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Introduction  

 

1.1 Context  

Sound is an aspect of every person daily life, and people tried to adapt, comprehend, and 

use it since the beginning of time. Even if my project is about entertainment mainly, as I treat 

instrumental effects, audio processing has numerous uses. Voice recognition is a field that is 

constantly growing and used almost daily by any smartphone user. There are two types of 

sounds, digital and analog. Even though the difference is very subtle between the two it is 

important. The analog sound is produced directly from the source by creating a wave of energy. 

We can illustrate it by taking the vinyl as an example; the needle enters in contact with the disk 

which produce energy, thus, sound. The digital sound takes an input sound and transform it in a 

set of binary data, which makes modern sound processing possible and feasible.    

Personally, this topic really motivates me as it would motivate any musician might he be 

professional or amateur. Modeling sound as if it was tangible, is a science and also an art since it 

requires knowledge and creativity.  
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  1.2 Methodology  

  For my capstone project, I will be dealing with digital audio sound and modeling it through 

matlab and python. I will be modeling the input’s variables to create different sounds that are 

essential for different styles of music. Also, the hardware part will be about assembling a 

raspberry pi with a multi effect platform that will be connected to the instrument desired as an 

input and a homemade amplifier as an output. The code is the most important part as it will 

distinguish my device from other available products in the market. I will try to come up with my 

own sound effects based on what is needed in audio processing for music. Therefore, everything 

will be manual and original.  

 

STEEPLE ANALYSIS  

 

At first, my project was all about entertainment and improvement of existing features in sound 

effects for instruments. However when we talked about this with Mr. Lghoul, we came to the 

conclusion that a more practical use is necessary and the STEEPLE analysis, helped us figure it 

out easily by taking into consideration more factors.    
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2.1 Societal analysis 

Voice processing is a wide topic that is present more and more in our daily lives, this project 

aims to facilitate the use of a considerable variety of processed effects to any member of the 

society, encouraging people from all ages and even from hearing disabilities to get into sound 

production and manipulation. This will shift the sound production area from restricted to 

accessible.  

2.2 Technological analysis  

The field of sound processing started with the invention of music, people have always been 

searching for sound modification using different kinds of wood for strings instrument for the 

guitar, lute, violin and many others. Nowadays, with the digitalization of audio, sound processing 

is about manipulating different variables (frequencies, delay, reverb, distortion…) of an audio 

input through coding.  

 

2.3 Economic analysis    

Even though music stars are known to be rare and represents a small minority of the society, a lot 

of people are passionate by music and can spend every last penny in recording and processing 

tracks. This project is all about the commoditization of the material needed to achieve more or 

less the same results in terms of quality and results. Amateur musicians, will be able to introduce 

themselves to the world of synthesizing and recording tracks without ruining themselves.  
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2.4 Environmental analysis 

 This project gives a great importance about the environment and it is illustrated in two points: 

 First, sound pollution, it is a topic that does not need any introduction since it is a 

constant threat for the ozone layer, even though small devices like this won’t really affect 

the current situation, I have taken some measures in my effect to be the cleanest possible.  

 Second, is the amplifier I will made which will be a 100 percent ecofriendly because of 

the materials I will use. 

 

2.5 Political analysis  

 

2.6 Legal analysis  

As any country in the world morocco has a law for noise in residential areas, and it is protected 

by the Dahir n°1 – 03 – 59. The device I am implementing will have among its features some 

volume effect that will keep all the variables as they are keeping the sound enjoyable and clean. 
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Literature review  

3.1 History of music  

 

Figure 1: music in ancient civilizations     Figure 2: music in the renaissance  

Music has always been rooted to human culture ever since humanity existed. Music has 

been used in religious contexts, events and ceremonies, society, events and self-expression. We 

can say that music has always been a form of communication through a series of frequencies and 

sounds (Cohen, 2015, 3). Moreover, music has evolved over time from the most traditional and 

classical type to the most electronic and computer-based one, yet the concept of it still remains 

unchanged. In other words, music is a sound that is composed of different elements called 

frequency, amplitude, waveform and duration, which makes it a signal (4).  

In this context, we can differentiate two types of signals: analog and digital (Frosch, 2017). 

