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Abstrak
Signal instruments are musical instruments used not only for music but also to provide signals as a form of auditive commu-
nication. Along with the development of civilization,signal instruments are now digitized, and many instruments are popping
up, for example, megaphones, one of which is in the future. Arduino is a micro-controller device often asked to be able to
communicate with speakers and become a signal instrument that can output sound signals. However, because the signal
generated by Arduino is digital, it must be converted into an analog signal first by converting the digital signal generated
by Arduino into an analog signal using a DAC circuit. After converting the signal into a digital signal, it will be forwarded to
the amplifier, which uses a transistor BC337 as a switch to make Arduino a signal instrument. The system design is based
on Arduino nano as a data processing tool, where the data stored in Arduino nano will be forwarded to the DAC circuit and
then will be returned to the amplifier before finally being channeled to the speakers to produce a sound output that matches
the data stored on the Arduino nano
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Introduction
Science and technology are developing very rapidly, creating inno-
vations that evolve towards more perfect products. In this modern
era, technology is inseparable from everyday life. Technological deve-
lopments can be integrated into several aspects, one of which is
technology in the electronic field. The use of electronic objects is cur-
rently a necessity for humans. One of these electronic devices is the
synthesizer.

The synthesizer is concerned with designing a system that can read
and produce artificial sounds. There are three processes involved in
the synthesizer: the reading process, the sound production process,
and designing a system that can read and emit artificial sounds [1].
Synthesizers can create various types of sounds, including the sound
of musical instruments and even sounds that cannot be created by
conventional musical instruments. Historically, synthesizers have been
an important part of the development of electronic music, giving musi-
cians the ability to produce more complex and innovative sounds and
songs. In the 1970s through to the 1980s, some new instrument designs
used newly introduced techniques, some incorporating analog sounds.
Some of these digital synthesis technologies were more cryptic than
analog. In an effort to master them, many musicians were forced to
ignore analog sounds, leading to a generation of musicians by the mid-
1980s who had as much difficulty mastering analog sound synthesis as
those two years earlier [2].

Synthesizers work by generating electronic sound waves controlled
by parameters or settings, such as frequency, amplitude, and waveform.

These waves are then converted into sounds heard through loud-
speakers or speakers. Synthesizers generate electronic sound waves
through complex electronic circuits, which can be modified, combined,
and adjusted to produce the desired sound [3].

There are several types of synthesizers, namely analog synths, digi-
tal synths, and software synths. Analog synths use analog circuits to
produce sound, while digital synths use digital circuits. Software syn-
ths, as the name suggests, run on a computer device through special
software, for example using a microcontroller called Arduino. Arduino is
an open-source physical computing platform based on a simple input
and output (I/O) circuit and development that implements a processing
language. Arduino can be used for independent interactive object deve-
lopment or connected to software on a computer [4]. One of Arduino’s
advantages is that its software is open-source, meaning anyone can
use it without needing to pay. Therefore, in this final project, I designed
a synthesizer for Arduino that aims to create artificial sounds.

Basic Concept
Arduino Nano

Arduino is an open-source platform used for electronic construction
and programming. Arduino can receive and send information to most
devices, even over the internet, to control certain electronic devices.
Arduino uses a circuit board called Arduino Uno and a software pro-
gram (Simplified C++) to program the board [5]. On Arduino hardware,
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Gambar 1. Digital to Analog Converter

there are a number of pins that function as digital and analog input/out-
put (I/O) that can be programmed to interact with sensors, actuators,
and other electronic components. The software on Arduino includes a
development environment (IDE) for writing programs and drivers used
for connection to computer devices [6].

Currently, Arduino is widely used in microcontroller programming
due to its easy-to-use settings. Arduino is a circuit board with a chip
that can be programmed to perform many instructions. Arduino sends
information from the computer program to the microcontroller and ends
up at a specific circuit to execute the instructions. Arduino can help to
read information from input devices such as sensors, antennas, poten-
tiometers, etc., and can also send information to output devices such
as LEDs, speakers, LCD screens, DC motors, and more [5].

Digital to Analog Converter

A Digital to Analog Converter (DAC) is an electronic device that converts
digital signals into analog signals. A digital signal is a series of bits
with a binary value of 0 or 1, while an analog signal is a continuous
signal with a magnitude that varies within a certain range [7]. For exam-
ple, in sound signal processing, the sound information generated from
the microphone is initially analog, but in digital processing, this sound
needs to be converted into a digital signal first. After processing in digi-
tal form, the sound signal needs to be converted back into an analog
signal before it is output as sound through the speakers.

