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1. Executive Summary

Karaoke is a relatively newer form of entertainment in America. However, its
origins lie within the Asian market, starting with the first Karaoke machine made in
the 1970’s. The basic premise of Karaoke is to provide a backing track for artists
or hobbyist to sing songs without the need for a complete band. Karaoke has
evolved from a few hundred units being sold in Japan, to having in-home karaoke
machines as home theater systems across the globe. With the increasing
popularity in American culture, one can often see Karaoke as a form of
entertainment in bars and nightclubs. This is often accompanied by lighting effects
and multiple monitors to display lyrics to everyone in attendance, including the
performer. Karaoke has also been seen in popular video games such as ‘Guitar
Hero’ and ‘Rock band’ bringing a gaming entertainment to singing along with
popular songs. The Karaoke Portable Microphone (KPM) brings the essence of
singing along with numerous songs in a portable package. With the KPM, no
longer will it be required to go to a ‘Karaoke Night’ at a bar, or will it be limited to
an at-home experience. The KPM will bring the technology of Bluetooth to
Karaoke allowing for Karaoke to exist in any moment, and at any time.

The KPM will be a Bluetooth wireless microphone that will have speakers built into
the device. It will connect to any cell phone (Apple or Android platform) as a
headset. The progression of Bluetooth technology has allowed significant
reduction in power consumption, provides a stable connection, and quickly
transmits signals. The effective range of the KPM will be up to 10 meters. The
background music to be played from the connected phone will output from the two
built in speakers on the side of the KPM. This will allow for the performer to hear
the music and will also mix the performers voice. Sound effects applied to the
voice will only be echo. However, one will also have the ability to adjust frequency,
bass, and volume by having potentiometer type knobs on the interface. The KPM
will be made of clear plastic to easily display the Printed Circuit Board (PCB).
Music will easily be connected by installing one of many popular applications, such
as YouTube, on the mobile device. Convenience, size, portability, and cost are
immediate marketing points for the KPM. Aside from the entertainment value the
KPM can bring, it can also be a greatly effective aid for instructors, as well as
needing to amplify a voice for speaking in meetings, or even used with tour guides.
LED lights shall be implemented into the KPM. It is not certain yet if the LED lights
will be built into the microphone itself, or act as a separate entity. The LED lights
shall provide a direct mapping of the 12-note western scale to an individual color.
Aside from an effective lightning show, this could also aid in instruction and
guidance for aspiring singers.

Several constraints must be met for the KPM to be a viable mini Karaoke machine.
One concern is the weight. The device itself should be comparable to that of an
actual microphone. This constraint may exclude LED lights. The lights may be
separate from the device itself, especially for prototyping. The main design focus
is to allow the KPM to be lightweight and portable, and at the same time provide
high fidelity sound quality. The challenge that will be faced is having a speaker, a
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microphone, and a play along track working simultaneously. To aid in sound
quality, noise reduction will play an important role in design. The range of
frequency that an average human voice can sing is from 100 Hz to 10 kHz. Any
frequencies existing outside of this given range, can be filtered. The Bluetooth
capability should extend to all portable devices, and not be just limited to a
smartphone. A standard protocol for sending and receiving data through a 2.4
GHz wireless link will be used. This is ideal for short-range, low-power, and low
cost wireless transmissions between electronic devices. The KPM will have a 5V
DC battery and might include a USB port for additional charging to the device. The
KPM will also have LED lights that will display an array of colors that correspond
to the music while the singer is performing.

The KPM will strive to capture an audience of performers or singers with easy to
use functionalities. There will be one button for powering the device on and off and
will also have the capability of listening to music by connecting to Bluetooth with a
mobile device. The overall objective of this project is to have a microphone that
combines portable audio and voice into one device for karaoke while maintaining
a low-cost design.
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2. Project Description

The idea of karaoke was inspired by the Asian culture. Motivated behind the inkling
of bringing about a portable karaoke microphone that could bring together family,
friends and everyone in the community to enjoy a time of singing. To accomplish
the design of the KPM goals and objectives needed to be put in place but behind
these goals was the motivation behind the design to make the KPM a reality.

2.1. Project Motivation

For many performers, the everyday casual singers or any individual ready to sing
to their favorite songs in front of an audience a powerful and unique microphone
was required to make performing possible. While performing the singer needs to
put on an impressing show, with this the visual aspect comes into play. By
incorporating an array of LED lights, the performer can adjust at will. The multi-
functional LED display will allow the performer to see the key in which they are
singing in, represented by an LED light color mapped to the specific key. This will
be a guide for singers to stay in the key of the song. The performer will also be
able to set the tempo of the LED display on the microphone with a push of a button
adding a unique dynamic to a karaoke microphone. With this product we hope to
give singers a microphone that will bring out a great performance.

2.2. Project Goals and Objectives

For the KPM to be a practical mini Karaoke machine we need to meet the
constraints to make the audio clear and have visible clean lyrics display from a
device using a wireless connection. Many singers have different styles of
performing. We want to provide performers the ability to access their favorite songs
on any device wirelessly. One of the focuses will be to include Bluetooth capability
that should extend to portable devices. The lyrics will display from the portable
device to allow the singer to follow along to their favorite songs. Singers will also
have the versatility of effects to enhance their performance by use of digital effects
such as delay and reverberation which will be consist to the song.

While performing the singer will not only be able to sing to songs with several
effects but also have the enhancement of a great light show to capture the attention
of the audience. By incorporating a multi-functional LED display, the performer can
choose flashing patterns to display while singing, flash LEDs to map to the key of
their voice or set a flashing tempo. The Display can also be used as a fun display
to add dimension to the performance. With the KPM the singer will have the ability.
to connect any devices to their microphone wirelessly to gain access to any video
or music sharing site or application to perform karaoke style at a park, home
gathering, parties, or at any place. And wild an audience with an eye-catching
display to give a performance of a lifetime.
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2.3. The Engineering-Marketing Tradeoff Matrix

The house of quality or the engineering-marketing tradeoff matrix provides and
classifies the desires of the customer while identifying the important key
engineering requirements which will meet the desires of the customer and deliver
an overall well-made technical product. The diagram below demonstrates the
tradeoffs for the Karaoke Portable Microphone (KPM) between marketing and
engineering requirements. The purpose of the diagram is to provide indication as
to what the KPM is targeting for its consumers.

Figure 1 depicts the house of quality matrix. Along with the marketing requirements
and the engineering requirements of the system. The relationship of both
requirements are presented in the figure with either a positive or negative
relationship. The downward and upwards arrows represent what is needed for that
particular marketing requirement in terms of the engineering requirement. The
targets for the enigneering requirements are also listed. The values describe how
much is needed to meet the requirement. Such as meeting at least a seventy
percent or greater statisfaction in the quality of the product. Having a response
time of about 1 millisecond when the performer uses the microphone and the
output is heard. The overall purpose of the functionality of the House of Quality is
to provide a means of a planning process to meet the customer needs. The left
side has the customer’s needs, the ceiling has the design features and tehnical
requirements. The roof is the matrix that describes the relationship between the
design features. Basically to show the interaction between the requirements. The
foundation is the benchmark or the target values used to rank how things will be
completed. The actions that will be taken to statisfy the customer.

2.4. Requirement Specifications

The design cost of the KPM is $300. To meet this amount extensive research will
be done before ordering any components. If the correct or suitable components
are not chosen correctly this could lead to fatal design flaws. Since there will be
trail runs while designing the microphone more than one PCB board will be ordered
to ensure good quality. The potentiometers, wireless device, LED lights and other
expenses will also be taken into careful consideration for budgeting the KPM
project.

Time will be leading factor in producing a good quality microphone. Milestone
deadlines must be kept and checked through the course of the semester by each
member of the group. There are 25 weeks to design the device, so to meet each
goal all members of the group will work diligently and keep a timely schedule as
planned. Table 1. below depict the specifications for the microphone to produce
clear audio, the frequency range of the microphone, the LED display which will
receive an input from the microphone or other source to determine what output will
display according to the choice of the performer.
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Table 1. Requirement Specifications

Less than 1.5 Ibs. (Microphone only) Led display may be

Weight separate from the microphone depending on the size.
The microphone will have range of volume from 1 dBA to
Volume
25 dBA
Frequenc The microphone will have a frequency range from 100 Hz
quency to 10 kHz
(5 V 2200mAh lithium inside and easy to remove). As of
Battery now this battery could change depending on design
constraints.
. The KPM device will have the ability to receive data; (audio,
Connection . o .
voice) via wireless connection
The LEDs will either be on the microphone or separate
from the microphone that displays an array of colors the
LEDs . : : . .
customer can adjust. This requirement is subject to change
based on the constraints of the KPM design.
The KPM will be using components which will generation
Components

low heat.

Output power

The output power for the KPM microphone is about 25
Watts.

Setup and Installing

Easy to use and install

Supporting systems

Android and 10S

Produce a clean sound up to at least 70% satisfaction for

Music quality the customer
Dimensions The dimension of the KPM will be about 4 x5 x 12 in
Cost Less or equal to 300 US dollars

Response time

Quick. The specific response time of the KPM is yet to be
determined.

Volume amplifier

Adjusting the volume by potentiometer

Powerful echo
reverb

Adjustable echo length
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2.5. Project Hardware Block Diagram:

Figure 2 below depicts the process of the hardware design of the system. The
division of labor between each group member is also indicated in the figure with a
key to note what each member is working on. The project is modular and therefore
the system is made up of two modules. One is the microphone module and the
other is the LED system module that is an enhancement feature to microphone.
The system is divided into modules to maintain a steady workflow among all team
members. If a portion of the system where to fail or not work as intended the other
parts that make the system will be separate and not hindered by the unfunctional
portion of the system. For the LED system and microphone module there will be
IC’s that will be built and several components that will be purchased.

As shown in Figure 2 there will currently be five op amps in the microphone module
that will be used for effects. These include bass, echo, treble, reverb and volume.
Since the microphone is intended to be portable a wireless connection will be made
to the microphone from a cellular device or personal computer. Hence a Bluetooth
module will be purchased and is included in the microphone module. To take the
digital wireless signal a DAC will be built to communicate across the microphone
and device. The LED module runs parallel to the microphone. The LED system
module will also have an op amp to amplify the voice signal. Since both modules
are intended to run separate from each to cover all areas of error the op amp is
crucial to the LED module. An ADC will be built to take the voice signal and convert
it to digital to communicate with the microcontroller. LED drivers will also be built
and configured to regulate power to the LEDs.

