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Abstract— Nowadays in the current 

world, speech recognition has gained 

prominence and use with the rise of 

AI and intelligent assistants, such as 

Amazon Alexa, Apple Siri, Microsoft 

Cortana, Google assistant. Speech 

recognition is the ability of a machine 

or a program to identify words and 

phrases in spoken language and 

convert them to a machine-readable 

format. Speech recognition has many 

applications such as voice dialing, call 

routing, search keywords, simple data 

entry. The research aims to compare 

the performance to identify the best 

model between the two neural 

networks i.e., CNN (convolution 

neural network) and basic Neural 

Network for speech recognition. To 

find the best model among CNN and 

basic NN the audio data is collected 

from the internet and noise 

elimination on the audio data and 

data should be cleaned for further 

process, then the cleaned audio data is 

fed into CNN or basic NN 

architecture and trained with 

different layers. Finally, the trained 

model is checked for accuracy, 

validation accuracy and then the 

trained data is tested with test data to 

check test accuracy of a given Model. 

 

Keywords— CNN, Basic NN, 

spectrogram, accuracy. 

 

1. INTRODUCTION 

     Today in the current generation 

speech recognition is playing a major 

role in most of the fields such as 

smartphones, Tv, voice call routing, 

voice dialing, search keywords, simple 

data entry. We all know that whenever 

we call to any customer care service 

there will be a virtual assistant to assist 

us 

before we reach to main person to whom 

we want to talk, the technique used here 

was Call routing which refers to the 

procedure of sending voice calls to a 

specific queue based on predetermined 

criteria. A call routing system is also 

known as an automatic call distributor 

(ACD). Since traditional models of 

customer service were based on phone 

support or call support as one of the 

primary methods of contact between 

customers and companies for business 

purposes, the procedure of sending calls 

to the right agent became very much 

important. Today, modern agents 

interact with customers through a 

variety of channels. 

In earlier days most of the people use to 

call by typing the number in the phone 

but nowadays voice-enabled calling is 

also available where people use to call 

anyone through their voice without 

typing any number in the phone, this has 

made easier to the people but the 

problem is if anyone is in such a place 

where there is more noise and more 

disturbance then voice-enabled calling 

may not work correctly as more than 

two or more voices mixes, where it will 

be difficult for a system to recognize our 

voice in such a worst environment. To 

overcome this best noise elimination 

technique should be used where it can 

eliminate noise up to a level. Voice-

enabled calling is also known as voice 

dialing which uses speech recognition 

software. 

In the present world, it is possible to 

entry some of the data in excel or word 

documents using our voice which 

enables you to do hands-free data entry 

http://jespublication.com/


Vol 11, Issue 1, Jan / 2020 
ISSN NO: 0377-9254                                  

  

 

 

www.jespublication.com Page No:286 

  
 

 

by dictating the text or numbers that we 

want to be entered in the current cell and 

to issue voice commands that allow you 

to choose menu items, dialog box 

options, or even toolbar buttons by 

simply saying their names. This saves 

our time and work can be done faster 

compare to typing work. Even for voice 

data entry speech recognition software 

have been used. When using Speech 

Recognition to dictate data entries, we 

need to keep the microphone close to 

our mouth and in the same position as 

you dictate. Depending upon the 

microphone quality we need to speak 

normally and in a low but not monotone 

voice, pausing only when you come to 

the end of a thought or the data entry for 

that cell and it takes time for our 

computer to process our speech, and 

therefore, depending upon the speed of 

your processor, it may take some time 

before your words appear on the 

Formula bar and in the current cell. This 

can be improved by training more and 

more audio data using deep learning or 

machine learning algorithms. 

As we know Google Assistant and 

Microsoft Cortana are widely used 

nowadays such as searching for 

information on the internet or it may 

search for information on the computer 

such as files, folders, documents, and 

many other things. All these are done 

through our voice, whatever ever we 

speak, or we tell Google Assistant and 

Microsoft Cortana it will search and 

gives us a piece of information about 

what we required. Therefore, Speech 

recognition is playing a major role in 

Google assistant, Microsoft Cortana, and 

Apple Siri. Day by Day the accuracy of 

converting from speech to text in 

Google Assistant, Microsoft Cortana, 

and Apple Siri is increasing. 

Think of a situation where you want to 

share your feelings to someone or you 

want someone to entertain you in your 

sad times then Amazon Alexa or 

amazon echo can be used, whenever we 

speak it will listen to us and give some 

information like if we tell "Alexa sing a 

song" it will sing some song for us or if 

we tell "Alexa tell us some news about 

today" so Alexa will tell us the news 

about today, Amazon Alexa is speech 

recognition device which recognizes our 

speech and depending upon that it gives 

some output. 

