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Abstract— Electronic equipment can capture music in nature and convert it to a digital audio format. Music in the digital audio 

format can be listened to using audio players with headphones or speakers. This paper will present the design and development 

of an embedded system for audio reproduction that works as an audio player. The device was developed using an Arduino Micro 

and an audio decoder with an SD card in C language with local and remote controls. It is physically built with PCB fabrication. 

The paper may be used to understand players' inside behavior and develop new audio player architectures and similar devices 

with new functionality and user cases. 
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1. Introduction 
 

Music is a universal language beyond culture, country, life 

philosophy, gender, or race. It can connect people from 

anywhere because it relies on the same principles: notes and 

physics. Music can generate mood and promote emotions by 

activating different brain neurons and changing brain 

chemistry by stimulating electro signals. Therefore, it is used 

for psychological therapy or dementia treatment. [1], [2], [3], 

[4], [5] 

 

Music can be perceived as notes or as electronics and physics. 

In a conservatory, music is perceived as notes and chords. [6] 

The most used musical notation in the world divides all 

possible sounds into 12 notes. It uses seven notes called 

natural and 5 Sharps or 5 Flats. Each key in the piano is a 

single note. In the same way, each fretboard in the guitar is a 

single note.  

 

A set of notes played or sung apart is called melody, and a set 

of notes played simultaneously is called harmony. The notes 

score from Figure 1 (top) shows the notes and their duration. 

[7], [8] The chord score of Figure 1 (bottom) shows the 

chords or harmony of a song. 

 

 

 
Figure 1. Notes Score and Chord Score. 

Source: Own authorship. 

 

On the other hand, in a studio, music can be perceived as 

physics and electronics. The sound is the variation of air 

pressure. The sound is acquired in a studio and passes 

through an extensive electronic process to output a digital 

audio format. Each note is a sinusoidal wave with a different 

frequency. [1], [6], [9], [10], [11], [12] Figure 2 (top) shows 

different frequencies for different notes. 
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Figure 2. Sinusoidal shape and frequency. 

Source: Own authorship. 

 
 

Figure 2 (bottom) shows the shape of the note sinusoidal 

waves. The amplitude of the signal is the sound intensity. 

Voice singing or acoustic instruments produce analog signals 

with sound energy, as shown in Figure 3. 

 

 
Figure 3. Studio Signal Flow. 

Source: Own authorship. 

 

The microphone is a transducer that transforms sound energy 

into electrical energy. The digital interface digitalizes the 

analog electrical signal and amplifies the generated digital 

signal. Digital software mixes the digital signal with 

equalizers and plug-ins. An equalizer is a set of digital filters 

that selects and adjusts the intensity of sound of each 

frequency. [1] 

 

The Fourier Transform transforms the signal representation at 

the time domain into the frequency domain. The human ear 

hears the sound as bands of frequency. Low frequencies are 

listened to with lower intensity. Plug-ins add effects to the 

digital signal by changing frequency and timbre. Some 

examples of plug-ins are Chorus, Reverb, and Echo. The 

digital signal is compressed and encoded as MP3, AIFF, 

WAVE, or others. [1], [9], [13], [14] 

 

Digital audio can be listened to using audio players with 

headphones or speakers. Different devices such as 

smartphones, tablets, and computers have built-in audio 

players inside of them nowadays. The audio player's 

functionality is designed according to their application. 

 

This paper will present the design and development of an 

embedded system for audio reproduction with local and 

remote control using an Arduino micro and the C language. 

The device is physically built with PCB fabrication. Section 2 

will present the material and methods, and Section 3 will 

present the digital audio encoding techniques. Section 4 will 

present the design and development of the embedded system 

for audio reproduction. Section 5 will show the results and 

discussion, and Section 6 will drive the conclusions. 

The importance of the paper is that it makes the relationship 

between music and electronics using signal flow flux to 

present in detail the steps of the development of audio 

players. Therefore, the study of this paper makes it possible to 

understand players’ inside behavior and data exchange. The 

paper may be used as a reference to design different players´ 

architectures.  

 

2. Materials and Methods 
 

Initially, the author studied the concepts of signal 

digitalization, compression rate, and digital audio formats. 

Secondly, the author developed an essential audio player 

using different digital and analog electronic components 

connected to an Arduino Microcontroller. The firmware was 

written in C and uploaded using the Dev C compiler. 

 

The essential player can read a set of songs from an SD card 

and reproduce them in an audio output such as a headphone 

or speaker. The order in which the songs are reproduced 

follows the order in which they are displayed inside the SD. 

 

Then, the author developed local and remote controls for the 

player. The local control of the device was developed by 

integrating switches and resistors into the system and 

changing a few lines of code. In this way, the user can control 

the player by interacting with the device's hardware. 