2.6. Project Software Block Diagram:

Figure 3 below depicts the current process of the software design of the system.
The figure represents the division of labor of the software design. For the LED
module there will be programming of the ADC with the microcontroller to ensure
the analog voice signal is converted to a digital signal for mapping of the LEDs.
The LED module is intended to have several features such as mapping a single
specific note to a specific LED, an efficient program must be written to work with
the frequency and map correctly.

The microphone module will have a wireless connection. A programmable code to
ensure a wireless connection is made from the microphone to any device will be
included. The code must run efficiently to ensure a good connection between
devices. This will allow the user or performer to use any device such a cellular
phone or computer to connect to the microphone.

Figure 3 depicts the overall software design and division of labor between each
team member. To ensure the system runs well and functions as intended. The
figure is divided by color for both the microphone module and LED system module
of the KPM system.
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3. Project Research

In this section, we are in charge to research all our components and theories that
we need to be ready to conduct our project. The research is including:
components, battery, theories, the power delivery, and the connection between the
components and power supply. Any problems may arise when we are researching.

3.1. Sound

Sound is a pressure wave which is created by a vibrating the objects. It is also the
series of vibrations that caries energy and traveling through the air [1]. The
vibrations set the medium patrticles in the surrounding air with vibrational motion,
and the energy is transported through the medium of the air. Sound is created by
anything that creates the vibrations or waves, is referred to as the sources. The
sources can be a string, a bell, a voice, a speaker, a working machine, or anything
that generates a vibration within our hearing range [1]. For example, when the
stone is dropped into the water, there will be the vibrations in the water. That
vibration is as a source that create the sound and waves. There are also a series
of ripple waves in the water. The ripple waves are created by areas of molecules
that are being pushed together. When these molecules expand by the pressure,
they create flatter areas like harmonic waves. Sound travels just like this, by
compression and rarefaction [1].

Compression is the area where molecules are pushed together in high pressure,
and rarefaction is the area where molecules are moving away or pulling apart, or
expanded, in the wave like harmonic with lower pressure than compression [1].
The way of the sound moving by compression and rarefaction is referred to a
longitudinal wave. The longitudinal wave is that the mediums oscillates back and
forth about their individual equilibrium position [2]. The oscillation in a spring is an
example for longitudinal waves. When stretching out from one end of a spring, a
wave can be created by stretching back and forth horizontally that same direction
of spring. A wave will subsequently be seen traveling from one end of the spring
to the other. As the wave moves along the spring, the energy is transported to the
other end also.

3.1.1. Sound Implementation

In the music, the sound that humans can hear has to affect them. The definition of
music is making a best sound that human like to hear with suitable frequency
between 20Hz to 20Khz. The idea of music is change years by years, but the
function of music is still the same. Humans want to hear music because it can
change their state of mind to be positive or negative. The music affects human’s
emotions so deeply. Humans can listen to music in their language or other
languages and their emotion still is affected. It means that the music is also a same
language in tern of emotion. The human brain is an information processing system.
An information processing system has four basic components: input, output,
process, and storage. When applying these basic components for analyzing of
music. The input is what the music that human can hear.

10
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The music is storage in the human’s brains, then it is calculated in the brain. The
output is the human’s state of mind. Years by years, human make music changes
the quality of sound also. There are some characteristics of the sound wave, such
as amplitude, frequency, phase, velocity, wavelength, harmonics, envelope, and
noise [1]. Understanding these characteristics is essential to make the music better
in the future. It also helps the human to create a better music speaker, headphone,
or karaoke system.

3.1.2. The Characteristics of Sound Waves

In the speaker, the volume can be adjusted low or loud by changing the amplitude
of the wave. The tone of the music can be adjusted by changing the range of the
frequency. It is very important to understand these two characteristics “amplitude”
and “frequency”. They also help humans to know or decide or make the music
even better and suitable the human’s ears. The harmonic and envelope are also
important to help humans identify which sound from and different to the others.
The rest of characteristics including velocity, wavelength, and phase help human
know how fast and how many cycle, and phase of the sound traveling through the
air.

First, amplitude is the volume of the speaker or stereo, and in physics, it can be
the height or magnitude of the wavelength [1]. In the wavelength, the volume can
be adjusted by increasing or decreasing the height of the wavelength. By changing
this, the pressure is changing too. High volume or loud sound has the high height,
high pressure, and more area under the curve of the wavelength. Low volume or
guiet sound has small height, low pressure, and less are under the curve of the
wavelength.

The amplitude of the sound is determined by acoustic decibels [1]. A decibel dBA
is a unit of measurement that indicates how loud of the sound is. Humans can hear
the sounds between 0 and 160 decibels acoustic which between 20Hz to 20Khz
[1]. O dBA does not mean that there is no sound, but there is a little bit humans
can hear it. 0 dBA is also called the threshold for the human’s ears. If humans can
hear more than 160 dBA, it is too painful for human’s ears and may damage the
human’s organs. The table blow shows how loud sound is [1]. In audio, the
engineers is using decimal acoustic (dBA) to talk about the loudness of the sound
or noise. When the engineer say to boost the dBA, that means the loudness is
increasing (positive dBA). However, when an engineer says to cut the dBA, that
means the loudness is decreasing (negative dBA). According to the author:
“Timothy A. Dittmar” of the book title “Audio Engineering 101” that was printed by
“Focal Press” in the Unites States. He gave some of the examples for the range of
the acoustic decibels (dBA) that human can hear: [1]

Look at the table example for the range of dBA for human hearing, the humans
use the amplitude to measures how forceful the wave is. It is measured in decibels
or dBA of sound pressure. 0 dBA is the softest level that a person can hear. Normal
speaking voices are around 60 to 75 dBA. Sounds that are 85 dBA or above can
permanently damage your ears.
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Table 2: Acoustic Decibels (dBA) for Human Hearing [1]

Acoustic Decibels(dBA) | Human Hearing

0 dBA Almost quiet or near silence

40-50 dBA Room Ambience

50-60 dBA Whisper

60-75 dBA Typical Conversation

80-85 dBA A Blender, Optimum Level to Monitor Sound

90 dBA Factory Noise, Regular Sound can cause hearing
damage

100 dBA Baby Crying

110 dBA Leaf Blower, Car Horn

120 dBA Threshold of Pain, can Cause Hearing Damage

140 dBA Snare Drum Played Hard

150-160 dBA Jet Engine

Second, the frequency of a sound wave refers to how often the particles of the
medium vibrate when a wave passes through the medium [1]. The frequency of a
sound wave is measured as the number of complete back-and-forth vibrations of
a particle of the medium per unit of time or the number of cycle per second that is
completed by the sound waves [1]. The humans can hear from 20Hz to 20kHZ, If
there is higher or lower, humans cannot hear them. Any sound with a frequency
below the audible range of hearing (less than 20 Hz) is known as an infrasound,
and any sound with a frequency above the audible range of hearing (more than 20
kHz) is known as an ultrasound [3]. In sound waves, the frequency is determined
by Hertz (Hz), named after the German physicist, Heinrich Hertz. In the United
State, 1 kHz = 1000 Hz. Humans can change the frequency for making a best
sound in music or identify where the source from. For example, in the guitar, there
are six strings, and each string has its own frequency. The first string (note E) is
about 329Hz, the second string (note B) is about 246 Hz, the third string (note G)
is about 195 Hz, the four strings (note D) is about 146 Hz, the fifth string (note A)
is about 110 Hz, and the last string (note E) is about 82Hz [4]. Also, in the karaoke
speaker, humans can change the bass, volume, and treble through the amplitude
and frequency.

In audio, the frequency can be divided into three range of the frequency including:
low or bass frequency, mid or midrange frequency, and high or treble frequency
[1]. In low or bass frequency, the range of frequency is between 20 Hz to 200 Hz.
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These frequency is omnidirectional, make sound better, and provide energy [1]. In
the mid or midrange frequency, the range of the frequency is between 200 Hz to 5
kHZ [1]. This frequency has more directional, so the sound can go to anywhere [1].
This range of frequency is the best that human wants to hear. In the midrange
frequency, there can be divided into three additional area: the first one is low-mid,
which the frequency is around 200 Hz to 700Hz, and make a sound more darker
and hollower tones. The second one is mid-mid, which the frequency is around
700 Hz to 2 kHZ, and make more better like a live tone [1]. The last one is high-
mid, which the range of the frequency is about 2 kHZ to 5 kHZ, and make the music
more brighter and shiny. The last one of the range of the frequency is high or treble
frequency [1]. In this frequency, the range of this frequency is from 5 kHZ to 20
kHz. and this frequency is extremely more directional. This range makes sounds
airy, bright, shiny, or thinner. In music, the sensation of the frequency id called as
pitch of a sound or a high frequency of sound wave [1]. The sound from two
sources or different frequency from two sources that can combine by using
superposition. Certainly, when two sound waves when played simultaneously
produce a particularly pleasant sensation frequency when heard, are said to be
consonant.

Third, Phase is a point in a sound wave's cycle, and is also related to frequency, it
can be positive or negative phase depending on where the points on the wave’s
cycles [1]. It is measured in degrees and is used to measure the time relationship
between two or more sine waves. At a start point is zero-degree phase, and a
complete cycle is defined as 360 degrees of phase. Leading phase refers to a
wave that occurs ahead of another wave of the same frequency. Lagging phase
refers to a wave that occurs behind another wave of the same frequency [5]. When
adding two sound waves that have the same positive or negative phase, the
magnitude of the superposition wave is increased. The phase can be 180 degrees
out of phase. In this instance, the combination wave can be canceled out if they
are 180 and -180 degrees. Phase is also very important to do when listening in
multiple speaker or stereo. a sound may be completely out of phase and kind of
cancel out, so the result would be unwanted sound.

Four, velocity of sound is the speed of the sound that travel through the particles,
and depending on temperature [1]. In 20°c, the speed of sound is 344 meters per
second. At low temperature, the speed of sound is lower. At high temperature, the
speed of sound is higher. The speed of sound is not only depending on
temperature but also depend on material and altitude. For example, at sea level in
a standard atmosphere, at a temperature of 15°C, sound travels 761 miles per
hour [6].

