conference paper of 2009. Here, a sensor such as Geophone, 
Pore pressure transducer, dielectric electric sensor and strain 
gauge are used to sense the occurrence of the landslide. The 
initial slope failure of sloppy land can occur due to the 
increase in pore pressure and soil moisture content, under 
heavy rainfall, which necessitates the inclusion of 
geophysical sensors for detecting the change in pore 
pressure and moisture content with the warning system 
developed for landslide detection. So, the system discussed 
in this paper also includes geophysical sensors such as pore 
pressure transducer and dielectric moisture sensor for 
capturing the in-situ measurements. After the slope failure, 
the subsequent transport of the material happens that will 
generate slope gradient change, vibration, etc. which has to 
be measured and monitored for the effective issue of 
warning. So, the warning system includes strain gauge and 
tiltmeter. Along with them, geophone is used for analyzing 
the vibration.  

AghusSofwan, Sumardi, M. Ridho, Abdul Goni and 
Najib [3]designed Wireless Sensor Network for Landslide 
Warning System in IoT Architecture.  This system 
implements machine-to-machine communication, which 
may not need human interaction into the system. The 
proposed system considers three domains, which are sensors 
node domain, communication domain, and user access 
domain. Each node consists of a coordinator and four 
sensors, which are a temperature sensor, humidity sensor, 
slop sensor, and soil moisture sensor. Data comes from 
sensors are collected by a single-chip microcontroller, which 

is Arduino Mega 2560. They used a cellular network in the 
communication domain which provides internet services. 
Data from a node then are transmitted using GSM modem in 
the gateway. Each node is equipped with the solar cell that 
supplies power for its operation.  

Terzis. Andreas., Anandarajah. Annalingam., Moore. 
Kevin., Wang. I-Jeng. [4], “Slip  

Surface Localization in Wireless Sensor Networks for 
Landslide Prediction” discusses the topic of slip surface 
localization in wireless sensor networks, which can be used 
for landslide prediction. A durable wireless sensor node has 
been developed, which can be employed in expandable 
wireless sensor networks for remote monitoring of soil 
conditions in areas conducive to slope stability failures. In 
this paper, real time deployment of a heterogeneous network 
in India for landslide detection has been discussed. This 
study incorporates both theoretical and practical knowledge 
from diverse domains such as landslides and geomechanics, 
wireless sensor, Wi-Fi, and satellite networks, power saving 
solutions, and electronic interface and design, among others, 
which paved the design, development, and deployment of a 
real-time landslide detection system using a wireless sensor 
network.   

Leonardo Zan, Gilberto Latini, Evasio Piscina, Giovanni 
Polloni and Pieramelio Baldelli [5] developed Landslides 
Early Warning Monitoring System in Campo Italy. The 
system is composed of a series of sensors, of easy and rapid 
installation which measures seismic noise, ground 
displacements, piezometric level, and rainfall. Thus, the 
sensors used are laser diastimeter, groundwater level gauge, 
geophone and rain gauge. The sensors are linked by means 
of a data acquisition card to a personal computer capable of 
processing data and emitting alert and warning signals 
whenever the established threshold is exceeded. By means 
of a GSM system, this instrument transmits alert signals to 
the operators in charge of monitoring. The system receives 
the signals, the digitizes and stores them in specific files for 
each sensor, and permits their download by means of 
computer storage media. The warning signals are provided 
by the means of SMS technology.  

PraptiGiri, Kam Ng, and William Phillips [6] designed 
Wireless Sensor Network System for Landslide Monitoring 
and Warning. Remote monitoring and warning of landslides 
are made possible by the advancement of technologies, 
including radar systems robotic total station but they used 
WSNS due to real-time data collection, processing, and 
transmission allowing effective remote monitoring and 
warning. Here, they divided the system in hardware and 
software part. The hardware for the landslide monitoring 
and warning system consists of three main components: 
capture server, sensors, and power sources. The capture 
server is comprised of an Internet connection, sensor 
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communication devices, data storage devices, and an 
advanced reduced instruction set computing machine 
processor. BNO055 absolute orientation sensor device by 
Bosch was selected for meeting the requirement of this 
study with a three-axis accelerometer and a three-axis 
gyroscope. The sensor device with a minimum of 
accelerometer and gyroscope sensors allows movement 
detection and failure type determination. For software for 
this system is Node-RED. The Node-RED flows are created 
to control the sensors in the WSNS for start-up and end of 
data collection into the database, monitor the change in 
motion of sensor devices based on live graphing, and send 
warning signal(s) to the authorized personnel via e-mail or 
text messages. 