 

The remote control was developed integrating a Bluetooth 

module into the system and making new software changes. In 

this way, the user can control the device from a MacBook Pro 

by Bluetooth. 

 

Later, the author developed a Mac Book Pro Interface using 

the software Xcode. In this way, the user controls the player 

from the MAC Book Pro intuitively.  

 

After the audio player was working on protoboards, the 

circuit layout was designed on Printed Circuit Boards using 

the software P-CAD and assembled using the iron removal 

technique. 

 

After the PCB Design, the author designed a 3D box using 

the software Sketch Up. The 3D box makes the device more 

resistant to mechanical collision and can be used to hold the 

device and make it easier to transport. 

 

Finally, the author corrected software errors using hardware 

and software tests to make the system more robust and 

improve its behavior.  

 

3. Digital Audio 
 

The way the sound appears in nature, it is an analog signal 

with continuous time because its amplitude can assume 

continuous values over time, and the signal is defined for any 

value in time. After being captured, the analog signal is 

generally converted to a digital signal in discrete time. Digital 

signals are less sensitive to noise, can be processed in a 

computer, waste less power, and can be compressed. Beyond 



Int. J. Sci. Res. in Multidisciplinary Studies                                                                                             Vol.10, Issue.8, Aug. 2024   

© 2024, IJSRMS All Rights Reserved                                                                                                                                            11 

that, digital systems are more robust to errors and have 

cheaper data storage when compared to analog systems. [6], 

[15] 

 

Digital signals with discrete time are signals whose amplitude 

assumes discrete values, and the signal is only defined for 

discrete values in time. The general digitalization of an 

analog signal involves three steps: Sampling, Quantification, 

and Encoding. In the Sampling step, the continuous-time 

signal is converted to discrete; in the Quantification step, the 

signal's amplitude is conditioned to assume only discrete 

values; and in the Encoding step, the signal takes another 

representation to reduce its storage space. The main coding 

techniques are Source Coding, Channel Coding, Errors 

Resilience, and Errors Occultation. [6], [16] 
 

The most straightforward signal representation is the Pulse 

Code Modulation (PCM), a binary signal generated by 

Sampling, Quantification, and Encoding that always uses the 

same number of bits on each sample. [16] The compression 

rate is defined as the ratio between the number of bits of the 

PCM notation signal representation and the number of bits of 

a more efficient coding technique signal representation: 

 

 (1) 
 

Table 1 represents examples of audio formats and their 

compression rate and applications. 
 

Table 1. Digital Audio Formats characteristics. [15] 

Audio Format Compression Rate Application 

NICAM <2 

Stereo Digital 

Sound in Analog 

TV 

MPEG 1 layer 1 4:1 DCC 

Apt, X100 APT 4:1 DTS, News Radio 

ATRAC Sony 5:1 
SDDS, Mini 

DISC 

MPEG 1 layer 2 6:1 CAB 

MPEG 2 BC 6:1 DVB , DVD 

AC3 Dolby 6:1 
HDTV, DVD, 

Dolby Digital  

MPEG 2 layer 3 ≥7:1 MP3, Internet 

PAC AT &T/Lucent ≥8:1 Satellite 

MPEG 1 AAC ≥8:1 Satellite, Internet 

MPEG 4 T/F Audio ≥9:1 DVB 

 

The MP3 encoding is made using a hybrid analysis structure 

combining a 32-band filter bank of pseudo-QMF (Quadrature 

Mirror Filter) with a Modified Cossin Discrete Transform 

(MDCT) [2]. The MP3 file structure or frame comprises a 

Header, a CRC, a Side Information, Primary and Auxiliary 

Data. [16] 
 

The header is composed of 32 bits and has information about 

synchronization, MPEG version and layer number, CRC 

mode, transmission rate and sampling frequency, overshoot 

bit, privacy bit, stereo modes, legal authorship, and 

manufacturers. The CRC can stay in activated or deactivated 

modes. If activated, 16 bytes are added to the frame to detect 

the data most prone to errors. [16] 

The side information has information about the last data bit, 

transmission scale factors, grans localization and auxiliary 

information, frequency spectrum coefficients, Huffman table 

tables, and amplification. The primary data are scale factors 

and decoded Huffman bits using side information. [17], [14] 

The auxiliary data are optional and have extra information 

like song title, artist, and gender. [18] 
 

4. Digital Audio Embedded System Development 

for Audio Reproduction 
 

Initially, the basic audio player configuration was developed 

in a breadboard using the C language, an Arduino Micro 

microcontroller, MP3 and Midi Breakout Board for VS1053, 

a 5 to 3.3V voltage divider (HEF4050-BP), an audio 

connector (TRS 3.5mm), an 8 GB Micro SD Card and a 

default USB cable. The firmware executes the following steps 

in Figure 4.  
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 4. Basic Audio Player Code Flux. 