Fifth, the wavelength of the sound wave is the distance between two peaks next
to each other or can be identified by the length of one cycle [1]. The wavelength
can be calculated by taking speed of sound divide by the sound frequency. At the
high frequency, the wavelength is much shorter. At the low frequency, the
wavelength is longer.
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Sixth, every music sound has harmonic. Harmonic series is the series of the
frequency that can be multiplied by a positive integer with a first frequency [1]. The
first frequency is called fundamental harmonic, and then the second harmonic is
two times of the first harmonic. Additionally, harmonics are divided into evens and
odds harmonic. Even harmonics are smoother and can make the listener feel
comfortable and better. However, odd harmonics often make the listener feel bad
[7]. In music, each instrument has their own musical makeup of a fundamental
frequency plus additional own harmonics to that instrument. This is how humans
can distinguish the music instruments.

Another characteristic is the envelope. The envelope is known as the varying level
of a sound wave over time [1]. The envelope helps the listener know where the
sound or voice from the other. The envelope includes four different characteristics:
attack, decay, sustain, and release [1]. Attack is the first point of a note or sounds
envelope. It is known as the area that rises from silence node to its peak volume
[1]. Decay is known as the next area of the envelope that goes from the peak to a
medium level of decline [1]. Sustain is known as the portion of the envelope that is
constant in the declining stage [1]. Release is known as the last point in the
envelope where the sound returns to silence node [1].

The last characteristic is noise. Noise is any unwanted sound that is usually non-
repeating, and humans do not want to hear [1]. Noise is bad sounds that
accompany a sound wave when it is mixed or recorded. Noise comes from a
variety of sources besides the instrument, such as an air conditioner, running
machine. There is a way to compare the desired sound and noise is taking the
ratio of desired sound and noise. The higher value of the ratio is the more quality
of the sound. In recording, the noise often from the tape that recording the analog
signal, and in digital signal, the noise can come from the low fidelity or the least
range of bits number that use DAC [8].

3.2. Sound Effect

In this section, we will discuss the sound effect such as Bass, Treble, Echo and
how to amplify those effect.

3.2.1. Bass

Bass describes the low-end of frequency response and ranges from 20 Hz to 250
HZ [1]. In the bass frequency, it is divided to areas. First is the sub bass that
provides the first unused low frequencies on most recordings and ranges between
20HZ to 60HZ [1]. Many instruments struggle to enter this frequency range to the
music instruments, but it is difficult to hear any sound at low volume level around
the sub bass. The second is the real bass and range between 60 HZ to 250 HZ
[1]. The frequencies around 250 Hz can add a feeling of warmth to the bass without
loss of definition. In music, the bass gain is measured by decibels (dBA). Above
zero dBA is boost the bass, and below zero dBA is cutting the bass. The base in
the music can be using an analog signal or a digital signal to make a bass in the
music.
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3.2.1.1. Bass Amplifier

Bass refers to tones with lower frequency, pitch, and range [10]. Bass range from
20 to 250 Hz. They are the lowest part of the harmony in musical compositions.
Bass voice refers to a type of classical singing voice which has the lowest range
of voice types. In choral music, the bass sound is added by adult male singers.
These are low sounds that when loud you can feel. The Bass control will cause the
speaker to boost or cut these frequencies in what the humans are listening to. It's
important to realize that a bass boost is not creating new sound, but instead it is
boosting the music better. The amplifier for bass is fluctuation of frequency.

3.2.1.2. Analog Bass Amplifier

The signals or the human voices go through the air as analog signals to a low pass,
this amplifier usually boost not a constant voltage or current but a fluctuating signal
of some kind. By fluctuating, it means that it changes at a certain frequency (so
many times per second, measured as so many hertz, Hz). Audio signals (ones we
can hear), for example, the broad frequency range from about 20 Hz to 20,000 kHz
that humans can hear. In the bass amplifier, the design is changing the low
frequency between 20 to 250 Hz.

3.2.1.3. Digital Bass Amplifier

The voices or signals travel through the air go to the microphone. After this, the
signals are gone to the low pass that is designed the frequency from 20 Hz to 250
Hz. After this, a device known as an analog-to-digital converter (ADC) receives the
discrete voltages from the sample and ascribes a numerical value to each
amplitude. This process of converting voltages to numbers is known
as quantization. Those numbers are expressed in the chip as a string of binary
digits (1 or 0). The resulting binary numbers are stored in memory. To play the
sound back, we read the numbers from memory, and deliver those numbers to
a digital-to-analog converter (DAC) at the same rate at which they were recorded.
The DAC converts each number of binary to a voltage, and communicates those
voltages to an amplifier to increase the amplitude of the voltage. After the signal
goes to the DAC, there are some high frequency, so the system needs another
low pass to get the desired signal or sound.

3.2.1.4. Types of Bass Amplifier

There are two types of bass amplifier including analog and digital bass amplifier.
A bass signal is commonly recorded using an analog signal and digital amplifier
emulation [10]. To control the sound, the analog signal is given the exact the signal
when it goes through the low pass of the bass amplifier. The signal is kind of exact
the same. However, in the analog amplifier, if the human wants to ignore some
unwanted signal, the analog cannot do it because it is much easier to reach the
exact sound that the human wants. To solve that, the digital can do it. Digital bass
amplifier makes the signals to be processed so that the information that they
contain can be displayed, analyzed, or converted to another type of signal that may
be of use. In the real-world, analog products detect signals such as sound and
manipulate them. All in all, the analog signal goes through a device as an Analog-
to-Digital converter then take the analog signal and turn it into the digital format of
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1's and 0's [10]. From here, the digital signal processing takes over by capturing
the digitized information and processing it. By these processes, the bass digital
amplifier helps the humans can select the signals or sound that they really want.
Another thing is that there is the noise in these two bass amplifiers. The bass
analog amplifier is reduction more noise than the bass digital amplifier.

3.2.1.5. Comparison and Conclusion

By comparing a digital and analog bass amplifier that want to have the exact same
quality of sound and design, the human would prefer to digital bass amplifier since
the digital emulation almost always matches up in terms of quality of sound. In
other way, the digital bass amplifier can help the human to achieve all different
styles of music. All in all, the bass digital emulation is the much more practical
route when it comes to the bass.

3.2.2. Treble

Treble describes the high-range spectrum of frequency response and ranges from
2.5 kHz up to 20 kHZ [1]. The high tones are the sharper sounds you can hear in
music. Boosting in this range makes sounds brighter, shiner, or thinner. In music,
the treble gain is measured by decibels (dBA). Above zero dBA is boost the treble
gain, and below zero dBA is cutting the treble gain. The most often that the treble
frequency is used in music for the best sound is above 10 KHZ [1]. The treble music
is using to control the tone of music. By combining the treble and the bass in the
music, humans can control the tone and the quality of the music better.

3.2.2.1. Treble Amplifier

Treble is referred to the part of high frequency, and the range of that is from 2.5 to
20 KHz. In the amplifier, when turn up the amplifier, it typically adds more air to the
sound. If the human turns up too high, the sounds can be painful for the human’s
ears. High frequencies don'’t travel as far as low frequencies [11]. This is why the
humans mostly hear the bass from a faraway of the concert or from the party next
door (bass can travel through walls). In the music, treble frequency is very
important to make the sound a lot of better. The treble is the very high-pitched
sound or tone and is the higher part in a recording. Usually, the treble amplifier is
made from treble digital amplifier. When increasing the amount of gain above 0
dBA or at the high frequency, it will boost the treble. However, when decreasing
the amount of gain below 0 dBA, it will cut the treble. Treble gain is usually applied
to frequencies higher than 1000 Hz, with the most gain being applied to
frequencies above 10000 Hz [11]. Also, in treble voice, a treble voice is a voice
which takes the treble part of the highest-pitched part [11]. The term is most often
used today within the context of choral music in reference to youthful singers.

3.2.2.2. Treble Analog Amplifier

The signals or the human voices will go through the air as analog signals to a high
pass that can let all the high frequency go through, typically, the range is between
2.5 to 20 KHz in treble amplifier, this amplifier usually boost or cut not a constant
voltage or current but a fluctuating signal frequency of some kind. By fluctuating, it
means that it changes at a certain frequency (so many times per second,
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measured as so many hertz, Hz). Audio signals (ones we can hear), for example,
the broad frequency range from about 20 Hz to 20,000 kHz that humans can hear.
In the treble amplifier, the design is changing the high frequency between 2.5 to
20 KHz. A high-pass filter (HPF) attenuates content below a cutoff frequency,
allowing higher frequencies to pass through the high pass filter. It is often used to
clean up all low frequency signal and noise, remove unwanted sounds in audio
signals, the allow the higher frequency signals to appropriate speakers in the
sound systems. Human usually uses passive high pass filter for audio such
registers, capacitors or inductors.

3.2.2.3. Treble Digital Amplifier

The voices or signals travel through the air as the sound go to the microphone.
This is a analog signal like sine waveform. After this, the signals are gone to the
high pass that is designed the frequency from 2.5 KHz to 20 KHz. Any signal with
low frequency and noise is cut at the cut off frequency (frequency at -3dB). After
this, a device known as an analog-to-digital converter (ADC) receives the discrete
voltages from the sample and ascribes a numerical value to each amplitude. This
process of converting voltages to numbers is known as quantization. Those
numbers are expressed in the chip as a string of binary digits (1 or 0). The resulting
binary numbers are stored in memory. To play the sound back, we read the
numbers from memory, and deliver those numbers to a digital-to-analog
converter (DAC) at the same rate at which they were recorded. The DAC converts
each number of binary to a voltage, and communicates those voltages to an
amplifier to increase the amplitude of the voltage. After the signal goes to the DAC,
there are some low frequency and noise, so the system needs another high pass
again to get the desired signal or sound. in digital audio, Equalization is the process
of adjusting the balance between frequency components within electronic signals
[12]. The most for using of the equalization is in sound recording and production
sounds in the music. The circuit is used to achieve equalization is called an
equalizer [12]. These circuits can boost (increasing) or cut (decreasing) the energy
of frequency that carried when travelling in specific bandwidth. In sound recording
and reproduction, equalization is the process that used to adjust the frequency
response of an audio system using linear filters. Equalization uses the simple
filters to make bass and treble adjustments.