 

III. METHODOLOGY 

A)  Requirement Gathering and analysis 

All the electronic modules and sensors were collected 
after the immense research on them according to the 
required conditions. Arduino MEGA is used as a 
microcontroller that is based on AT mega 2560. For GSM, 
we selected SIM 900A module. Being the most popular and 
cost-effective solution, we decided to go with this module. 
Variants of SIM 800 modules could be used. Those modules 
offer Bluetooth and FM features that are insignificant to our 
system. SD card module, 4×3 Keypad, and 16×2 LCD 
module were introduced to our work that basically acts as 
I/O components. Real Time Clock (DS3231) and normal 
piezoelectric buzzer were also introduced. We chose 
resistive soil moisture sensor over capacitive soil moisture 
sensor. Dealing with resistive soil moisture sensors are 
simple, yield successful results and are economical. I2C 
module was added to reduce the complexity in the 
connection between Arduino and LCD module. We needed 
to select the best type for designing the rain gauge. Various 
popular types of rain gauge are available, namely: non-
recording type, recording type, weighing bucket type, 
tipping bucket type, and floating type. Tipping bucket rain 
gauge was found to be best suited for our work. Tipping 
bucket measures the rainfall data directly and displays it on 
the interfaced program software. This makes us easier since 
the observer doesn’t need to go to the instrument field. Also, 
the main character (i.e. light, medium or heavy) can be 
obtained easily. Tipping bucket is not limited to rainfall 
capacity and its output data can be observed wirelessly in 
long range, thereby being the best alternative as it requires 
less maintenance too. The idea of wire extensometer was 
taken in light. Being the major component to measure the 
displaced land length, we had to design a better instrument. 
For these, laser displacement sensor, non-contact 
displacement sensor or extensometer was selectable. We 
found wire extensometers easier to use and they have a 

relatively low cost. Most importantly, they are usable and 
some extensometers do not require special instrumentation. 
A multi-step potentiometer with 10 turns and 10K Ohms 
was taken for our extensometer. Moreover, the Hall Effect 
sensor US1881 was also taken. Using this sensor, it was 
simpler to interface with the rain gauge and the program. 
Alternatively, Reed Switch could also be used instead. Hall 
Effect sensor was concluded to be the best sensor to use in 
our rain gauge since it’s more convenient and makes the 
working mechanism of rain gauge much easier. 

B)  Design 

 

 
 

Fig. 4. Block diagram of the system 

C)  Flowchart 

The flow chart of the system is shown in Fig 2. 

D)  Implementation 

The designed model will be installed on the site where 
there is a high probability occurrence of translation 
landslides. After the installation, the test will be performed 
to ensure the communication between the microcontroller, 
sensors, and modules used in the system. Test data will be 
sent from the sensors to the Arduino which will be displayed 
on the LCD module.  



                                                              

 

 

E)  Testing 

Arduino IDE was used to compile and upload 
programming code into the required modules. Each module 
were tested multiple times as required and After the 
fabrication of different modules and sensors with Arduino 
MEGA, the code was optimized using the software where 
all the commands for the operation were coded according to 
which the all the devices in the system was operated. After 
completion of optimization of the codes, the system was 
tested multiple times to learn about the real time problem 
that could occur after the implementation. 

IV. RESULTS AND DISCUSSION

Individual parts of the system have been interfaced with 
Arduino to produce their respective output. GSM module 
was successfully interfaced to send a message to multiple 
mobile numbers. An RTC and SD card module were 
combined to save the data with the current date and time in 
the following format: “DATE: 10.06.2019 TIME: 18:29:02 
Soil moisture: 81 % Crack elongation: 250 cm Rainfall: 0.00 
mm” LCD module was interfaced to display the data. Hall 
Effect sensor detected the change in the magnetic
which can be mounted in the rain gauge to count the tip of 
the tipping bucket and measure the amount of rainfall. Soil 
moisture sensor was interfaced to measure the moisture 
content in the soil. A 4×3 keypad was interfaced to control 
the display of data on LCD. Piezo buzzer, which works on 
the principle of piezoelectricity, was able to produce sound 
when the value exceeded the defined limit. A multi