Some understand the difference between the two in a simple form for example the fact that analog 

signals are old or old school while digital signals are new, perhaps considered to be more advanced 

than analog because of the latest electronic technologies that rely on digital signals rather than 

analog although many consider it to be a purer signal than the digital one (Frosch, 2017, 1-2).  
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3.2 Analog signals 

 According to Hannah “Analog recording was originally introduced through the inventions 

of Thomas Edison’s phonograph and Emile Berliner’s gramophone in the late nineteenth century” 

(Frosch, 2017, 1). An analog signal means that the signal we get is continuous in time and 

amplitude. We can think of it as real time signal that does not stop and continues without 

interruptions like the heart machine for example where the signal is continuous in time and 

amplitude in order to determine the exact heartbeat rating at any given moment assuming that the 

beats change constantly and that quickly (Cohen, 2015). This means that the signal is supposed to 

have an infinite and better resolution assuming that it is continuous but in fact an analog signal 

does not filter noises during its continuity. As an example, in a vinyl player we can still hear the 

scratch and static while listening to our favorite song. Also, according to Goldberger, if we take 

an analog cassette and duplicate it, it will decrease its quality and any following copy of that 

duplicate will result in a considerable decrease in sound quality.   

- Here is a diagram that shows what an analog signal looks like: 

 

Figure 3: Value of analog signal over time  (Retrieved from techdifferences) 
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3.3 Digital signals 

In digital signals, there is a clear change in the wave form and length as it is no longer 

continuous and infinite (Jason, 2010). In other words, the digital audio signal is taking the form of 

segments over a period of time unlike the analog signal in which the wave is represented as a 

continuous and infinite streams of data. According to Goldberger, a digital signal sacrifices the 

continuity in time in order to remove the noise that is produced in the analog counterpart (10). 

Moreover, digital audio signals took over analog ones because even though we can duplicate a 

digital signal, it will never lose its quality due to the separate segments in time. For example, if a 

song has been recorded digitally and reproduced in millions of copies, it will never lose its initial 

quality. In this sense, digital signals are discrete signals that are transmitted or recorded in a binary 

form using ones and zeros (10). This implies that digital signals are of perfect use in computers 

unlike analog signals which require an infinite number of data through time which is impossible 

to handle for a computer.  

- Here is a representation of a digital signal:  

 



13 
 

Figure 4: Value of digital signal over time (Retrieved from techdifferences) 

 A binary representation of this diagram would simply be: 101010…  

- Here is a diagram that represents both types of signals layered on top of each other:  

 

Figure 5: analog vs digital signal (Frosch, 2017) 

 

 

3.4 Definition of Audio Processing and its benefits 

 

Audio Processing is an important process through which the artist/engineer goes in order 

to prepare and present the sound to the human listener. In fact, there exist three main areas that 

are important to the process, which are, voice telecommunications, high fidelity music 

reproduction (like audio compact discs) and synthetic speech, which allows the devises to detect 

and recognize the human voice succession.  

Speech and audio are two major components and the basic means of human communication. 

Technology has made life way easier and is continuing to do so every day with the new 

inventions and the constantly changing technology world.  

In addition, with the increasingly sophisticated tools, Humans today are able to contribute to the 

betterment of its own health and wellbeing. Due to those sophisticated tools sciences can deepen 
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their research and studies to better their performance and make it more efficient, which resulted 

in the development of both the audio and speech.  

The audio processing allows human to understand the sound, where it comes from, to 

regulate and process its sources and help people communicate, understand and interact with each 

other. In other words, to better understand the significance and importance of audio processing, it 

is defined as the heart of recording, storing, enhancing and controlling the content. It modifies 

and edits the signals, boosts the chosen frequencies as well as gets rid of the negative unwanted 

sounds. Not only that, it is also efficient in helping obtain many other results and has so many 

benefits on the human’s health and wellbeing. The main means that can be used in the process 

can be the laptop, some professional recording equipment or PCs.  

According to the top reviews of 2019, the most known and frequent audio editing and processing 

applications/ programs are Adobe Audition, Audacity, Acoustica Standard Edition and much 

more.  

The first program, Adobe Audition allows the user to edit and monitor the audio 

programs available, customize the layout and finalize and edit the audio projects. This user-

friendly application enables one to fix and correct the damaged audios, or old recordings. The 

second application, Audacity, is an open source audio processing and software that includes 

many tools and plugins to simplify the navigation with an unattractive interface. As for the third, 

the software, on the contrary of the previous, has an attractive interface, a well-organized one 

with different categories in the menu that simplifies, as well, the navigation and search of the 

user, and of course streamlines the post-production process.  