3.2.2.4. Types of Treble Amplifier

There are also two types of treble amplifier including analog and digital treble
amplifier. A treble signal (high pitch or high frequency) is commonly recorded using
an analog signal and digital amplifier emulation. To control the sound, the analog
signals are given the exact the signal (high frequency) when it goes through the
high pass of the treble amplifier. The signal is kind of exact the same to the signals
that pass the high pass filter with some noises. However, in the analog amplifier,
if the human wants to ignore some unwanted signal, the analog cannot do it
because it is much easier to reach the exact sound that the human wants because
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the signals are not analyzed or discrete as sample with the bits 1 or 0. To solve
that, the treble digital amplifier can do it. Digital treble amplifier makes the signals
to be processed so that the information that they contain can be displayed,
analyzed, or converted to another type of signal that may be of use. In the real-
world, analog products detect signals such as sound and manipulate them. All in
all, the analog signal goes through a device as an Analog-to-Digital converter then
take the analog signal and turn it into the digital format of 1's and 0's. At this time,
with the binary numbers, the signals can be stored in the memory of the chip and
will be reproduction after the requesting. From here, the digital signal processing
takes over by capturing the digitized information and processing it. By these
processes, the treble digital amplifier helps the humans can select the signals or
sound that they really want. Another thing is that there is the noise in these two
treble amplifiers. The treble analog amplifier is reduction more noise than the treble
digital amplifier.

All'in all, the main differences in performance between the treble analog and digital
amplifier are the bandwidth of the frequency and the signal-to-noise ratio which the
digital amplifier produces more noises than the analog amplifier does. In the music,
human usually combine the bass and treble digital amplifier together to make the
circuit smaller and more convenience. It is called digital tone control circuit. The
tone control circuits are used to reduce the noise in the frequency when pass the
filter circuit and to enhance (boost) the quality of signal or sound. The tone control
circuit are usually used in music for bass and treble adjustment [13]. For example,
when listening to the music, the listener can boost or cut the bass or treble
frequencies. This process is called the tone control circuit. In modern technology
as today, the tone control circuit is also called equalizer circuit, specially, graphic
equalizer is a special of this process. The circuit is used to make a digital band
pass filter of appropriate cut off frequency which will pass only the desired range
of the frequency through the filters.

3.2.2.5. Comparison and Conclusion

By comparing the advantages of treble digital and treble analog amplifier and with
the modern technology today, the treble digital amplifiers are more commonly used
in today since they take more advantages than the treble analog amplifier. The
treble digital amplifier is making the sound more enjoyable to the listeners since
the listen can use digital amplifier to adjust the treble or bass frequency with the
certain time. Also, the listeners can design what kind of music that they want to
hear since they can easier change the treble and bass frequency. By the modern
technology today, the chip is running faster, the analog digital converter and digital
analog converter are developed very well which the humans can get more
sampling when the process of quantization is improved, the listeners can listen to
a better music over the using of analog amplifier for bass and treble.

18



Final Submission Group 17 12/04/2017

3.2.3. Volume

The volume of music can be measured by acoustic decibels (dBA). There is +/- 30
dBA. When increasing the dBA, the volume is increased [1]. When decreasing the
dBA, the volume goes down. In this case, when both increasing bass and treble
frequency, and the overall volume is lower, the mid-range frequency is down.
Similarly, when reducing both the bass and treble frequency, and increasing the
volume has an overall effect of boosting the middle frequencies [1].

3.2.3.1. Volume Amplifier

Speaker are devices that translate signals from an electronic device, such as a
receiver or CD player or sound waves. Sometimes, the listeners want to get a
sound louder or smaller, then speakers may need a bit of a power boost to produce
louder and cut the power to get sound lower. Running an amplifier between the
audio device and the speakers will raise the wattage going into the speaker. This
amplifier is called volume amplifier. The connection of the speaker and pre-
amplifier is important, and without one of them, the listeners cannot hear any
sound. the best combination of these relationship is to get a pre-amplifier that has
twice wattage of the speaker [16]. For example, speaker can produce 50 watts, so
the amplifier should be 100 watts.

3.2.3.2. Analog Volume Amplifier

A volume amplifier is an electronic circuit that boosts an electric current. For
example, when recording the music through a microphone, the microphone will
receive the sound in analog signals, then convert them into a fluctuating electric
current (electric signal) that constantly changes in strength. A transistor-based
amplifier takes the electric signal as an input and boosts it many times as a gain
before going into a speaker [17]. As right now, the listeners can hear the sound as
an output.

3.2.3.3. Digital Volume Amplifier

The digital volume amplifier can be called digital volume controller. When the
sound or the analog signals go to the microphone. First, the signal should go to an
ADC that convert to digital signal. Now, the signal will be sampled and analyzed
into the binary number. The signal will go to the programable processor that reads
if the number of binary is large then the sound is louder, but if the number of binary
is smaller than the sound is smaller. After this, the digital signal will go to a DAC
that convert to analog signal, and the listeners can hear through the speaker. For
the perfect sound and desired loudness of the listeners, make sure the chip should
carry at least 24 bits to cover enough the range of loudness or it will clip the signal
[18].

3.2.3.4. Types of Volume Amplifier

The volume amplifier has two types of amplifiers including: analog and digital
volume amplifier. In the analog amplifier, the electric signals (the electric current)
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is boosted to make sound louder. The gain is determined by the divider of output
signal over input signal. As an analog volume amplifier, the noise when boost and
cut the volume is less than the digital volume amplifier. Since the analog signal is
fluctuating waves (like a sine wave), the noise can be adjusted when the volume
turns down. However, in the digital volume amplifier, the noise is a fixed noise
since the digital signals are equitization signals. A digital volume amplifier has its
own problems. When each 6dB reduction in volume from the maximum setting
then using 1 bit. For example, when reduction about 30 dB then there is 5 bits
using. The lower the volume setting, the greater the loss in resolution [18].

3.2.3.5. Comparison and Conclusion

By comparing the advantages of volume digital and volume analog amplifier and
with the modern technology today, the volume analog amplifiers are more
commonly used in today since they take more advantages than the volume digital
amplifier. The volume analog amplifier is making the sound more enjoyable to the
listeners since when noise in analog signal is less than digital signal when turn
down the music. Also, the listeners can design what kind of music that they want
to hear since they can design the gain in analog signal. The digital volume amplifier
is useful but there is a problem in noise and the range of bits using.

3.2.4. Echo or Delay

An echo is a time effect. An echo can take a direct signal and storage it first for a
set of small delay time, and process it to be played back later [9]. A delay can
repeat a signal once or multiple times. It can be used to separate a vocal from the
rest of the mix or for a special effect. When applying a large amount of delay time,
it can make a sound off. The delay or echo can be analog or digital delay. In analog
delay, there are some solutions that use: tape delay, oil can delay, and bucket
brigade delay [9]. In the most use for analog, humans use the bucket brigade delay
because it creates the most precise output signal, but the problem is that there is
a signal is passed form this stage to another stage. Each stage takes a certain
time until It comes to last stage for the last delay.

The bucket brigade is usually take about 300 milliseconds for delaying [9].
However, for the longer delay time, human uses digital delay with simple support
circuit with a timing chip. A digital delay is made by less filters and produces clearer
sound. There is also a hybrid delay, the combine between analog and digital delay.
In this delay, first the signal goes to analog delay first for certain delay time.
Second, it goes to a digital delay. At right now, the output can be analog delay,
digital delay, or between these two delays [9].

3.2.4.1. Echo or Delay Amplifier
Echo and delay are created by copying the original signals in some way including
analog or digital filters, then replaying it a desired time later [9]. Early echo units

were the using analog filters with more stages that were based on tape loops, and
the most using for analog delay filter is bucket brigade delay circuit that is design
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with more stages to let the signals delay [9]. The analog delay filter is not more
flexible than the digital delay filter since the delay time in analog is very short.
Today, most delay or echo filters are using digital signal processing, but they often
include the controllers to help them emulate the characteristics of the early tape
units and bucket brigade delay circuits. While delay digital filters produces perfect
echoes, an analog filter can be more enjoyable in music. In physic, an echo is kind
of the rebounded of the sound. In other words, an echo is a sound that is repeated
because the sound waves are reflected. A sound waves is reflected with the same
direction and original sound. For example, a human can hear someone’s voice
when he or she is walking in the cave [14]. In music, echo is very important
because sound voice from a singer that record from the microphone has to delay
in very short time, typically, about 35 milliseconds [9]. It should happen in
millisecond to mix with the music sound combination. For the echo with the time
delay is larger, there is may be no sound or the sound kind of repeated in series.
For example, when put the delay in certain time larger than millisecond, when say
the words “Hotel”, and it will sound like “Hotel otel tel el I”.

3.2.4.2. Analog Echo Amplifier

In analog, there are two type of ways that using analog signal to record the sound
and make it echo. The first is using the tape. Most tape machines have three heads
that read and record to the tape. The delay time is the distance of the read and
playback on the tape. The tape will use the three head to make it delay. The first
head is the erase head that clear the tape before it is going to the record head.
After that, the tape will record by using the record head. In this record head, the
record head is not only record, and it can play when recording at the same time.
After the record head, the tape will use the playback head. That means the tape is
already recorded and is ready to play back. The speed of the tape will determine
how the time for delaying. Moreover, another way to delay is using bucket brigade
delay circuit. A Bucket Brigade Device (BBD) is an analog circuit contained within
a small chip that delays an incoming audio signal [9]. BBD is made from a lot of
circuits with more stages to make the signals delay. That is why the form of BBD
is very large circuit. It is consisted of a series of capacitance sections Co to Cn.
The analog signals are stored and moved along the line of these capacitors, one
step at each clock cycle [9]. The time for the signal goes through all of these
capacitors is the delay time, typically it is in milliseconds for delay time.