Fig. 5. Flowchart of the system 
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Arduino IDE was used to compile and upload the 
programming code into the required modules. Each module 
were tested multiple times as required and After the 
fabrication of different modules and sensors with Arduino 
MEGA, the code was optimized using the software where 

ion were coded according to 
which the all the devices in the system was operated. After 
completion of optimization of the codes, the system was 
tested multiple times to learn about the real time problem 

 

ISCUSSION 

Individual parts of the system have been interfaced with 
Arduino to produce their respective output. GSM module 
was successfully interfaced to send a message to multiple 
mobile numbers. An RTC and SD card module were 

a with the current date and time in 
the following format: “DATE: 10.06.2019 TIME: 18:29:02 
Soil moisture: 81 % Crack elongation: 250 cm Rainfall: 0.00 
mm” LCD module was interfaced to display the data. Hall 

sensor detected the change in the magnetic field 
which can be mounted in the rain gauge to count the tip of 
the tipping bucket and measure the amount of rainfall. Soil 
moisture sensor was interfaced to measure the moisture 
content in the soil. A 4×3 keypad was interfaced to control 

data on LCD. Piezo buzzer, which works on 
the principle of piezoelectricity, was able to produce sound 
when the value exceeded the defined limit. A multi-turn 

potentiometer has been interfaced to calculate the length of 
crack on the land. Following results
the system: 

 
TABLE I.  DATA FROM 

Sensors  Extensometer 

Values 250 cm 

 

V.  CONCLUSION

The system concludes to be an effective implementation 
for landslide detection at vulnerable regions and thereby 
being a feasible system to avoid the losses possibly caused 
due to the landslide. The work is a complete system that 
measures rainfall, crack elongation 
area where the system is installed. The system includes a 
rain gauge, extensometer, and soil moisture sensor 
respectively. The corresponding values can be displayed on 
LCD manually via the keypad. With the help of the SD card 
module and RTC, these data are stored on the SD card and 
updated automatically every 60 seconds in real time. 
Arduino MEGA, as the core processor analyzes the data 
which when exceed the threshold values activate the GSM 
module and message is sent to 
evacuation, residing locals are alerted via 
has been developed for the effective detection of landslide 
since Nepal has crucial regions that are vulnerable to 
landslides. The installation and implementation of our 
system are possible with affordable budget. Although 
limited instruments and sensors are used in our work, future 
enhancements can be made for better reliability.

VI. RECOMMENDATION

Due to system’s flexibility, new updates can be done to 
produce a better-optimized system.
accelerometer can be added to measure the vibration of the 
land. Other sensors such as geophones, laser diastimeter, 
and ground-level gauge can be used to measure various 
parameters such as seismic noise, ground displacements, 
and piezometric level respectively. Other modules like pore 
pressure transducer, Strain Gauge, wireless probe, etc. can 
be applied to the existing model. The system can be 
enhanced by applying the IoT concept where real
can be displayed on a website via the int
can be stored in the cloud. 
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potentiometer has been interfaced to calculate the length of 
crack on the land. Following results were seen while testing 

ATA FROM SENSORS 

Soil 
moisture 

Rain 
gauge 

81% 29.5mm 

ONCLUSION 

concludes to be an effective implementation 
for landslide detection at vulnerable regions and thereby 
being a feasible system to avoid the losses possibly caused 

work is a complete system that 
measures rainfall, crack elongation and soil moisture of the 
area where the system is installed. The system includes a 
rain gauge, extensometer, and soil moisture sensor 
respectively. The corresponding values can be displayed on 
LCD manually via the keypad. With the help of the SD card 

e and RTC, these data are stored on the SD card and 
updated automatically every 60 seconds in real time. 
Arduino MEGA, as the core processor analyzes the data 
which when exceed the threshold values activate the GSM 
module and message is sent to authorize people. For 
evacuation, residing locals are alerted via siren. This system 
has been developed for the effective detection of landslide 
since Nepal has crucial regions that are vulnerable to 
landslides. The installation and implementation of our 

ossible with affordable budget. Although 
limited instruments and sensors are used in our work, future 
enhancements can be made for better reliability. 

ECOMMENDATION 

Due to system’s flexibility, new updates can be done to 
optimized system. Sensors like 

accelerometer can be added to measure the vibration of the 
land. Other sensors such as geophones, laser diastimeter, 

level gauge can be used to measure various 
parameters such as seismic noise, ground displacements, 

level respectively. Other modules like pore 
pressure transducer, Strain Gauge, wireless probe, etc. can 
be applied to the existing model. The system can be 
enhanced by applying the IoT concept where real-time data 
can be displayed on a website via the internet and those data 
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