
 

 
Abstract: This paper presents an application of 

an implemented system for pedagogical - special 
educational purposes in the form of an interactive 
toy that uses voice commands in Serbian and 
Hungarian language. The project consists of three 
parts. The first part of the project is the 
development of hardware, an interactive 
educational toy, which is based on the IoT platform 
with speech recognition support for Serbian and 
Hungarian language. This part of the research 
refers to the selection of appropriate hardware 
components, such as sensors, communication 
modules and IoT platforms, and which meet the 
criteria of fast signal processing, fast 
communication, low power consumption, and high 
reliability. The hardware is installed in a plush toy. 
The second part deals with the development of 
software for an interactive educational toy. The 
accelerated development of technology has 
contributed to the improvement of educational 
methods in all segments and levels of education. 
In addition to application of a number of 
information and communication technologies, the 
teaching method and teaching principles are 
changing. Games are a form of active learning that 
allows a child to control the process to a certain 
extent and to achieve a certain interaction with the 
game. Game-based learning (GBL) is based on an 
active learning methodology and encourages 
commitment-based learning activities and 
challenges to achieve set learning goals. The third 
part of the research refers to development of a web 
system that would be responsible for content 
management and analysis and statistical 
processing of collected data. 
 

Index Terms: IoT; Neural Network; Speech 
recognition; Raspberry Pi. 

1. INTRODUCTION 

Related work from conferences and scientific 
journals dealing with this topic were analyzed 
 
[5][4][12]. This work follows the reviewed articles 
from similar solutions that are based on platforms 
such as Amazon Alexa, Apple Siri, Google 
assistant, etc., ready-made solutions or  
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development teams have developed their own 
speech recognition systems but Serbian and 
Hungarian have not been supported yet [3]. 
Testing has shown that the platform works well 
with English-language commands. For speakers 
of English and other familiar languages, there are 
many programs that convert speech to text. But 
that is not the case for languages from Hungarian 
or Serbian speaking area. It is not profitable for 
big companies to develop that kind of a solution, 
and there is no one else who would deal with it. 

Speech recognition is a task that involves 
recognizing patterns on multiple levels, in which 
sound signals are examined and structured into a 
hierarchy of parts of words, phrases and 
sentences. Each level provides an additional 
temporary constraint, such as: a familiar 
pronunciation of a word or the correct sequence 
of words. This hierarchy of constraints can best 
be exploited by combining decisions based on 
probability at a lower level and decision-making 
only at the highest level [10][7]. 

Speech is a natural form of communication for 
people. We learn all the relevant skills during 
early childhood, without instructions, and we 
continue to apply that to our speech 
communication throughout our lives. For us, it 
becomes so natural that we are not able to 
realize at all how complicated the phenomenon of 
speech itself is. The human vocal tract and 
articulators are biological organs with nonlinear 
characteristics, whose work is not only under 
conscious control, but is also influenced by 
factors ranging from sex to emotional state [8]. 
As a result, vocalization can vary widely in terms 
of accent, pronunciation, articulation, roughness, 
uniqueness, volume, and speed; also, during 
transmission, our irregular speech pattern may 
be further disrupted by background noise and 
echo, as well as electrical characteristics (if 
telephones or electronic equipment are used). All 
of these source variabilities make speech 
recognition, even just speech generation, a very 
complex problem [4]. 

What makes people so good at speech 
recognition? The human brain is known to be 
wired differently than a computer; in fact, it 
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operates under a radically different paradigm of 
computation. While a conventional computer 
uses a very fast and complex CPU with explicit 
program instructions and locally addressable 
memory, human brain uses a massive parallel 
collection of slow and simple processing 
elements (neurons), densely connected by 
weight (synapses) whose power is modified with 
experience, directly supporting the integration of 
multiple constraints and providing a distributive 
form of associative memory. 

Impressive brain superiority in a wide range of 
cognitive skills, including speech recognition, has 
inspired research into a new computing 
paradigm. The paradigm, used since the 1940s, 
suggested that brain-like models can lead to 
brain-like performance in many complex tasks. 
This field of research is now known as 
connectivism or the science of artificial neural 
networks [1]. 