2. LITERATURE REVIEW 

Speaker Recognition is a technique 

used to automatically recognize a 

speaker from a recording of their voice 

or speech utterance. In [1] They have 

presented automatic speaker recognition 

of Sepedi home language speakers using 

four classifiers namely Support vector 

machines (SVM), K-Nearest Neighbors, 

Multilayer Perceptron (MLP) and 

Random Forest (RF) which are trained 

using WEKA data mining tool. The 

performance of each Model was 

evaluated using 10-fold cross validation. 

The Best accuracy was achieved by two 

classifier Multilayer Perceptron (MLP) 

with 97% of accuracy and Random 

Forest with 99.9% of accuracy. Finally, 

RF model was implemented on a 

graphical user interface for development 

testing. 

Automatic Speech Recognition 

(ASR) and spoken language 

understanding are one of the most 

important part of applied machine 

intelligence. In [2] they have focused on 

isolated voice command recognition for 

autonomous man-machine and 

intelligent robotic systems, they have 

created grammar model for small testing 

of command set with self-loops for each 

state to return blank symbols for noise 

and out of vocabulary words. They have 

compared recognition accuracy and 

average decision-making time of our 

approach with the state of the art 

continuous speech recognition engines 

based on language models and it has 

been experimentally proved that their 

approach was achieved 60% higher 

accuracy than conventional offline 

speech recognition methods based on 

language models. 

With the advance in the Deep 

learning, the performance of automatic 

speech recognition (ASR) has improved 
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rapidly [2]. In [3] They have presented a 

method of enhancing automatic speech 

recognition dataset with an immature 

pre-trained model and script. They have 

compared the chunks obtained from the 

pre-trained model with ground truth 

script and produced the pair of an audio 

and its script. In each pair, the audio has 

beginning and end of an utterance, and 

the script is since they have used 

human-written script. The method which 

they have used extracted automatic 

speech recognition dataset in exact and 

effective manner. 

The voice is most important and one 

of the natural forms of communication 

among from livelihood. In [4] they have 

done survey on speech recognition 

approaches and techniques where from 

longer time most of the people are 

working in a area of voice recognition 

and communication. According to [4] 

most of the researchers also contributed 

in the field of speaker dependent and 

speaker independent voice recognition. 

They have discussed various approaches 

available for developing an ASR system 

with advantages and disadvantages and 

it is shown that ASR system 

performance depends upon two factors 

which is feature extraction techniques 

and speech recognition approach for 

language. 

In [5] They have proposed a neural 

vocoder-based test-to-speech (TTS) 

system that effectively utilizes a source-

filter modeling framework. They have 

used two neural vocoder algorithms 

such as SampleRNN and WaveNet 

which are well known to generate high-

quality speech, but its generation speed 

was very slow to be used for real-world 

applications. They have trained two 

models separately i.e. training the 

spectrum or acoustic parameters with a 

long short-term memory model and the 

excitation component with a 

SampleRNN-based generative Model. 

Finally, the results confirm that the 

superiority of the proposed system over 

a glottal modeling-based parametric and 

original SampleRNN-based speech 

synthesis systems. 

 

3. EXPERIMENT 

     Literature review was done on 13 

research papers and founded that 

convolutional neural network provided 

better performance on speech 

recognition compare to other neural 

networks when audio data is converted 

into image and fed into CNN. 

3.1. IMPLEMENTATION 

 

 

Fig. 1  Block diagram for implementing 

CNN 

     The TensorFlow speech command 

dataset was collected from online which 

consist of 30        classes out of which 

21 classes where commands namely 

down, eight, five, four, go, happy, left, 

nine, no, off, on, one, right, seven, six, 

stop, three, two, up, yes, zero and others 

were background noises. The data which 

was collected are analyzed and 

converted into spectrogram only for yes, 

nine, no, up, two speech commands to 

extract and represent some features from 

it and then the data has been trained 

using Convolutional neural network and 

classification result was obtained and 

model was created which was later used 

to predict. 

3.2. DATASET 

     There are not so many publicly 

available datasets that can be used for 

simple audio recognition problems. 

Luckily, Google’s TensorFlow and AIY 

teams have created freely available 

Speech Commands Dataset. This 

contains around 65000 one-second 

sound files with commands   like Go, 

Yes or Stop. In the Experiment only 5 

speech commands to train convolutional 

neural network model namely yes, nine, 

no, up, two. 
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3.3. FEATURE EXTRACTION 

     To extract feature from dataset one 

audio file was taken from each of 5 

speech command and plotted the graph 

between amplitude and time to see the 

difference between all the 5 commands. 

The below figure 3.1 shows amplitude 

vs time graph for one audio of each 5- 

speech command and graph show that 

how amplitude is varying with time for 

different speech commands, amplitude 

vs time graph was used to check how 

our audio signal looks. 