A DAC takes a series of digital inputs (a series of 1s and 0s, e.g.,
numbers like 10011001) and converts them into analog outputs. The
DAC in any digital audio device (MP3 player, CD player) is crucial since
they all store sound in digital form but need to drive the speakers with
analog signals. Therefore, it is necessary to convert digital data into
analog signals.

Amplifier

An amplifier is an electronic component composed of resistors, diodes,
and transistors. The arrangement of the amplifier is made in an integra-
ted circuit or what is called an Integrated Circuit (IC). In its application,
the amplifier functions as a signal amplifier [8]. In the amplifier circuit,
there are two inputs: inverting and non-inverting inputs. There are also
two input sources as the power source of the amplifier, namely positive
voltage (+Vcc) and negative voltage (-Vee). Amplifiers are widely used
as signal amplifiers, both for linear and non-linear signals, especially in
control systems, instrumentation, and analog computing [9].

Amplifiers can change the signal from one level to another, where
the signal could be a voltage or current signal [10]. Many amplifiers
on the market are in the form of integrated circuits (IC). Applications
of amplifiers include inverting circuits, integrators, and differentiators.
Amplifiers are also called differential amplifiers; they include a gain
stage, a level shifter circuit, and a final amplifier.

Properties of Amplifiers

The following are the properties of an amplifier:

1. Input voltage difference (Vdm) = 0
2. Amplifier input current (ia) = 0
3. Open loop amplifier (AVOL) is infinite
4. Open loop output resistance (Ro,ol) = 0
5. Open loop input resistance (Ri,ol) is infinite

6. Common Mode Rejection Ratio (CMRR) is infinite

Amplifiers are used for preamps, mixers, buffers, or oscillators,
depending on the circuit configuration. LM386 type amplifiers are
usually used with additional capacitors and resistors to improve per-
formance and reduce noise and interference.

Speaker

Speakers are transducers that convert electrical signals to audio freque-
ncies by vibrating components to vibrate the air around them, producing
sound waves that can be heard by the human ear. Speakers carry ele-
ctrical signals and convert them back into vibrations to create sound
waves [11]. Speakers are essential components of other electronic
devices. Active speakers are widely used in homes, houses of wor-
ship, offices, and shops. Currently, active speakers come with several
wireless communication features to facilitate the process of sending the
sound to be generated [12].

Principle of Sound Signal Amplifier for Arduino

The basic principle of a sound signal amplifier for Arduino is to amplify
audio signals using an operational amplifier or op-amp. An op-amp is
an electronic circuit that has the ability to amplify electrical signals with
adjustable gain. To build a sound signal amplifier with Arduino, an op-
amp can be used as an audio signal amplifier. The amplifier has three
terminals: inverting input (-), non-inverting input (+), and output.

With the audio amplifier circuit, the audio signal will be amplified; the
audio signal coming from a small signal source can vibrate the speaker
membrane to a certain level as needed by adjusting the potentiometer
[13].

MATLAB

MATLAB is a high-level programming language and interactive envi-
ronment that is widely used in the fields of science, engineering,
and mathematics. MATLAB is an acronym that stands for ”Matrix
Laboratory,” indicating the program’s primary concentration on matrix
computations and linear algebra. MATLAB, created by MathWorks, is
a complete suite of tools for data analysis, visualization, and algorithm
development. MATLAB’s capacity to efficiently manipulate matrices and
arrays is one of its core strengths, making it appropriate for applicati-
ons involving massive volumes of numerical data. It includes a large
number of built-in mathematical functions and operators, allowing users
to easily do complex calculations. MATLAB also allows you to create
and manipulate multidimensional arrays, which allows you to handle
massive datasets and image processing jobs more efficiently.

The MATLAB environment includes an interactive command-line
interface known as the MATLAB Command Window, which allows users
to perform commands and evaluate expressions in real time. It also
includes the MATLAB Editor, a robust integrated programming environ-
ment (IDE) with features such as syntax highlighting, debugging tools,
and code profiling.

Toolboxes, which are add-on modules that provide specialized
capabilities for certain applications, can be used to extend the functi-
onality of MATLAB. These toolboxes span a wide range of fields, inclu-
ding signal processing, control systems, image and video processing,
optimization, and other topics. They improve MATLAB’s capabilities and
enable users to more successfully tackle challenging challenges in their
respective professions.