 

 
Figure 1: Structure of a speech recognition system. 

What is the current state of speech recognition 
skills? This is a complicated question, because 
the accuracy of the system depends on the 
conditions under which it was developed [2]. 
Under sufficiently directed conditions, almost any 
system can achieve accuracy similar to a human, 
but it is much more difficult to achieve good 
accuracy under general conditions. 

2. SPEECH RECOGNITION METHODS 

Human speech has very specific features that 
make it difficult to process it in computing. The 
most common approach used is to divide speech 
into words, and then into phonemes, each of 
which is processed separately by certain 
algorithms, regardless of the fact that speech is a 
dynamic process without clearly separated parts. 
Speech is considered to be a continuous 
sequence of steady states combined with 
dynamically changing states [9]. In this state 
sequence, somewhat similar classes of 
phonemes can be defined. Speech recognition is 
the process of converting speech signals into a 
series of words, using an algorithm implemented 
as a computer program [16]. Most speech 
recognition systems are based on the use of a 
hidden Markov model, and use neural networks 
as the architecture. 

3. GOOGLE SPEECH SERVICE 

Google Speech service allows users to convert 
speech to text, using neural network models with 
great accuracy. It supports all devices that have 
the ability to send REST or gRPC requests and 
provides easy integration with user applications 
[12]. Speech service recognizes one of the three 
methods: 

• Synchronous speech recognition is 
performed by sending audio data to Google 
Speech service, which performs speech 
recognition and immediately returns a 
response containing the recognized 
command. Requirements are limited to an 
audio data length of 1 minute. 

• Asynchronous speech recognition is a 
method in which audio data is sent to the 
Speech API and the Long Running 
Operation is started. Using this operation, it 
is possible to periodically download the 
recognition results. This method is used for 
requests with a duration of up to 80 minutes. 

• Real-time recognition performs speech 
recognition by continuously sending audio 
data through a gRPC bidirectional stream. 
The requirements are such as to provide 
real-time recognition at the same time as the 
user speaks. 

 
In this project, a synchronous speech recognition 
approach was implemented In this case, the 
command from the local audio file is processed in 
real time. The maximum duration of a command 
that can be processed in this way is 1 minute. 
The file sharing protocol requires that an HTTP 
POST request be made to the Google Speech - 
speech recognition service, with the encoded 
audio file being placed in the post request data 
field. 

It is assumed that the project will run on a 
dedicated resource-limited computer, so the code 
is written in the Python programming language. 
Logically, the project is divided into two large 
units in such a way that one unit focuses entirely 
on waiting and recognizing the keyword, 
recording the sound, encoding it in the 
appropriate format and sending it to the 
appropriate server. The second unit deals with 
the interaction with users. 

The purpose of the keyword recognition system 
is to call a voice assistant who will start listening 
to the requests made by the user. The keyword 
recognition system constantly listens to the voice 
string  and modifies it to make it easier for 

the decoder to decode the input. In the general 
case, the voice string contains noise , so the 

input signal can be recorded in a form 
 where  is the clear audio 

signal. In order to clear the input audio signal 
from noise, noise reduction algorithms are used 
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[14]. After noise reduction, it is necessary to 
equalize the spectrum of audio signals. Namely, 
a child who uses an interactive learning toy has a 
specific voice, so it is necessary to use the 
appropriate sampling frequency. A FIR filter can 
be used to equalize the audio spectrum. When 
the input audio signal is cleared of noise and its 
spectrum is balanced, the array is converted from 
analog to digital form. The keyword listening 
system then sends an audio signal to the 
keyword model, which checks to see if the 
keyword is in the input audio signal string. The 
keyword model solves the binary classification 
problem [6]. Namely, this model classifies the 
input audio sequence into two sets. The elements 
of the first set are words that are keywords, while 
the elements of the second set are words that are 
not keywords. One of the methods for solving the 
problem of binary classification is by using neural 
networks. Since the input audio signal can be 
viewed as a time series that can vary in length, it 
is necessary to apply recurrent neural networks. 