Source: Own authorship. 
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First, the Arduino defines its variables and initializes the MP3 

library and micro-SD card. Then, the Arduino reads the SD 

card and saves the songs from the micro-SD card to its 

EEPROM memory. Later, the Arduino current song is 

defined as the first song of the micro-SD card. Then, the 

Arduino starts to transfer the current song byte frame data to 

the decoder. When the current song ends, the current song is 

defined as the next song from the Micro SD card. After that, 

the Arduino starts the current song byte frame transfer to the 

decoder again. 

 

At this stage, the player can read a set of songs inside the SD 

Card and play them all following the order they are displayed 

inside the SD successively and uninterruptedly until the 

Arduino is disconnected from power. 

 

The local control was developed adding five switches and 5 

10K Ohm’s resistors. Each resistor is connected in series with 

the switch and powered by 5V from Arduino. Then, an 

Arduino input pin is placed between the resistor and the 

switch. Using this configuration, the Arduino Input receives 

5V when the switch is open. Conversely, when the switch is 

closed, there is a voltage drop at the resistor, and the Arduino 

Input receives 0V. The Arduino is triggered after a voltage 

change is detected. The first switch plays or pauses songs; the 

second goes back to the previous song; the third goes to the 

next song; the fourth decreases volume, and the fifth 

increases volume. 

 

The remote control was developed by integrating the RS232 

TTL HC-05 Module Serial Bluetooth RF Transceiver into the 

main device circuit to perform wireless communication 

between the MacBook and the Arduino. The software was 

implemented using the Arduino Software Serial function. 

This function replicates the UART serial communication. The 

circuit assembled in the breadboard is shown in Figure 5. 

 

 
Figure 5. Audio Player on Protoboard. 

Source: Own authorship. 

 

Figure 5 shows all the components of the audio player and 

their names mounted on a breadboard and connected by wire. 

The Arduino micro is being powered by a MAC Book Pro. 

The interface of communication between the user and the 

audio player was developed using the Xcode software in the 

Objective C language. It was designed to facilitate the user 

experience. The digital interface sends control characters to 

the Arduino through Bluetooth. 

 

The circuit was assembled physically through the connection 

of two PCBs. The PCB design was done from the layout 

design and routing model using the software’s P-CAD Pattern 

Editor and P-CAD PCB. The space criteria was making the 

audio player fit inside one average pant jeans pocket 

(18x12x10cm). The first PCB is shown in Figure 6. 

 

  
Figure 6. PCB 1. 

Source: Own authorship. 
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Figure 6 shows the two sides of the first PCB assembled. The 

first side, at the top of Figure 6, has the Arduino micro, 

VS1053 decoder, Bluetooth module, SD card, Voltage 

Divider CI, and Audio Jack soldered to the PCB. The other 

face at the bottom of this figure shows the tracks that replace 

the wires in PCBs. The second PCB is shown in Figure 7. 

 

 

 
Figure 7. PCB 2. 

Source: Own authorship. 

 

Figure 7 shows the two sides of the second PCB assembled. 

The first side, at the top of it, has the three big switch buttons 

and the two small ones soldered at the board.  The other face 

at the bottom of this figure shows the current tracks of the 

PCB 2. 
 

In the interest of connecting one PCB to the other, four 

ceramic tubes were used, four crews of 1/8 (3.2 mm 

diameter), four nuts of 1/8, and wires. 

 

In the interest of developing a PCB case to hold the audio 

player, a 3D box was designed using the software SketchUp. 

Initially, the dimensions of the PCBs were measured. Then, 

the PCB case was designed following the criteria of covering 

all the PCB's area except for the hardware that must be 

accessed by the user (5 switches, the output to the audio jack 

connector, the Arduino power output, and the micro-SD 

Card); the thickness size of the sides should be less than 1cm. 

The PCB case design is shown in Figure 8. 

 

 
Figure 8. 3D box design. 

Source: Own authorship. 
 

Figure 8 shows the 3D box modeled to fit the player inside of 

it. On the left side, it shows most of the case and its holes for 

the audio player headphones connection, Arduino power and 

SD removal. The left side of the figure shows the top of the 

box with the holes for the switch buttons.  

 

The last development step was performing hardware and 

software tests to avoid errors and improve software quality. 

Correcting errors related to the switches and reducing code 

lines from the main code source were possible.  