MATLAB, with its simple syntax and abundant documentation, pro-
vides a user-friendly environment for both novice and professional
programmers. It is commonly used in academia, industry, and resea-
rch institutes for data analysis, simulation, algorithm development, and
prototyping. The variety and robustness of MATLAB make it a popular
choice among scientists, engineers, and researchers all over the world.
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Gambar 2. Quality of Experience

Quality of Experience (QoE)

Quality is the level of excellence of something. In the network com-
munication ecosystem, there are many approaches to ending ”quality.”
However, in the vast majority of digital multimedia entertainment appli-
cations, the main concern and really focus on the overall QoE (Quality
of Experience) perceived by the end user. QoE represents the quality
of the video, the audio quality of the audio, the quality of the combined
audiovisual content, or the quality of interaction with a particular audio-
visual service. Audiovisual services are for people. Today, the traffic of
audiovisual content over the Internet as well as the number of TV chan-
nels appearing in recent years is very large, not to mention the OTT
(Over the Top) service and media platforms that offer a large catalog
of series, films and documentaries and their business model (in most
of the following cases) is conditional on a monthly subscription. As a
result, end users expect more of the quality of these content and this
indicates the success or failure of a given service.

How to measure the quality of an audiovisual content is not simple,
mainly because it is governed not only by an objective measurement
but also by subjective judgment, and this is difficult to determine. In
any audiovisual sequence, video and audio are degraded during acqui-
sition, compression, transmission, processing, and viewing. Distortion
directly affects the final quality perceived by the end user. Typical degra-
dation, in the case of video, is contrast or color issues due to the nature
of the scene, blurring, blocking, loss of bitrate due to encoding, packet
loss, and internal transmission delay. dung, etc. Regarding QoE, under-
standing Quality of Experience as a subjective quantitative metric of
end-user satisfaction with a particular AV service, there are two ways to
measure it: subjective quality method or objective quality method 2.

Here in this project author will use Objective Quality Method to
assess the Quality of Experience of the audio using RMSE and PSNR
as parameter 3.

Root Mean Square Error (RMSE)

The Root Mean Square Error (RMSE) is a statistical measure that quan-
tifies the average difference between anticipated and observed values
to assess the accuracy of a prediction or estimator. It is widely used in
domains such as statistics, data analysis, machine learning, and signal
processing. The RMSE formula is shown below in Equation ??.

RMSE =

√√√√ 1

N

N∑
i=1

(Predictedi − Actuali)2 (1)

The square root of the mean of the squared discrepancies between
the anticipated and observed values is used to calculate the RMSE.
The following steps are involved in this process:

1. Calculate the difference between each expected value and the
observed value.

2. Each of these discrepancies must be squared.
3. Make an average of the squared differences.

Gambar 3. Objective Quality Assessment

4. To get the RMSE, take the square root of the average.

The RMSE measure returns a single numerical value that repre-
sents the overall difference between anticipated and observed values.
Due to the squaring process, it gauges the size of the prediction
mistakes, emphasizing larger errors over smaller ones. A lower RMSE
number suggests more accuracy, while a value of 0 denotes perfect
forecast alignment.

The root mean square error (RMSE) is a popular evaluation metric
for regression models in which the goal is to estimate a continuous
variable based on input characteristics. It enables model developers
to compare and evaluate different models or techniques. The RMSE
metric can be used to obtain insight into the average magnitude of
prediction mistakes and make informed decisions about the model’s
predictive capabilities.

It should be noted that RMSE is sensitive to outliers, as their squ-
ared differences might have a disproportionate impact on the overall
error. As a result, when analyzing the results, it is advisable to assess
the RMSE value in conjunction with other evaluation metrics and to
consider the specific characteristics of the situation at hand.

The RMSE measure returns a single numerical value that repre-
sents the overall difference between anticipated and observed values.
It emphasizes larger errors due to the squaring process. A lower RMSE
indicates more accuracy, with a value of 0 denoting perfect alignment.

RMSE is commonly used for evaluating regression models and
helps in comparing different models or techniques. It is sensitive to
outliers, and their squared differences can disproportionately impact
the overall error. Therefore, it’s advisable to assess RMSE alongside
other metrics and consider the specific characteristics of the data.

Peak Signal-to-Noise Ratio (PSNR)

Peak Signal-to-Noise Ratio (PSNR) is a widely used metric in image
and video processing to evaluate the quality of a reconstructed or com-
pressed signal compared to the original uncompressed version. PSNR
is expressed in decibels (dB) and is calculated using the Mean Squared
Error (MSE) between the original and reconstructed (or compressed)
signals. The PSNR formula is shown in Equation 2.