The audio processing is a mandatory step in this artistic field because it brings so many 

benefits to the listeners, users and musicians and one of the most important benefit is its impact 

on health. According to Nir Becker and Doron Lavee, in their collaborative work entitled “The 

benefits and costs of Noise Reduction”, there exist many different criteria in humans that we 

consider to reduce the damages and harm that the processing helps with. The approach of “Cost 

of Illness (COI)”it includes the hearing capacity of people and take into consideration the hearing 

loss, this last one might not yet have a correlation with the road traffic. (Becker, Lavee, 2001, p. 

5)  
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What was mentioned before, mainly noise reduction, is one of the many reasons why 

audio processing is so important for the health of humans. Of course, one should consider the 

dramatic changes, acquire environment awareness and take into consideration the country’s 

nature to ensure the healthiest and highest quality. In addition, the role of audio processing may 

vary as well as its conditions, as there exist many situations where this last one is important at 

different levels.  

The places and situations that serve as major components and variables are the following: 

the area of the studio, Lift, age of the building, neighborhood quality, view of the sea, floor, 

front-facing apartment, zone of transaction, view of an open space and noise variable.  

Shedding the light on speech recognition, it is one of the important voice processing 

applications that allows spoken input into systems. In other simpler words, the user announces 

something that the application processes and tries to trigger an action. The role of speech 

recognition is so wide, as it serves in many areas such as, military to facilitate the 

communication between impaired persons, in robotics, as well as the medical field.  

 

 

3.5 Types of sound effects and their comparison  

In multiple areas, we produce, record, publish and design multiple isolated sounds that 

vary from one another. In other words, the sound effects are created to be used in the films and 

all the artistic projects in order to express of apply an action, to tell a story, emphasize on a 

feeling or simply a mood. Usually those sound effects are used in films, podcasts, radio, 

television and so on. In the same context, the most used and logical sound effects are the 

recordings of actual sounds. Furthermore, these sound effect mentioned above are only created 

through the edited/ processed sounds.  

Another way for the sounds to be created may also be through digital software or some 

professional sound equipment in order to produce the effect. Those sound effects are available 

and can be easily accessed in the libraries. It is worth mentioning that all these sounds can be 

used simultaneously or at the same time during a film recording. These sounds play a lot of roles 
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to make the stories sound and seem more realistic, in such situations as silent conversations, 

scary scenes, as well as for emotions like worries, sadness and happiness, etc.  

More than that, the sounds can create several effects through combining and mixing 

different sounds create other new ones. In fact, this situation occurs when none of the existing 

sound effects satisfy the need of the producer’s story; again, this can happen in stories such as 

horror, science fiction, and cartoons. In these latter there are several imaginary creatures such as 

monsters in cartoons, futuristic innovations and creative creatures that don’t exist.  

 

 There are many types of single isolated sounds which definitions and explanation vary:  

- Isolated Sounds: Theses sounds are present on the human’s everyday life that are 

produced by their activities and behavior and namely the door slamming, the the car tires 

and the animals’ voices as well as guns firing. 

Isolation is usually the most important factor for the music quality. There are many 

situations where Isolation is the only option, such as when people want to listen to music 

in a noisy area, in this situation, Isolation plays to role of a regulator factor that improves 

the quality otherwise the music can be destroyed and messed up by the noise.  

- Foley Sounds: this one is related to the television program or motion picture where the 

sound in synchronized with the visuals. Indeed, the sound in produced in parallel with the 

visual and humans do not notice the difference between the audio and visual. The process 

can also be called “Sound replacement”. The sounds produced must in fact be dubbed 

during the period after production on the film’s soundtrack to perfect the hearing process 

and quality to the audience.  

The Foley effect, in other words are the sound effects created lively for specific stories. 

Innovative fashion often uses multiple props; however, it may also gather some stock 

effects.  
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- Specialty Effects: this one is linked to our imagination. The sounds are used for places 

and objects that reside only in people’s imaginations. An example would be the special 

effects that are used in cartoons, factionary stories and movies, fantasy, horror and 

science fiction productions. These sounds add spices to the taste of the story by 

enhancing the production.  

- Background Ambiences: those tracks guarantee a strong basis for the production. The 

environment they create allow the audience or the listening to feel as if he/ she is in a 

courtroom, a station, a school or a church.  

In the background music, the sound is spread in the entire film of and large part of it, 

which is usually created by various digital tools. As far as the ambiance tracks, they tend 

to be shorter than the entire background music and many forms of different music areas, 

such as the examples mentioned before.  