4. THE STRUCTURE OF THE DEVELOPED SYSTEM 

This section presents the basic structure of 
automatic speech recognition systems that are 
TTS (text to speech) and STT (speech to text). 
The main elements of speech that must be taken 
into account when creating such systems are 
explained [15]. The following speech recognition 
algorithms and tools were used artificial neural 
networks, hidden Markov models, and deep 
neural networks. The architecture of the speech 
synthesis system is also explained and all the 
analyzes that the system performs during 
processing are described in Fig 2. The last part of 
the report describes the implementation of a 
voice recognition application (Voice command) 
within the Raspbian operating system. 

 
Figure 2: System overview 

 

Volume and other sound characteristics can be 
changed at the command line, or using a small 
graphics utility called Alsamixer as depicted on 
Fig 3. 

 
Figure 3: Audio subsystem setup 

In this utility, it is possible to change the volume 
and mute or unmute the sound with the "m" key. 
The program gives the possibility to change the 
audio subsystem (if there are more than one) 
using the left and right arrow keys. 

5. SOFTWARE TOOLS 

Python is an interpreted, object-oriented 
programming language with dynamic semantics. 
It supports modules and packages that 
encourage program modularity and code reuse. 
The Python interpreter and extensive standard 
library are available in source or binary form free 
of charge for all major platforms and can be 
freely distributed [11]. 

PHP (Hypertext Preprocessor) is a specialized 
scripting language primarily intended for creating 
dynamic web content and is executed on the 
server side. Supports multiple web servers as 
well as operating systems. Today, most sites are 
created using PHP. It has very good integration 
with various databases and supports several 
programming paradigms: imperative 
programming, functional programming, object-
oriented programming, procedural programming, 
and reflection. PHP is the basic technology that 
was used in the development of the web 
platform. The communication script on the server 
side was also implemented using PHP. 

6. USED HARDWARE PLATFORM 

The components of the physical architecture of 
the system are a computer and development 
environments (Raspberry Pi 4 was used in this 
project) to which a camera and a microphone are 
connected via a USB port. The figure below 
shows the physical architecture of the complete 
system connected as a whole, with the arrows 
illustrating the name and description of the 
individual components. Fig 4. shows the main 
system component with connection options, i.e., 
the appearance of the GPIO Raspberry Pi [5]. 
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Figure 4: System hardware component 

The Raspberry Pi 4 can be powered by an 
external battery or direct mains power. The 
keyboard connects via Bluetooth. The large 
screen is activated via a micro-HDMI to HDMI 
connection. It is possible to connect a separate 
microphone and a separate camera, but in this 
case, one webcam is used that is connected via 
a USB port. A small display, which can display 16 
characters, and a LED ring that is powered via 
the Raspberry Pi 4 motherboard. The LED ring is 
used to give a visual  feedback to the user. Inside 
the plush toy there are two USB speakers. 

Part of the hardware software is programmed via 
the Raspberry Pi 4 motherboard using the Python 
programming language. After launching the 
software, the interactive toy enters standby mode 
and waits for the command words. Voice 
recognition is done via Raspberry PI software, 
processing a source taken from a USB 
microphone. The answer comes from a plush toy 
via a USB speaker.  

The plush toy is an interactive educational tool 
that knows the correct answer to the identified 
task with voice recognition in Serbian and 
Hungarian. It provides a multisensory experience 
and can contribute to improvements in the 
learning process through light and sound effects 
as depicted on Fig 5. 

User data needs to be stored in a decentralized 
database, so that it is available at all times to all 
devices connected to the network. 