3.2.4.3. Digital Echo Amplifier

The term digital delay is often used to describe the modern sounding technology
and accurate delay. However, digital delay processors are also capable of
producing convincing analog and tape delay in the quality of sound and time delay.
Many audio effects are based on mixing the original signal with delayed. When the
microphone records the voices as analog signal. The signal then goes into the
analog digital converter (ADC) to convert the signal to digital. The digital signal
then is sampled then pass through a series of digital signal processors. This
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recording or delaying signal is saved in memory, then it is play back the stored
audio signal on a certain time that the listener wants. After this, the signal will go
to a digital to analog converter (DAC) to convert back to analog signal again. Digital
delay line is one way to design the digital delay in the audio. The digital delay line
is adjusted discretely by adding or removing gates from the delay line. A delay line
has two units. The first unit is unit delay (Td), and the second unit is the number of
stages (N) [15]. the more stages and the more unit delay are making the delay time
more. With the human frequency voices between 20 Hz to 20 KHZ, for the digital
delay line, at least 16 bits is used to sample the signal. The delay time is controlled
by a programable processor that allow the users to change or modulation the time
delay.

3.2.4.4. Types of Echo or Delay Amplifier

There are two types of echo or delay circuits that humans use in audio system.
The first is analog echo or delay circuit. In analog signal, using tape and bucket
brigade delay are two ways to record and delay the signals. The analog delay
circuits are only making a certain time, and the users cannot change the time delay.
The circuits in BBD is large with more stages to design, and the tape delay is not
flexible to design in electronic circuit. The analog delay circuits give the listeners
the sound more warner and natural because the signal is not sampled through the
ADC. In the digital delay circuit, the digital delay line is one way that most people
like to make since the system can use a series of programable processors to
program a delay time. Digital delay circuit can cut through the mix much better than
the analog delay has a natural and warm sound. Also, digital delays make the
repeated sound more like the original signal with better ADC and DAC today. The
analog signal gets more distorted and darker with each repetition. Digital delay
circuit make the sound clearer in quality of sound.

3.2.4.5. Comparison and Conclusion

By comparing a digital and analog delay amplifier that want to have the exact same
guality of sound and design, the human would prefer to digital delay circuits since
the digital emulation almost always matches up in terms of quality of sound. In
other way, the digital delay amplifier can help the human to achieve all different
styles of music and make the music more affectable to human by the flexible of
changing time delay. All in all, the digital delay circuit is the much more practical
route when it comes to the echo or delay in audio system.

3.3. Echo Design

The echo digital amplifier is the delay or echo voice signal at certain time that we
can design to adjust the delay time. In this digital echo amplifier, there will be an
echo or delay adjustment and a volume amplifier. Also, inside the chips, it has the
ADC and DAC, so the digital delay processor can take an analog signals (voice)
as input, and the output is an analog signal. In this process, we can design a circuit
to change the delay time and the volume of our voice. The good processor must
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meet our desire input digital voltage, and make low noise, and low power
consumption.

3.3.1. PT2399 processor

The PT2399 is a single chip echo processor IC utilizing CMOS technology which
accepts analog audio input signal, a high sample rate ADC transfer the analog
signal into a bit stream then storage to internal 44Kbit RAM, after processing the
bit stream will de-modulate by DAC and lowpass filter. Overall delay time is
determined by internal VCO clock frequency, and user can easy to change the
VCO frequency by changing the external resistance [55].

3.3.2. ETK3699 Processor

ETK3699 is an echo audio processor IC utilizing CMOS Technology which is
equipped with ADC and DAC, high sampling frequency and an internal memory of
44Kbit digital processing is used to generate the delay time, it also features an
internal VCO circuit in the system clock, thereby, making the frequency easily
adjustable [56].

3.3.3. M65850P/FP Processor

The M65850P/FP is a CMOS IC for generating echo to be added to the voice
through a karaoke microphone. It is optimal to provide the echo effect function for
karaoke player, such as radio cassette recorders, mini audio components and
television sets. Increased master clock frequency assures high-performance short
delay. The IC has the largest memory among the digital delay series [57].

3.3.4. BU9253 Processor

The BU9253AS, BU9253FS and BU9255FS are single-chip ICs that contain all the
components needed to configure a KARAOKE echo system: an ADC and DAC
converter, SRAM, LPF, and mixer for mixing source signals. With these ICs, an
echo function can be configured easily and with minimum external components.
Echo mixing ratio is adjustable with a DC voltage [58]. This chip supports Karaoke
echo and surrounding system, all in a single chip.

3.3.5. Comparing These Processors

PT2399, ETK3699, M65850, and BU9253 are the chip processors that we will
choose one of them to design for our project. It is good all the chips can help us to
design an echo or delay circuit, and they all have the ADC and DAC inside the
chip. Also, there is the memory inside these chip that can help us store signal in
certain before playing back. As we can loop up some of their features and
applications.

The table below is showing some very important limit values and characteristics
that we need to do our project. By comparing these processor, the processor
PT2399 has more advantages to use for our design than these others. The first
reason is that the voltage supply and the bits range are met our requirement, also
the output noise voltage is low. The good reason is that we can the overall delay
time by internal VCO clock frequency because we can change the VCO frequency
by changing the external resistance.
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Table 3. Echo Processor Comparing
Processor | PT2399 ETK3699 M65850P/FP | BU9253
Name
Application | Karaoke mixer | Karaoke mixer | Karaoke, Karaoke
and music | and electronic | echo for | functions  for
instrument musical voice for | portable stereo
effect(echo/de | instrument and | karaoke sets, mini
lay) echo processor | microphone | components
Voltage Min: 4.5V Min: 4.5V Min: 3.5V Min: 4V
SUPPY V) | Max: 5.5V | Max: 5.5V Mac: 5.5V | Max: 5.5 V
Bits Range | 16 bits 16 bits
Output Min: -95 dBV | -90 dBV -85 dBV -70 dBV
Noise Max: -80 dBV
Voltage
Echo VCO clock | VCO clock | Master clock | External
Adjustment | frequency frequency frequency Adjustable

3.4. Music Amplifier Design

The music speaker amplifier is designed to take analog input signal (music from
DAC that is conned to Bluetooth), and the input signal can adjust by changing its
magnitude (volume) and frequency (bass and treble) to make the best music into
two speakers in the left and the right. In the process of this amplifier, the music is
taken from any smart devices such as ipad, table, phone through Bluetooth. The
signal output from Bluetooth is digital signal, so an DAC will convert digital to
analog signal. This signal can be adjusted with frequency and magnitude to make
music by changing external components such as capacitor and potentiometer. An
analog chip is chosen to meet our requirement in voltage supply and output voltage
with low noise, and low power consumption.

3.4.1. TDA1524A IC

TDA1524A is designed as an active stereo-tone and volume control, especially for
car radios, TV receivers and mains-fed equipment. It includes functions for bass
and treble control, volume control with built-in contour (can be switched off) and
balance. All these functions can be controlled by DC voltages or by single linear
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potentiometers [60]. This preamplifier has the volume control (with integral power
switch), Balance, Bass and Treble tone controls. It provides very pleasing performance
and makes a useful addition to any of our audio power amplifier kits. RCA jacks for audio
inputs [6].

3.4.2. LM1036 IC

LM1036 is a DC controlled tone (bass/treble), volume and balance circuit,
especially for stereo applications in car radio, TV and audio systems. Four control
inputs provide control of the bass, treble, balance and volume functions through
application of DC voltages from a remote-control system or, alternatively, from four
potentiometers which may be biased from a Zener regulated supply provided on
the circuit. Each tone response is defined by a single capacitor chosen to give the
desired characteristic [61].

3.4.3. LA44401C

LA4440 is a two channels power stereo amplifier that can deliver up to 6W output
per channel of 19W in bridge connection. It requires minimum number of external
parts, it has small pop noise at the time of power supply ON/OFF. The LA4440
audio amplifier circuit has good ripple rejection of 46dB, small residual noise, built
in over voltage and surge voltage protection. ideal feature of the IC is its pin-to-pin
protection. Also, it is low distortion over a wide range from low frequencies to high
frequencies, built-in audio muting function, built-in protectors [62].

3.4.4. Audio Transistors (2SA1015 and 2SC1815)

2SA1015 is a Silicon PNP Epitaxial Type that is made from Toshiba transistors
company. This is an audio frequency general purpose amplifier applications driver
stage amplifier application. This audio transistor creates very low noise (1dB
typically). 2SC1815 is a Silicon NPN Epitaxial Type that is also made from Toshiba.
This is an audio frequency general purpose amplifier applications driver stage
amplifier application. This transistor also creates very low noise (1dB typically).
These audio transistors are working on very low power supply (typically 3.3V).
Together, we can make a low voltage preamplifier circuit with tone control by using
them.

3.4.5. Comparing these ICs

TDA1524A, LM1036, and LA4449 are stereo amplifiers that we will choose one of
them to design for our project. all of these amplifiers are that can help us to design
a tone control (bass, treble, balance) and volume amplifiers. They meet our
requirements to design our tone control and volume. Also, they all produce low
residual noise and the pop noise. As we can loop up some of their features and
applications. The table below is showing some very important limit values and
characteristics that we need to do our project. By comparing these preamplifiers,
two audio transistors (2SA1015 and 2SC1815) have more advantages to use for
our design than these others.
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Table 4: IC Comparing
IC Name TDA1524A LM1036 LA4440 2SA1015
2SC1815
Application | Stereo- Stereo Stereo and | Using in audio
tone/volume | applications in | bridge for headphone
control  for | car radio, TV 3 and  portable
car  radios amplifier electronic
- |and audio | applications | devices for low
TV recel\{ers . power supply
and mains- | SYSt€MS
fed
equipment
Supply 12v Min : 9V 13.2Vv 1.5-3V
Voltage (V
ge V) Max: 16V
Volume -80 dB to + | 70 dB to 80 dB | External External
Control 21,5dB component resisters
Range (dB) design
Bass Range | Range at 40 | Range at 40 | External External
(dB) Hz (-19 dB | Hz (+/-15dB) | component resisters
to +17 dB) design
Treble Range at | Range at 16 | External External
Range (dB) | 16Khz ( +/- | KHZ (+/-15 | component resisters
15 dB) dB) design
Operating -30°Ct080° | 0°Cto +70°C | —-20° Cto +75° | -55t0 125° C
Temperatur | C C
e
Output noise | 100 uV 16 uv 0.6 mV 10 uv
voltage

The first reason is that the voltage supply is met our requirement with working in
small signal, also the output noise voltage at the minimum gain is low. Also, the
range of the volume, bass, and treble are met our requirements by adjusting the
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potentiometers. The operating temperature Range of these two transistors are
small (-55 to 125° C). This is good since when running the circuit, it will get hotter,
so we need a large range of operating temperature

3.5.  Voice to Visual Display (VTVD)

The voice to visual display will function as an individual unit to the system. The
display is intended to be an enhanced feature to the Karaoke Portable Microphone.
The LED display is a collection of individual LED lights in which an LED driver can
be accessed to toggle the individual addressable LED lights on and off to an array
of colors. It will add an esthetically pleasing overall look to the KPM. Not only will
the portable microphone allow the singer to have the ability to hear their favorite
songs but perform to their favorite songs while an arrangement of lights display
during the performance for an exciting and interesting show for all the enticed
viewers watching.