In addition to the sound effects listed above, there also exists some others such as:  

- Delay: this effect is also referred to as “echo, it is one of the first effects pedals that a 

guitarist uses. They are not only used as pleasure or for fun but are also great for 

complexity and represent talent and fullness to a solo or other elements in a mix. Delay, 

one more time, as it is self-explanatory, is a time-based audio effect, a form of lag that 

retards the audio to play or appear for some milliseconds based on the choice of the artist.  

As history confirms the beauty and success of anything, delay’s story started with the 

radio stations that, long time ago, used to send their signals around the city or beyond 

through the telephone lines. The distance of the loop and the multiple routes were the 

means to help them control and monitor the time, milliseconds.  

Now, as mentioned before, there are some similarities are differences between Delay, Echo and 

Reverb. As we clarified so far, the delay is only a one-time replication of the same first signal 

that usually takes milliseconds.  

As we always hear talking about, Echoes are also delays; however, the different lays on the fact 

that an echo consists of multiple instances of the same mother sound source that was postponed 
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many times, and every time the sound is quieter until it’s inaudible. The meaning of echo is 

known by almost everyone and its role is clear to everyone, yet some still refer to it as a delay. 

Going back to the delay, this last one has many types within it: 

- Straight Delay: As there is an increasing number of rapper and rap art, instead of 

common time they usually use sixlets, which allows them to layback on the beat. It used 

to be very common in the old day, but today it is coming back such the earlier Blues. To 

illustrate this definition with a simple example, we take the case of the producers who 

highlight the Reggae and Island type, they delay high hats, their kick drums, and many 

more percussions.  

- Slapback Delay: Postponed by a number of milliseconds, this one is an only one-time 

replication. Its usage is usually in multiple types of guitars such as blues, country, classic, 

folk. Its function is to provide the artist and the audience with a dreamy feeling and 

drawn them into an illusion to help fill the spares without cutting the original intent.  

- Doubling the Source: there are some artists who will choose to double the delay effect in 

a short time instead of record a second take, again in around 40-90 milliseconds. 

Intending to create a stereo effect.  

Actually, sound effects are short, and as examples we can highlight the short animal sounds, such 

as a cat’s meow, a phone’s beep or else.  

As obvious as it may sound, there exist three different sound types, human voices, sound effects 

and music. In films it is very important to distinguish these three types as they are very crucial to 

attract the attention of the audience and make the story sound as realistic as it possibly can. 

Another important way to make the film or music sound more realistic and believable would be 

to integrate asynchronous sound effects, and that as well comes in a form of a background sound.   

Audio in general has a tremendous role, however, the field of digital audio processing is an area 

where extensive research and studies are increasing for its effect on humans and its importance. 

These audio processing systems have allowed many techniques to occur in reality and that was 

through usage of algorithms or audio DSP coprocessors.  

As we previously mentioned, the effects of audio processing are done through two 

different methods, either by frequency or time domain algorithms. If we take the example of 
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echo effect, it can be added through the creation of a buffer in the algorithm to postpone the 

sound and play it later.  

In music and instrumentation, there are many effects that can be applied over an already existing 

signal either analog or digital. These effects come in many forms either in the forms of foot 

switches, software GUIs or embedded in amplifiers (for guitars and basses for example). There are 

countless of sound effects that play on the dynamics of audio signals, some of which are:  

 

● Delays 

 A delay effect is a signal that repeats itself by a defined number of times after input is sent 

the first time and can either be digital or analog. Delays duplicate a sound image over a period of 

time to give an impression of echo (Huff, 2018).  

 

● Reverb 

 Although some may confuse reverb with delay, they are different. Reverb effect is a 

reflection that creates multiple blended sound captures. It is meant to simulate the reverberation 

that occurs in a room or a hall for example to give a fuller sound (Huff, 2018).  
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Figure 6: Reverb Amplitude over time  

● Distortion and overdrive 

 These two effects are similar and can be used interchangeable although they are slightly 

different. We can think of distortion as a wilder and more aggressive of the overdriven sound wave. 

Distortion keeps the sound distorted even at low volumes while overdrive is the result of increase 

the volume and gain of the sound until it becomes half clean half distorted (Hoberg, 2018).  