 
Figure 5: Testing an interactive speech recognition system 

7. WEB PLATFORM 

A web-based platform for content management, 
collection, processing, and display of data from 
the interaction process has been created. The 
administrative web platform has several options 
for working with content categories, for entering 
and editing content, as well as for tracking 
statistics created based on the use of the system. 
Scripts for communication with the hardware part 
were also created. In addition to PHP, HTML, 
CSS, JavaScript with additional libraries were 
used. All data on the server side is stored in a 
MySQL database. Two-way communication 
between hardware and software is done via 
HTTP protocol and several API links. 
 

 
Figure 6: Testing an interactive speech recognition system 

The statistics option is used to view the data 
obtained during the interaction. In addition to the 
spoken word, data on the language set during the 
interaction as well as on the date of data entry 
are collected as shown on Fig 6. 

In the Categories option, content categories are 
displayed. One can also see the modal for 
entering a new category. 

The user interface of the web platform is clear 
and easy to use. All necessary type and safety 
checks are performed before entering the data 
into the database. To get a better user 
experience, AJAX was used, which is a group of 
interconnected web development techniques on 
the client side used to create synchronous and 
asynchronous web applications. Using AJAX, 
web applications can send and receive data from 
the server asynchronously (in the background) 
without changing current display and behavior of 
the page. 

8. ACHIEVED RESEARCH RESULTS 

The planned results of the project were: 

 Development of a platform for speech 
recognition in Serbian and Hungarian, 
which can be arbitrarily upgraded with 
functions. 

 Software solution for interactive learning. 
 Development of a management software 

for the needs of the system. 
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 Development of a web platform for data 
manipulation and data collection 

Experiences from the project, i.e., software 
solutions can be useful in the development of 
other solutions that require speech recognition. 

The description of the project and the 
presentation of all materials as well as the 
experiences from this project will be published on 
the project website www.ilppc.proj.vts.su.ac.rs, 
which is currently being developed. 

9. CONCLUSION 

After researching the ways and methods with the 
implemented voice command, it was concluded 
that the currently available platforms does not 
have good enough support for Serbian and 
Hungarian language. Testing has shown that the 
platform works well with English-language 
commands. Existing components were used to 
create an interactive toy that uses voice 
commands in Serbian and Hungarian language. 

 Raspberry Pi 4 Model B Original 4GB 
DDR 4 1.5 GHz BCM2711B0 Wireless 
with Wi-Fi 

 Raspberry Pi 4 case 
 Raspberry Pi 4 power supply, 3A, original 
 Micro hdmi adapter 
 Micro SD cards 16 GB class 10 
 Power Bank min 6600 mAh 
 USB mini speakers 
 USB microphone with camera, 8MP 

A prototype toy was created as well as additional 
software for it. The software is written in the 
Python programming language and uses 
modules with speech-to-text as well as text-to-
speech conversion. 

The hardware is connected to a computer 
network, a network cable or a wireless WiFi USB 
port, the Raspberry Pi 4 computer gets its IP 
address and is enabled to be accessed from 
other devices in the network, more precisely, it 
behaves like any other computer. Thanks to that, 
it is possible to communicate with web-based 
software that serves requests sent from the toy 
and generates responses based on these 
requests.  

The web platform was created using PHP 
programming language and several additional 
internet technologies. The web software has an 
administrative panel for content management as 
well as for reviewing collected data that is 
entered into the database during the interaction 
process. All data on the server side is stored in a 
MySQL database. Two-way communication 
between hardware and software is done via 
HTTP protocol and several API links. 

The software was tested on a Raspberry 4 
computer and in a network environment, and 
there are no major delays or major issues that 
would reduce functionality. 

The application of the implemented system for 
pedagogical - special educational purposes is 
currently in the pilot testing phase. Since the 
interactive plush toy has a built-in LED ring, it is 
possible to use it to learn color names. Namely, 
the LED ring enables the reproduction of any 
rainbow color, so it can display the color whose 
name is pronounced by the child. In this way, the 
interactive plush toy simultaneously improves 
both the child's verbal and visual abilities. It is 
also possible to reward a child with an 
appropriate light from the LEDs, if it answered 
correctly the question posed by the plush toy. 
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