 

5. Results and Discussion 
 

By the end of this work, an embedded system was designed 

and developed from the integration of different digital and 

analog electronic components controlled by an Arduino 

Micro microcontroller. The dimensions of the final system 

are 9.9x6.1x1.8 cm. The final system is shown in Figure 9.  

 

 
Figure 9. Final Audio Player. 

Source: Own authorship. 



Int. J. Sci. Res. in Multidisciplinary Studies                                                                                             Vol.10, Issue.8, Aug. 2024   

© 2024, IJSRMS All Rights Reserved                                                                                                                                            14 

Figure 9 shows the final audio player that consists of the two 

PCBs connected by screws and nuts with electronics 

components soldered.  

 

In order to start the audio player, the user must connect the 

Arduino output cable to a 220V power outlet. The Arduino 

will be initialized, and the songs that are inside the SD Card 

will start to be reproduced. The user can listen to the songs 

using headphones or a speaker.  

 

The device can be controlled locally or remotely. The local 

control is made by pressing switches integrated into the 

hardware system. The user can listen to different songs 

present on the SD card and decide which songs he wants to 

listen to by either pressing the big switch buttons in Figure 9 

to change the actual song that is playing to the next or 

previous ones and play or pause songs. Also, by pressing the 

small switches in Figure 10, the user can increase or decrease 

volume. 

 

The remote control is made via Bluetooth through a digital 

interface on the Mac Book. In order to start the remote 

control of the device, the user should use the compiler DevC 

with loop() and setup() functions and configure the serial port 

dev/tty.HC-05-DevB. After that, the user should use the serial 

monitor and launch the MAC Interface Application. 

 

If the user decides to use the interface on MAC Book, he 

should use the buttons “>>” and “<<” to change the actual 

song to the next or previous one, press the “Play/Pause” 

button to play or pause songs and press the “+” and “-” 

buttons to increase or decrease volume. 

 

If the user wants to replace the device songs, he must take the 

micro-SD from the system, connect it to a micro-SD adapter, 

and connect it to a MacBook. 

 

Therefore, audio player design and development are hard 

because they rely on comprehensive electronics knowledge. 

This work shows a profound vision of players' working 

principles and architecture. It shows in detail the integration 

of analog and digital electronic components using 

microcontrollers and how to develop different ways of 

control. It also shows the possibility of developing a GUI and 

assembling PCBs.  

 

The knowledge shown in this work may be used to develop 

new audio player architectures and similar devices with new 

functionality and user cases. 

 

6. Conclusions 
 

Music can generate brain activity and change mood. It can be 

perceived as notes or as electronics and physics. Music 

perceived as notes has a melody and a harmony depending on 

how one sings or plays an instrument. On the other hand, 

music perceived as electronics can be captured in nature 

using electronic devices and converted to digital formats to be 

listened to using audio players. 

 

The digitalization of an analog audio signal generally follows 

three steps: Sampling, Quantification, and Encoding. Digital 

audio has different compression rates.  

 

This paper presented the design and development of an audio 

player with local and remote control with a Digital Interface 

using VS1053 MP3 and Midi Breakout Board, HEF4050-BP 

CI, TRS 3.5 mm Audio Jack connector, 8 GB Micro SD 

Card, USB cable, switches, resistors, RS232 TTL HC-05 

Bluetooth RF Module Serial Transceiver, MacBook Pro and 

PCB’s. 

 

Initially, the author developed and tested an essential audio 

player in a breadboard using an Arduino micro to read songs 

from an SD card and send song frames to VS1053 Decoder.  

The local control was developed with different size switch 

buttons connected to Arduino micro input pins. The remote 

control was developed using an RS232 TTL HC-05 Bluetooth 

RF Module Serial Transceiver and Arduino Software Serial 

function. 

 

The digital interface was developed on a Mac book using the 

Xcode software to facilitate the user experience on the audio 

player remote control.  

The audio player was physically assembled in PCBs using the 

software’s P-CAD Pattern Editor and P-CAD PCB. A 3D box 

was designed using the software SketchUp to hold the player 

and protect it against mechanical collisions. 

 

The study of this work may be used as a reference to 

understand the behavior of the audio players inside in detail. 

Using the paper guidelines, it is possible to develop new 

architecture, variations of the player using other 

microcontrollers, different ways of control, new interface 

designs and add new features. 

 

Limitations and Future Work: 

Analyzing the results and the player working behavior, it was 

possible to propose a few changes to be performed later: print 

the PCB case designed in this work using a 3D printer; 

generate a malfunction signal in case of device error; develop 

the song transfer from the MacBook to the device using 

Bluetooth; develop the functionality of seeing the SD music 

titles from the MacBook GUI; develop songs frequency 

control. 
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