PSNR = 20 · log10

(
MAXV alue

MSE

)
(2)
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Gambar 4. General Design Block Diagram

Where:

• MAX is the maximum possible pixel value of the signal.
• MSE is the Mean Squared Error between the original and recon-

structed (or compressed) signal.

PSNR measures how much distortion or error is introduced during
compression or reconstruction. A higher PSNR value indicates a bet-
ter quality representation, as it signifies less distortion compared to the
original signal. However, PSNR has limitations and may not always cor-
relate well with perceived image quality, especially for complex images
or videos. Other measures like the Structural Similarity Index (SSI) are
often used in conjunction with PSNR to provide a more comprehensive
assessment of image quality.

Model and System Design
General Design

This project aims to use Arduino to produce sound by inputting files into
Arduino using an amplifier to forward the data to a speaker. The pro-
cess is as follows: sound data in the form of a file is sent to the Arduino
Nano. The signal is then processed and forwarded to the Digital to Ana-
log Converter (DAC). The sound signal is amplified by an amplifier and
output through the speaker. If the sound is audible, the project is consi-
dered successful. The sound generated by Arduino can be customized,
allowing for future development for various purposes.

Specification of the Tools

Arduino Nano
The Arduino Nano specifications are listed in Table I.

LM 386 Amplifier
The LM 386 amplifier specifications are listed in Table II.

Table 1. Arduino Nano Specification

Microcontroller ATmega328P

Operating voltage 5V

Input voltage (recommendation) 7-12V

Input voltage (limit) 6-20V

Digital I/O pins 14

Analog I/O pins 8

Maximum current (each I/O pin) 40 mA

Maximum current (through 3.3V pin) 50 mA

Flash Memory 32 KB

SRAM 2 KB

EEPROM 1 KB

Clock frequency 16 MHz

Table 2. LM 386 Amplifier Specification

Operating vol-
tage

4-12V

Output power 0.25-1W, depending on the 9V input model

Load impeda-
nce

8 Ohms

Frequency
range

300 Hz - 100 kHz

Gain 20 to 200 times

THD <0.2% at 125 mW power and 8 Ohm impeda-
nce

Number of pins 8 (dual in-line package)

Operating cur-
rent

±10 mA

Speaker
An 8-ohm speaker specifications are listed in Table III.

Test Parameters

The project focuses on sound produced by Arduino Nano for various
purposes. The Arduino Nano acts as a file storage and processes the
data, converting it into digital signals. With the DAC, the digital signal
is converted to something akin to an analog signal, which can then be
processed by the speaker. An amplifier is also essential to ensure clear
sound output. Successful completion of the project is confirmed if the
inputted sound can be heard from the speaker.

System Design

The system design involves creating an instrument based on Arduino,
connecting it with several other devices: a push button to trigger the
loop, an amplifier to amplify the signal, and a speaker for output. When
the push button is pressed, the instrument runs its sequence, culmina-
ting in the speaker producing an output. The system design is shown in
Figure 5.

Program and Flowchart

Based on the program attached in the appendix, the flowchart of the
program is shown in Figure 6. The program utilizes libraries such
as ‘XTDACAudio.h‘, ‘OneButton.h‘, and ‘Sound1.h‘, where ‘Sound1.h‘
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Table 3. 8 Ohm Speaker Specification

Impedance 8 ohms

Power handling 1 Watt

Frequency response 20 Hz (minimum)

Sensitivity 85 dB

Cone diameter 2 inches

Number of drivers Multiple drivers with 8 ohm impedance

Gambar 5. System Design

represents the audio file. All libraries used in this project are included in
the appendix.

Supported Audio File Type

This project uses .wav audio file format, as it allows the audio file to be
converted to unassigned 8-bit PCM. This format facilitates copying the
audio variable figure into C code to be moved into the Arduino IDE.

Test Scenario

The test scenario involves the following steps:

1. Prepare the necessary tools.
2. Assemble the Arduino Nano along with the DAC circuit, Amplifier,

and Speaker.
3. Input the audio file into the Arduino Nano.
4. Run the system; successful generation of audio indicates comple-

tion of the test.