 

Figure 7: Difference between clean input and distortion signal  
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Hardware Implementation  

4.1 Hardware Components  

 

                       Figure 8: hardware components 

For my project, I had to order all the components at once from the following website: 

https://www.electrosmash.com/ for convenience purposes. My part was to assemble it and 

weld it according to the circuit provided also, using my knowledge in electrical circuits. 

Basically, the hardware is composed of the interface you see in the image above, and a 

https://www.electrosmash.com/
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Raspberry Pi 3 b+ that my supervisor provided. When welded properly, the device needs to be 

connected to a screen via HDMI and to a keyboard and of course an SD card that will serve as a 

RAM to function like a computer.  

 

 

 

 

 

4.2 Material Specification: 

Pedal-Pi Bill of Materials. 
     

Reference Qty Value Description Mouser Reference 

Capacitors 

C2,C4, C6, C7, C8 5 6.8nF ceramic cap SR211C682MARTR1 

C1, C10, C15 3 100nF ceramic cap SR211C104KARTR1 

C3, C9, C16 

 
3 4.7uF electrolytic cap ECE-A1EKA4R7  

C5 1 270pF ceramic cap K271J15C0GF5TL2 

C11, C12, C13, C14 4 220uF electrolytic cap REA221M1CBK-0811P 

Resistors     

R0, R1 

 
2 1MΩ Resistor, 1%,1/4W MFR-25FRF52-1M 

R2, R3, R6, R9, R10, R15 

 
6  4.7KΩ Resistor, 1%,1/4W MFR-25FRF52-4K7 

R4, R11 

 
2  100KΩ Resistor, 1%,1/4W MFR-25FRF52-100K 

R7 1 300KΩ  

 
Resistor, 1%,1/4W MFR-25FRF52-300K 

R12 1 50KΩ Resistor, 1%,1/4W MFR-25FRF52-49K9 

R13, R14 2 300Ω Resistor, 1%,1/4W MFR-25FRF52-300R 

Others     

RV1 1 500K resistor trimmer 3319W-1-504 

D3 1 Led 3mm blue blue led 3mm SSL-LX3044USBC 

U1 1 MCP6002 

 
op-amp rail-to-rail, pdip8  

 
MCP6002  

U2 1 MCP3202 12bit ADC, p-dip8 MCP3202  
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IC Socket 2 dip 8 socket socket dor dip8 1-2199298-2 

SW1 1 3DPT footswitch 3PDT footswitch 107-SF17020F-32-21RL 

SW4 1 Toggle switch SPDT toggle switch 612-100-A1111 

SW2, SW3 2 Pushbutton off-on pushbutton   

Conn1 1 40 pin header  

 
2.54 pitch pin header 

 

J1, J2 2 1/4 Jack audio stereo 6.35mm jack NMJ6HCD2 

PCB + Cover + Screws    

 
Pedal Pi PCB 1     electrosmash store 

Acrylic Cover 1     electrosmash store 

M2.5x25 + 6 nuts 8       

 

Retrieved from electrosmash.com 

4.2 Circuit analysis  

This device consists of three parts: 

The input phase: this part is meant to prepare the conversion from analog to digital to the input 

sound provided by the guitar by amplifying the input and filter it. The analog to digital converter 

sends then the signal to the raspberry pi for audio processing.  

The Pi 3 phase: this is the part where the previously digitalized wave form of the input is taken 

from the analog to digital converter and processed so it creates instrumental effects (echo, 

tremolo, treble, fuzz…) 

The output phase: Once the signal is fully processed it is filtered again and then sent to the next 

pedal or in this case to the amplifier.   
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      Figure 8: Circuit analysis of the device 

 

 

 

 

 

 

 

Software Design Process  

As mentioned above, I connected my interface to a Raspberry Pi 3 B+ which is a low - cost, basi

c computer according to technopedia that was originally intended to help stimulate interest in co

mputing among school - age children. 

 HDMI 

 USB 2.0 

 Composite video 

 Analog audio 

 Power 

 Internet 

 SD Card 
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The computer runs entirely on open source software and allows students to mix and match softw

are according to their work. [12] 

Raspberry pi is powered by Raspbian which is an operating system that is Linux based, therefore 

I had to introduce myself to basic Linux commands and tools to get started with my coding.  

 

Introduction to Linux  

  Launched 25 years ago, Linux is a core of an operating system making it possible to 

manage the execution of applications on a terminal or a server. It is also responsible for 

controlling data-processing material and network. Linux is available as an open source under 

GNU license. 