The design workflow of the Voice to Visual display will be referenced in detail in
the following pages. Below in Figure Al is the connection diagram for the voice to
visual display. Overall the display will take an input signal which will be used as a
reference to determine the LED settings to be displayed. The display will allow the
end-user to choose from a few options of how the LEDS will display. That is the
ability to have a visual feedback of the specific notes that he or she is singing, set
the brightness level, choose from a set LED flashing patterns or possibly display
LEDs based on the tempo at will. These effects are being implemented to add a
new dimension to Karaoke performances.

)
— » Op-Amp Asm.p;"firdb DC offset ADC
igna
~

)
Micro
. — | Controller |___, LFD 5 LEDs
or DSP driver
~—

Figure 4. Voice to Visual Display Connection Diagram

The goal is to display the LEDs while the performer is singing at will. To accomplish
this, an audio input signal from the microphone will be taken. An operational
amplifier will then amplify the signal to be used with an open-source electronics
platform. These signals need to be amplified to get them to the amplitude we want
or need. Once the microphone signal has been amplified the signal will then need
to be DC offset. The DC offsets the output of the amplifier and will cause the audio
signal to stay within the acceptable range of the microcontroller that will be used.
An analog to digital converter will convert the audio signal for use in the
microcontroller to program the board and use the led driver to drive the LEDs and
display the plethora of lights.
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Some of the features for the visual LED display to be implemented in this prototype
or most likely in future prototypes will be; LED intensity mapped to amplitude,
potentiometer adjusting gain, adjustable frequency range, programmable output
display with optional input tempo. The LED intensity mapped to amplitude will
simply adjust the brightness of a LED configuration based on the intensity of the
input, in this case being the vocalist performing a specific song. The louder the
vocalist performs, the brighter the LED will display the given color corresponding
to its frequency. A potentiometer to adjust gain serves a purpose to allow the
output of the operational amplifier to be adjusted so that no clipping will occur. An
optional LED can be attached with the potentiometer to give the performer an
indication of clipping and be able to adjust the output accordingly. The adjustable
frequency range would give the user an option to set the tolerance of desired
frequency to correspond to an LED. This added feature would allow for a more
dynamic high and low threshold for the incoming input to correspond to its color
and specific LED. A future implementation would be to also have several
configurations of lights displaying in different modes for enhanced performance
and visual stimulation. With different modes, it could mimic a light show
performance seen by typical shows nowadays. A tap tempo button could also be
added to the different modes allowing a performer to tap the tempo of the song
being sung, and have the LED patterns light up in sync with the tempo the of the
song, giving a true feel of a dynamic light show in a concert hall.

3.5.1. Operational Amplifier

To select the appropriate op-amp for the Voice to Visual display the microphone
level is to be considered. The microphone-level signal is the voltage level that
comes out of a microphone when someone speaks into it. This will be the input
signal that will be taken and modified to produce the output we need. The mic
levelisin the region of -60 dBV (0.001 volt) to -40 dBV (0.010 volt) [19]. The voltage
will also vary in response to changes in the voice level and the distance from the
singer-to-mic. But overall the signal is going to be quite small. [19] Therefore, we
will need to prepare the signal for use in the microprocessor or for other
functionalities. What the amplifier will do, is increase the amplitude of the signal as
well as protect the audio source and produce a signal large enough to use in most
processors. The outgoing amplified signal is going to source all its current from the
amplifier, so any load that will be added later unto the circuit will not be felt by the
microphone.

3.5.2. Traditional Split-supply Op Amps

The operational amplifier is a high-gain dc-coupled differential amplifier with a
single-ended output. Operational amplifiers are available in thousands of types,
offering various performance tradeoffs. One of the requirements is the power
supplying the op-amp. A split-supply op amp has two supply rails with reference to
ground to an op amp (i.e. +VCC and -VCC) rails. The applied voltage can swing
between these two voltage levels. In an audio signal amplification, the input audio
signal (voice) can swing between some (+Ve and -Ve) voltage levels (usually in
mV) as stated above and cannot exceed these levels. Most traditional split-supply
op-amps should be powered with +15 and -15V, but since the signal will never be
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amplified above + or — 2.5V it will be fine to run the op amp with something lower
such as + or -9V power supply.

Taking into consideration this requirement for the split-supply, a few split-supply
op amps were selected. Table 6 depicts various useful op-amps selected and their
performance tradeoffs and price. For the selection of the op amp we need to
consider which op amp has the highest input impedance and lowest output
impedance. Table 5 shows a summary of what we are looking for in the selection
of the dual power supply op-amp.

Table 5. Operational Amplifier Requirements

Device Input Output Gain Bandwidth
Impedance Impedance
Op amp High Output Low output High Limited

Table 6 below is a summary of the op amps considered for the LED display. We
want to achieve characteristics of an ideal op amp, so considering the
requirements listed in Table 5 we chose a few op amps that could possibly be
used.

Table 6. Operational Amplifier Comparison Table

Op Amp Vs(min | Vs(max) | lIs Bias | Bandwi | Slew Price
TYPE |) current | dth rate

LF411 JFET — -7V 36V 3MHz | 13V/us | $1.43
Input 50pA

UA741C CMOS -18Vv 18V 1IMHz | 0.5V/us | $0.45

80nA

LM 741A | Bipolar | -22V 22V 0.5V/us | $0.73
(BJT) 80nA 1.5MHz

LMC6482 | CMOS | -3V 16V 1.3Vius | $1.92

A 20fA 1.5MHz

TLO81CN |JFET-| -18V 18V 3MHz | 16V/us | $0.52
Input 30pA

3.5.3. Detailed look at Split-Supply Op Amp Table

One of the op-amps listed in Table B2 is the LF411. An inexpensive and easy to
use operational amplifier. It serves as a good starting point for circuit designs. Most
of the op amps listed above are very commonly used. Table B2 lists values for the
best op amp you can get for each individual parameter. Let us note the input bias
current Is, which is half the sum of the input currents with the inputs tied together
(the two inputs are approximately equal and are the base or currents of the input
transistors) [20]

For the JFET-Input LF411 the bias current is 50pA, while a typical BJT-input like
the LM741 has a bias current of 80nA. So roughly we can say that BJT-inputs have
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bias currents in the tens of nanoamps and JFET-Input op amps have currents in
the tens of picoamps which is 1000 times lower. The significance of the bias current
is, that it causes voltage drop across resistors in the feedback network. [20] Means
can tolerate resistances up to some value before you must worry about it reaching
the offset voltage max. From the table above, bipolar op amps have good wide
supply voltage range, speed, and noise at the expense of the bias current; JEFT-
input op amps like the LF411 and TLO81CN are intermediate and CMOS op-amps
like the LMC6482 displaying the lowest bias current.

3.5.4. Single power supply Op-amp

Single supply Op-amps have only one supply rail (+VCC) for which the applied
signal will be amplified or swings only in between the +VCC and GND. Therefore,
the output voltage has a swing in between +VCC and GND rails. Single-supply
operation is commonly synonymous with low-voltage operation [21] One of the
features we must think about is the fact that we cannot generate negative outputs.
However, certain applications using high voltage and high current op amps can
benefit from single supply operation.

3.5.5. Advantages & Disadvantages of single power supply Op-amp

Consider the basic op amp connection in Figure 5a. The circuit is connected as a
voltage follower, which means it's output voltage is equal to the input voltage. It is
powered from a dual supply. There are limitations to the voltage swings, so as the
input voltage swings positive the output at some point near the positive power
supply will be unable to follow the input because of the limitation. A typical op amp
has roughly a 2V difference from the actual max voltage supply. In this case it will
be from -13V to +13V.

Figure 5b shows the same unity-gain follower operated from a single 30V power
supply. The output of this op amp can follow the input if it doesn’t come no closer
than 2V from either supply terminal of the op amp, its range is from +2V to +28V.
Ideally any op amp is capable of this type of single-supply if the rails of the dual
supply have different limits. The advantage of using a single supply op amp is
biased toward the type of application that is targeted for single supply. For
example, the limit on the “negative” power supply to the op amp is a significant
limitation. If an application has the input signal referenced to ground, the input
signals of less than 2V would not be handled accurately by the op amp. A single
supply op amp would handle this application more effectively. The disadvantages
of single-supply operation are that it aggravates the problems of noise, biasing,
and distortion. Use of single supply op amps also consequently intensifies the
common-mode input range, output voltage swing and CMRR. There are possible
parameters that also need to be considered when operating a single-supply op
amp.

High performance, single supply op amps are becoming more common, but to
maximize performance sometimes a dual-supply amplifier is an ideal choice. The
selection of dual-supply op amps is greater because dual-supply systems have
been available longer and dual-supply op amps are not designed with the same
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restrictions as the single-supply. From the points listed in the disadvantages of
single supply op amp, it was decided that ideally a split supply op amp is the best
choice.

- il
1

Figure 5. Dual vs Single Supply

3.5.6. Operational Amplifier Design (Non-Inverting Amplifier)

From the research for the op amps we chose to go with a split-supply op amp. The
goal is to increase the amplitude of incoming signal from around + or — 200Mv to
about + or — 2.5. The datasheet of the UA741 says that the op amp should be
powered with nominal voltage of +15 and -15V, however since the signal won'’t go
above the 2.5V we could run the op amp at a lower voltage value. The following
equation describes the properties of the relative amplitudes of the signal after and
before using the non-inverting amplifier.