 

Fig. 2 Amplitude vs time graph for up, 

no, yes, nine, two speech commands. 

Then the audio data from each speech 

command out of 5 was converted into 

log spectrogram to extract some features 

like frequency and time and to feed 

those features into our model. The 

spectrogram is a representation of audio 

file in a frequency domain (instead of a 

temporal domain as it was for a raw 

data). In order to convert raw data to 

spectrograms I have    applied Short-

time Fourier Transform (STFT). 

 

Fig. 3 Log spectrogram of yes, nine, two 

speech command 

3.4. TRAINING MODEL 

The Basic Neural Network consist of 

one input layer, one flattens input layer, 

3 dense layer and one output layer. The 

Spectrogram which was generated from 

the audio data was fed into Basic neural 

network as input with three dense layers. 

CNN use additional layers at the 

beginning of the neural network to 

reduce the size and preprocess an image. 

The basic architecture of CNN includes: 

Convolutional Layer– uses 

convolutional layer to filter required 

input signal and extract some more 

additional image features from the audio 

data, Activation Function – applies non-

linear function to the given data such as 

rectifier,relu to the outputs of 

convolutional layer, Pooling Layer – It 

performs a down sampling operation 

reducing the size of an input with max() 

or sum() operation Fully-Connected 

Layer – each neuron in the previous 

layer is connected to each neuron on the 

next layer with last such layer producing 

outputs of neural network. In other 

words, convolutional and pooling layers 

represent high-level features of the input 

image. The pooling layer reduces the 

size of an image to control overfitting. 

Moreover, convolutional and pooling 

layers are still valid to use during 

backpropagation algorithm so that the 

neural network can be still trained using 
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gradient descent approaches. In the 

experiment it has been implemented 

three convolutional layers. In each case 

the layer has 32 filters, 3×3 window 

with stride=1 and same padding. The 

output generated was 4D array of size 

(32,177,98,1). For each batch CNN 

accepts 3D array, therefore it has been 

artificially extended the last dimension 

of a log- spectrogram. 

4. RESULT ANALYSIS 

Trained Speech command dataset for 5 

speech command and obtained better 

performance and accuracy on train, test 

and validation data using convolutional 

Neural Network compare to Basic 

Neural Network. From fig 3.5 and fig 

3.6 it has been seen that the model 

which was trained using convolutional 

Neural Network has achieved 99 % of 

accuracy on train dataset ,79 % accuracy 

on validation and 91% accuracy on test 

dataset and Model which was trained 

using basic Neural Network as achieved 

20% of accuracy on train dataset, 19% 

of accuracy on validation and 19% of 

accuracy on test dataset. An early 

stopping has been implemented while 

training the model so that the model do 

not overfit and it stops the execution if 

model try to overfit, for CNN model it 

has been executed for all 15 epoch but 

for basic Neural Network it has been 

executed only for 5 epoch. 

 

Fig. 4 Model accuracy and Model loss 

for CNN 

 

Fig. 5 Model accuracy and Model loss 

for Basic NN 

Fig. 4 and Fig. 5 shows the plot between 

accuracy vs epoch and loss vs epoch. 

Validation loss is very much poor in 

Basic NN and it just the straight line 

which means the Basic NN model is 

under fitting the model. On the other 

hand, it has been seen that CNN model 

perform well on used dataset and it give 

better accuracy on train dataset compare 

to Basic NN. Even we can see that there 

is huge loss in Basic NN model on given 

dataset and on CNN model the loss is 

less compare to Basic CNN model.  

 

Table I. Accuracy obtained from CNN 

and Basic NN for speech command 

dataset. 
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5. CONCLUSION AND 

FUTURE WORK 

     The speech command dataset which 

was collected from online had 30 classes 

from which 5 classes was selected 

namely up, no, yes, nine, two for 

extracting features, training model and 

testing the model. The data was split 

into 3 parts i.e. train, test and validation 

and was converted into log spectrogram 

which have been fed into convolutional 

Neural network, from result analysis it 

has been proved that Convolutional 

Neural network performed well on 5 

speech command which gave train 

accuracy of 99% and validation 

accuracy of 79% and the model was 

tested on test data which gave 91% of 

accuracy compare to basic Neural 

Network which gave train accuracy of 

20% and validation accuracy of 19% 

and the model was tested on test data 

which gave 19%, from this it has been 

concluded that Convolutional Neural 

Network performed well on images and 

gave better accuracy. After 

Implementation of Basic Neural 

Network and Convolutional Neural 

Network for speech command dataset 

the future work is towards implementing 

Recurrent Neural Network for same 

speech command dataset and hybrid 

model of CNN and RNN on same 

speech command dataset. 
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