The free or commercial software available for Linux corresponds to a vast majority of needs: 

editors, development tools, management software of the services network (impression, data and 

applications, electronic messaging, Usenet…), scientific applications, graphic interfaces, 

games… 

Furthermore, to build our code we will be using specific commands available in Linux that are 

used for File System, Search and Networking. Some of the commands are listed next for very 

part. 

 FileSystem  

 ls : it is used to reach the current directory’s content. It can also be used to access 

other information such as time, owner, size, changes or permissions, by using the 

–l flag. To access the dotfiles (beginning with a dot) the –a flag can be used 

 cd : used to change the current directory to another one and use either relative or 

absolute paths 

 cat : used to reach the content of one or multiple filesor even list of the content 

present in the current directory 

 

 Search 

 grep : used to search for specific characters within files  
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 awk : responsible for the manipulation of text files 

 find : used to search for either directories or subdirectories foe specific patterns 

 whereis :  

 

 Networking 

 ping : by using the hostname or the IP address, this command can check the 

communication was successfully made with a certain host 

 nmap : mainy responsible for scanning and exploring other hosts, as it returns 

information about it 

 hostname : clearly it is used to return the name of a host, but it can also be used 

to replace the host name if the permission is granted 

 ifconfig : specifically used for the current system that is run with no arguments, 

to show information about the network configuration of its interfaces 

 

 

Requirements  

As mentioned in the circuit analysis part, the device powered by Raspberry Pi is used to 

process the input sound and make multiple instrumental effects depending on the code used in a 

specific case. The sound is first analog then amplified and filtered by the interface, after that it is 

sent to the Raspberry Pi for processing. By changing sound variables as frequency, reverb or 

gain, the sound can be processed in order to modify the output depending on the need of the 

musician. Of course there are a lot of other variables that have to be taken into consideration ad 

by assigning a numerical value to each one of them we can find countless outputs with different 

sounds coming from the same instrument.   
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Design  

Activity diagram 

 

Basically, this activity diagram represents what the code does to the input signal it receives. The 

code starts first by defining pins and variables then input and output. After that comes the 

context definition where SPI BUS configuration, PWM mode and GPIO pins configuration are 

defined. The next step is the context execution where the BCM2835 library that contains all the 

functions we need to process the sound input is started among with the SPI BUS which stands 

for serial peripheral interface and it is a communication protocol used between microcomputers 

such as Raspberry Pi and peripheral devices to transfer data [15]. The main loop consists on 

reading the push buttons of the devices, then the guitar signal that has been digitalized 

previously, then process the signal through the desired configuration and finally generate the 

output signal.  
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     Figure 9: Activity diagram 

 

1.3 Implementation  

The whole is open source and it is hosted in GitHub depositories where it is made available to all 

users that wish to contribute to the project or simply use it. In this project, the switch button is 

nonfunctional. The contribution I have made to this project is making the switch button 

functional allowing the user the switch from one effect to another. I am planning to upload the 

changes done in my code to the GitHub depository this will need to be confirmed by the owners 

of the application. The following figure represents a block diagram for the code used the image 

is retrieved from the site: https://www.electrosmash.com/pedal-pi  

https://www.electrosmash.com/pedal-pi
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     Figure 10: Block diagram 

Testing and results 

 

 

 

Conclusion, and Future work 
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The purpose of this project was to understand what happens when an input signal is transferred 

by an instrument to a multi effect box connected to an amplifier. Additionally, the experiment 

that was conducted initiated me to welding and programming with a raspberry pi microcomputer, 

which I enjoyed.  

The first part of my work consisted of welding the hardware device with all its components. 

After that I had to install the Rasbian software and get started with the microcomputer. I had to 

initiate myself to Linux basics in order to enter the open source code and modify it in the 

raspberry pi. After this part came the testing, which consisted of make the device work while the 

code was executed which resulted in a couple of failure before working properly. The reason 

behind that was that the output jack was not properly fixed to the device.  

Over all this project got my interest since the beginning of its realization because it is a great 

example of how engineering and passion merge. I was able to understand what happens behind 

the scenes of the world of music. These multi effects could seem trivial at first but technology 

and innovation are a great part of how music evolved since the 60’s with the introduction of 

sound digitalization and its processing.  

 

Also, I am planning to continue developing this device to discover more of what sound 

processing has to offer and also use it in a more professional recording work.   
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APPENDIX A: Open source code for the clean effect.  
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Modified code  
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