Vout =Vin* 1+ R3/R2 (1)
or Vout/Vin =1+ R3/R2 2)

R3 is the feedback resistor and then we have the resistor to ground, R1. The output
voltage (Vout) is the amplitude of the outgoing signal from the amplifier and Vin is
the amplitude of the incoming signal, the input to the op amp. In the design of the
amplifier there is also a capacitor-resistor combination not usually found in a typical
non-inverting amplifier. The reason the resistor is inserted is to prevent the output
of the op amp from driving into one of the voltage rails. Typically, the value for R1
may be 100 k ohms or more.

In the circuit R2 is a 100kQ resistor and R2 is a 10kQ variable resistor
(potentiometer). By using this pot, we can change the resistance of R2 from 0 to
10kOhms. Using equations (1) and (2) we can find the ratio of Vout to Vin. If the
pot is turned all the way to the left for a resistance value of 10kOhms the ratio will
be 11, if the pot is turned the opposite way the value will be 2.2V, which is in the
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range that we are looking for, close to 2.5 V. Overall turning the potentiometer to
the right decreases the resistance of variable resistor and increases the gain or
the amplification of the signal to infinity (ideally). The use of having this design is
to allow adjusting the variable resistor or the potentiometer to adjust the gain of the
op amp and that way we can tune the microphone sensitivity and keep the ranges
we want.

Figure 6 shows the non-inverting amplifier design with a capacitor-resistor
combination.

R2
<&

Figure 6. Non-Inverting Amplifier Design

3.6. ADC (Analog to Digital Converter)

An Analog to Digital Converter does just as it states. It takes an analog input (the
VTVD), and converts it to a digital value in which the microprocessor can interpret.
However, choosing an ADC isn’t as straight forward as its functionality. Numerous
different specifications are used to describe them. Namely Resolution, Accuracy,
Sampling Speed, and Quantizing noise. Resolution is simply the number of output
bits per conversion. Accuracy is how close the output is in representing the
maximum resolution given. This is usually dictated by noise, and nonlinearities
defined by the ADC itself. Sampling speed is the most conversions that an ADC
can be made per second. And finally Quantizing noise is a specific type of noise
(unwanted voltage) that is added to the input [22]. When researching different
ADC'’s to use for the VTVD these parameter specifications will be taken into
consideration for part selection and ADC type.

Along with the numerous specifications, also comes the various types of ADCs.
The three most common ADCs are flash, successive approximation (SAR), and
Sigma-Delta (£A). Flash ADCs are the fastest type of converter out on the market
today. However, with speed comes drawbacks. The Flash ADCs are built with
comparators. The number of comparators is based on the number of bit resolution.
If it is an 8-bit ADC, the converter will have 256 comparators. This means that the
size of these converters can be quite large, and because of the sheer number of
comparators needed, it can consume a significant amount of power. Since size
will ultimately be contributing factor to future prototyping of the V [23] TVD, the
Flash ADC will not be considered for design of the system, leaving the two most
popular types of converters left to choose from; the SAR or Sigma-Delta.
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To calculate a conversion, the SAR ADC uses a comparator and counting logic.
Interestingly, SAR takes the input voltage and compares it to half of the reference
voltage given (in the VTVD case; reference voltage given by either the power
supply, microchip, or DSP chip). If this is true, the most significant bit is set. The
calculated value is then subtracted from the input once again and checked for one
guarter the reference voltage.

This process is continually done until all bits are set. The huge advantage of SAR
is that it is fast in computation and widely known as an industry standard. Sigma-
Delta uses oversampling to achieve conversions, and is therefore very high in
resolution. However, this is offset by lack of speed and the complexity of having a
digital filter [23].

Table 7. ADC Comparison Table

Manufacturer | Series Architecture | Resolution | Sampling | Cost
(bits) Rate(Hz)

Maximum MAX1243 SAR 10 73K $5.51
Integrated

TLV2541 SAR 12 200K $4.55
Texas
Instruments | ADC121S101 | SAR 12 1M $3.93
Analog AD7478 SAR 8 1M $3.90
Devices

Table 7 shows some of the ADCs for possible purchase. It is interesting to note
that all of the architecture choices are SAR. The reason for this is chip selection
and availability more than any other deciding factor. When filtering on any
distributor with the following parameters; Analog Voltage ~2.5 — 5.3, number of bits
(12-16), frequency ( = 42 kHz), it seemed that the only available option for single
channel ADCs are SAR. No Sigma Delta chips had the frequency range with all
the other options needed.

Once noting architecture, it became clear from the comparison of the chips, that
the most reasonable option to go with is Texas Instruments’ ADC121S101. In
comparison, it has one of the highest resolutions, highest speeds, and is also close
to the cheapest, only falling second by three cents to Analog Devices’ AD7478.

Figure 7 demonstrates an ADC waveform. An analog signal and it the
corresponding quantized signal. A sampled signal (right), the sample and hold
function of the ADC, and the original analog signal. This model has added slight
noise to create some real effects of what could occur while using a ADC chip. One
issue that will be of great concern when designing and implementing the ADC chip
is the reference Voltage, V...
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Figure 7. ADC waveform

Most microcontrollers allow for use of such an input pin. For the possible use of
an Arduino, a 5-volt reference could be used. With the 12-bit resolution decided

on the ADC, a value of 2% = 1.22 mV is the subdivision used for each precision

value. However, this result is completely dependent on that 5V reference. Typically
supplies can vary two to three percent, which can significantly affect the output of
the ADC. If the power was off by the extremes + 3% , it would be seen that the
corresponding low value error would be 1.18 mV, and its corresponding high value
error would be 1.25 mV. This may not seem to be a significant change from the
ideal 1.22 mV. However, if there are 4,096 corresponding values accounted for in
between five volts, then these values will become significant, and cause error in
mistaken one voltage range for another.

3.7. Processor Adaptation: Calculating Audio Signals

One of the most important decisions for the VTVD is deciding how to calculate the
input signal to get a corresponding frequency. That frequency will then be used to
determine which color to display. The choices for processing a signal come down
to two distinct options; Analog or Digital. This may seem a straightforward choice,
being digital has dominated the audio processing world as of late. However, as will
be outlined in the following sections, each choice brings advantages and
drawbacks.

3.7.1. Digital Signal Processing (DSP) Chip

Digital Signal Processors have many advantages to use to process the input audio
signal. The chips architecture and instruction set are built for real time processing
using mathematical functions and algorithms. Along with its powerful ability comes
multiple options when considering the correct chip for the given design for
processing. When choosing a processor, peripherals (Serial ports, Connectivity,
Sample rates), Memory (Flash), Size, Power consumption, ease of development
and Price, play important roles. However, before considering these constraints,
formatting and calculating data must be studied. The two categories for data
manipulation are Fixed Point and Floating Point.

34



Final Submission Group 17 12/04/2017

Fixed-point processors operate on integer values, with a minimum of 16 bits. This
gives up to 65,636 possible bit patterns. In contrast, Floating-point processors
operate on rational numbers with a minimum bit range of 32. This allows for
significantly larger combinations of patterns; approximately four billion (232). Note
that the gap for fixed-point processors always remains at a value of one. This
allows for uniformity, yet does not allow for such a large dynamic range that floating
point gives. When processing a large amount of data, floating point processors are
an absolute necessity.

Precision must also be evaluated when distinguishing between the two types of
processors. Rounding will occur no matter which type of processor will be used.
This type of Rounding occurs due to memory limitations when storing data and
from mathematical operations. The interval between integers can be much larger
than floating point values for processing. Leading to a larger quantization error
when using fixed-point processing. Floating-point processing does have several
drawbacks. One which is of great consideration is the complexity in developing
and implementing effective algorithms [24].

3.7.2. Digital Signal Processor Comparison and Benchmarks

When choosing a DSP, it is often difficult to understand what one may need given
the typical data of clock speed and memory. Adding to the confusion further,
Benchmarks given by manufacturers often highlight strengths of a chip while being
elusive to any shortcomings it may have. The key to successful selection is to plan
for what algorithm will be implemented, and how many clock cycles are required
for the performance required by the system [25].

When it comes to benchmarks and execution time, the typical benchmarks used
are FIR filters, Biquad Filters (second order IIR filter), and FFT computations. This
is because FIR filters can be memory intensive. For an N-point FIR filter, 2N + 3
accesses to memory occur, as well as N number of MACs (Multiply Accumulate
Operations). Biquad Filters are also MAC intensive, having two memory accesses
as well as five MACs. The FFT benchmark allows for a more complete test, having
both memory accesses and mathematical operations. [26]. With looking at these
benchmarks, the most fundamental question that needs to be answered is; how
fast does the VTVD need to be? At the highest level of fidelity, voice or music in
general, will contain the full spectrum of hearing; 20 Hz to 20 kHz. A popular
sampling rate used is 44.1 kHz [25].

Most processors will be able to handle this requirement. Yet it will still be an
important standard and therefore included in the comparison table. With the ever-
increasing popularity and development of DSP chips, narrowing down a chip
choice was a tedious task. Table 8 shows two main manufacturers under
consideration; Texas Instruments and Analog Devices. All but one DSP had
floating point arithmetic capability. The Clock speed all well exceed the VTVD
needs and memory is sufficient for all anticipated mathematical computations. The
I/O Voltages and operating voltages are all similar in design.
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Table 8. DSP Comparison

Manufactur | Series | Arithmetic | Clock | Memory | Volta | Voltag | Cost
er Rate | (kB) ge e Core
(MH2z) I/O V)
V)
C6720 | Floating- 200 384 3.3 1.2 $13.
Point 10
Texas C553x | Fixed-Point | 100 128 1.8, 1.3 $8.0
Instrument 2.5, 3
2.75,
3.3
C6748 | Fix/Floatin | 375 448 1.8,3. 1.2 $26.
g Point 3 63
BlackF | Floating- 400 512 18, |11 $21.
in+ Point 3.3 01
Analog BF707
Devices SHAR | Floating- 266 1280 3.3 1.2 $20.
C Point 76
21479
SHAR | Floating- 333 384 3.3 1.2 $20.
C Point 83
21363

The leading factors for deciding which chip to lean toward, came down to price
ease of use in development, and used in audio processing. The C6720 was
chosen because it has the lowest price for Floating-Point Arithmetic capability, and
it is used often in audio processing.