Instrument Audio Record

After the instrument produces audio by converting the original audio,
the processed audio can be recorded and compared with the original
audio using RMSE. Both the processed and original audio must have
the same length to ensure they are comparable when compiled into
number sequences. The recorded sound is shown in Figure 7.

Gambar 6. Program Flowchart

RESULTS AND ANALYSIS
Comparing Original Sound with Processed Sound

After processing the input file into the instrument, we now have the
instrument producing sound that we can compare to the original sound.
We determine the similarity between the two sounds using the RMSE
method. We compile the sound variables using MATLAB. After compi-
ling both sounds, we compute the RMSE to evaluate the accuracy of
the instrument. If the RMSE value is under 1, it means the instrument
successfully transmits the sound without distortion that can alter the
sound phase.
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Gambar 7. Audio File Variable

Gambar 8. Captured Sound with Original Sound (Figure 8).

Gambar 9. Original Sound Plotting (Figure 9).

Plotting and Compiling Variables

Figure 9 shows the original sound plotting, which we compare to the
processed sound plotting shown in Figure 10. From the plots, it appears
that the wave shapes are quite similar because these two sounds are
essentially the same. The difference lies in one sound being processed
into a synthesizer instrument where there is a DAC to convert the digital
signal to analog, resulting in slight distortion, while the other sound is
not.

After plotting the sound signals, we examine their variables. The
sound variables, shown in Figures 11 to 14, are processed using
MATLAB and each sound has 205005 lines in its variable, indicating
they are comparable.

Gambar 10. Processed Sound Plotting (Figure 10).

Gambar 11. Original Sound Variable 1 (Figure 11).

Gambar 12. Original Sound Variable 2 (Figure 12).

Quality of Experience

The Quality of Experience (QoE) is assessed objectively using methods
such as RMSE and PSNR. This ensures that all results are data-driven.

RMSE Calculation
Based on variables obtained from both sound signals, we can now use
the RMSE formula to compare the sounds. A smaller RMSE value indi-
cates better similarity, with a good RMSE value typically being under
1.
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Gambar 13. Processed Sound Variable 1 (Figure 13).

Gambar 14. Processed Sound Variable 2 (Figure 14).

Gambar 15. RMSE Formula (Figure 15).

Gambar 16. Calculation RMSE Result using MATLAB (Figure 16).

RMSE =

√∑205005
i=1 (OriginalSoundi − ProcessedSoundi)2

205005
= 0.158

(3)
Calculation results using MATLAB are shown in Figures 15 and 16.

PSNR Calculation
After finding RMSE value now we can find PSNR value 5, using RMSE
we can find MSE4, here’s also we will use max value as 255, 255 as
representative of 8- bit data where earlier we compile the audio into
unassigned 8- bit PCM audio type data.

Gambar 17. Audio Delay Time Stamp (Figure 17).

RMSE =
√
MSE

0.1588 = MSE

(0.1588)
2
= MSE

MSE = 0.02521744

(4)

PSNR = 20. log 10

(
255

0.02521744

)
= 80.1dB (5)

Audio Delay

To determine audio delay, additional tools and programs are usually
required. In this experiment, a simple approach using timestamps on
the audio was used. Figure 17 shows the timestamp indicating a 0.19
second delay between the click and the audio playback.

On the timestamp, the click is heard at 0.75 seconds, and the audio
starts playing at 0.94 seconds, indicating a 0.19 second delay.

CONCLUSION AND SUGGESTION
Conclusion

Based on the test that has been carried out, it is concluded that the
Synthesizer based on Arduino can process audio, converting it from
digital to analog signal using DAC, and then produce audio based on
the audio inputted. If the produced audio convert into variable form we
will get the same variable length between original audio and produced
audio because before we compile those audio we had to make sure
they had the same length in time. Comparing both of the audio give us
accuracy of the instrument, in this case the instrument giving a good
performance by resulting RMSE of 0.1588 indicating the audio produce
is identical with the original audio, the instrument also did a marvelous
job converting the Digital Signal to Analog Signal without distorted the
audio that can make audio change from its original form. Therefore, the
project concludes as a success.

Suggestion

Based on the result of the final project, which still has many flaws in its
demonstration due to limited time and ability of the author, it is advised
that in the future researchers add various features to improve this pro-
ject with similar or improved goals. Therefore, the author can give a few
recommendations as follows:

1. Use a mic condenser to get better audio quality when doing
recording.

2. Improve the variable of input audio so researchers have more
material to find the accuracy of the instrument.
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3. Use better components as it is quite fragile based on what the
author is using now.
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