The benchmark that applies most to implementing with the VTVD is the Fast
Fourier Transform (FFT). The FFT is simply a very efficient algorithm to implement
the Discrete Fourier Transform (DFT). The DFT is a wonderful mathematical
procedure for determining the frequency content of a time-domain sequence, but
is very inefficient. The FFT changed this completely. Most theory of the FFT and
DFT will be skipped due to its many citations in text books and applications
throughout. However, it is worth observing the amount of multiplications and
additions that would occur for the DSP chip to execute. Equation 3 shows the DFT.
The FFT drastically reduces the number of complex multiplications. For a DFT,
with N-points, N2 complex multiplications occur. Yet with the FFT, for N-points, the

number of complex multiplications reduces to approximately %logz N. For large N

values, the difference is quite large. Looking at the equation should also give
indication of how memory and mathematical operations make this such a good
benchmark to test DSP chips.

2T
X(k) = YN tx(m)wygk ,wherek =0,1,--,N—1,and W = e’V (3)
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Having FFT capabilities is required to implement the VTVD. Instead of analog, this
will take real time signals (the voice), and transform them to extract the frequency
of that signal, and be able to very quickly send communication to turn on the
corresponding LEDs and color to display. Most DSP chips come with both ADC
and DAC, and almost all have built in FFT algorithms with the software given. Yet
implementing and prototyping can be complex and expensive. There doesn’t
seem to be much open sourced software for anything DSP related, and, as seen
by Table 8, experimenting can be costly. With these concerns, it can be seen why
choosing a microchip versus a DSP is not a simple choice concerning the VTVD.

3.8. LED Display and Color Design

The LED output is the most important aspect of the visual design of the VTVD.
With this, a great deal of consideration is given for overall design, placement,
enharmonic equivalent choices, and color palette. The design choice to give
optimal visual representation of each note (i.e. A, B, C, D, E, F, G), was a 5x4
matrix layout of the LED’s. The left side of Figure 8 shows the basic matrix mapping
that will be used to display each note. The forty-five-degree angle of each LED
shall allow for more continuity when viewing any letter that may have curved
edges, such as B, C, D, and G. Along with displaying the seven natural notes of
the western music scale, the sharps and flats that exist between these notes must
also be taken into consideration. These notes, that exist between their natural
counterparts, add complexity in that they have two names corresponding to the
same note. This occurrence is called enharmonic equivalence and exists for the
remaining five notes of the western scale: A" = B?,C# = D?,D# = EP,F# =
GP,G* = AP. It would be redundant to have a visual option for displaying either a
sharp or a flat, and would be cumbersome to include coding to allow for options
for both. The final decision when choosing a sharp or a flat is spacing for the LED
matrix and attempting to use the smallest number of LEDs to still communicate
well what note is being produced. The simplest solution was to choose the sharp
sign (#). This can be seen at the top right of Figure 8 and utilizes a 2x2 matrix.
When one of the five sharps are sung, all the lights will illuminate giving
differentiation between a natural note, and a sharp (raised) note.

0000 L bt
9928) 00}
QQQo-r | ]
QOO0
Q000

Figure 8. LED Board Configuration and Matrix Naming Convention
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Not only will the VTVD present the notes as they are sung, but it will also display
a color corresponding to each note. Table 9 lists all the twelve western notes, the
mapped color to each note, and the matrix position to display the note visually.
The choosing of colors for each note can be arbitrary, and is not limited to the
twelve chosen here. They were selected from the traditional twelve position color
wheel and have been mapped in sequential order, so that when singing
ascending/descending melodic lines the colors will transition well from one to the
other creating visual fluidity. In future prototypes of the VTVD, it would be
beneficial to allow for the user to map the colors of choice to each note, and allow
for steady solid colors to be displayed like that in any digital tuner today. Then the
VTVD could also serve as a multipurpose unit, to be a visual display for
performance, and at the same time be a valuable tool for users to tune to vocally.

Table 9. Color-Note Mapping

Not | Corresponding | Matrix Position
e Color
A QAq12,QA13,,021, A4, A31, A32, A33, A34, Ag1, A44, A51, A54
A* | Green A12, A13, Az1, Aa, A31, 32, A33, A34, A41, gy, As1, Asa, D11, b
B 11, A12, 13, A21, A24, 31, A32, A33, A41044, A51, A5, 53
C 12,13, A14, A21, A31, A41, A52, A53, U5y
c A12, A13, A14, 21, A31, A1, As2, A3, As4, D11, D12, D21, b2y
D 11,12, A13, A21, A24, A31, A34, A41, A44, A51, A52, A53
D* | Red-Orange 11, A12, A13, A21, A24) A31, A34) A1, Aag, As1, A5z, As3, D11, D
E Red ai11,012, 413, A14, 21, 31, A32, 433, A41, 51, A52, 53, A4
F | Red-Violet A11, A12,A13, 14, 21, 31, A32, A33, A41, A5
F* | Violet 11, A12, Aq3, A14, Az1, 31, A3z, A33, 41, As1, D11, D12, D21, b4
G Blue-Violet QA12,013,A14,A21, 031, A33, A34, A41, Ag4, A5z, A53, A54
G* | Blue A12,0A13,A14,A21, A31, A33, A34, A4, g4, As2, As3, A5y,
b11,b12, b1, by,

Figure 9 shows three examples of how the VTVD will display notes and their
mapped colors. The brightness of each color should correspond to how loud the
performer is singing, while still being able to visually see the color and the note
displayed. In future iterations and development of the VTVD, the display would
also be able to have effects such as fading the note in, fading the note out,
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displaying the note sequentially from left to right, up and down, or even having
different pulses and intensities. For instance, have the note B, pulse 3 times with
each iteration getting brighter and brighter.

QQ Q@ QQ
§008 56 | goands| [ goan de
Q Q Q
3888 J888 §858
Figure 9. LED Examples, from left to right, B,G"#,F #

3.9. Bluetooth

Bluetooth is a wireless technology standard for exchanging data signal over short
distances from fixed and mobile devices, and building personal area networks
(PANS). Bluetooth is also a wire-replacement communications protocol designed
for low-power consumption on low-cost transceiver in each device. Bluetooth was
invented by telecom vendor Ericsson in 1994, it was originally conceived as a
wireless alternative to RS-232 data cables [27].

Because the devices use a radio (broadcast) communications system, they do not
have to be in visual line of sight of each other; however, a quasi-optical wireless
path must be viable. Range is power-class-dependent, but effective ranges vary in
practice [28].

There are four official classes of Bluetooth. The classes are determined by the
types of distances and permitted power. Officially Class 3 radios have a range of
up to 1 meter (3 ft.), Class 2, most commonly found in mobile devices, 10 meters
(33 ft.), and Class 1, primarily for industrial use cases,100 meters (300 ft) [29].
Class 4 has the shortest range with 0.5 m; therefore, it is rarely use in the market.
Bluetooth marketing qualifies that Class 1 range is in most cases 20—-30 meters
(66-98 ft), and Class 2 range 5-10 meters (16—33 ft) [30].

To satisfy the requirement of range and speed, there are different versions of
Bluetooth Module. However, Version 3, 4, and 5 are commonly use. The table
below shows the comparison between those three versions [28]:

Table 10. Comparison Between Bluetooth Versions

Bluetooth version

Maximum Speed

Maximum Range

3.0 25 Mbit/s 10 meters (33 ft.)
4.0 25 Mbit/s 60 meters (200ft.)
5 5 Mbit/s 240 meters (800ft.)

For our project, Bluetooth version 4.0 should be more than enough for wireless

connection specification.
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3.9.1. Application:

Bluetooth is one of the most convenient wireless device which have multiple
applications in real life. Bluetooth has a huge potential in synchronizing information
in localized area. Potential of Bluetooth application is tremendous. Nowadays,
people are communicating within a closed area instead of communicating with
those who are far away. The closed communication is commonly in business office
or school. The following list shows some of the potential applications of Bluetooth;
however, it will be soon more imaginative applications in the future [31].

When one considers how to do away with complex task of networking between
computing devices in the office, installing a Bluetooth network will solve the issue.
Each Bluetooth device could be connected to at least 200 computing devices. All
the connections are wireless; hence, there will not have any tedious wires wiring
throughout the office. Since Bluetooth connection support both point to point and
point to multiple point, it will virtually make the maximum number of simultaneously
linked devices unlimited [31].

The Bluetooth technology connects all the office devices wirelessly. For instance,
connect your PC, iPad, iPhone to printers, scanners, or faxes without multiple
cable attachments. All the office devices now come with Bluetooth module built in.
In addition, mouse, keyboards, and headphones wirelessly connection to PC
increase the flexibility of carrying them all around [31].

Nowadays, most of the updated digital cameras has Bluetooth function. One can
stream or send the images or videos directly to the mobile phone. Therefore, he
can take picture from distance with the camera wirelessly [31].

Most of the accident was caused by using the phone while driving. Bluetooth
function reduces the rate tremendously by connect wireless connection from the
phone to the car. One can make a phone call or changing the music without
touching the phone. This will increase the caution of people while driving on the
street [31].

Apple Watch becomes the best-selling watch from 2015 to 2017. What makes the
smart watch becomes so popular? The reason is its convenient and flexibility by
connecting Bluetooth to the iPhone. One can make a phone call, read a message,
or make an alarm without using the phone.

3.9.2. Bluetooth 4.0 + LS:
By the rate and the range requirements to connect the electronics device to the
karaoke microphone, Bluetooth version 4.0 should be the ideal choice.

Bluetooth version 4.0 of the Bluetooth Core Specifications was adopted by the
Bluetooth SIG on 30 June 2010. It includes Classic Bluetooth, Bluetooth high
speed and Bluetooth low energy protocols. Bluetooth high speed is based on Wi-
Fi, and Classic Bluetooth consists of legacy Bluetooth protocols. It introduces
support for collecting data from devices which generate data at a very low rate.
The main intent of this feature, called Low Energy (LE), is to aggregate data from
various sensors, like heart rate monitors, thermometers etc. Just like Bluetooth
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version 3.0, version 4.0 introduces for an alternate lower layer; for instance, all the
applications that were available with Bluetooth radio earlier can be run over an
alternate radio [32].

Capabilities - Basic rate + EDR (optional) + HS (optional) + LE (optional)
3.9.3. Possible Bluetooth Modules:

There are some common Bluetooth modules that already in the market. In this
section, we will discuss the comparison between those modules to choose the best
one that fit the project

3.9.3.1. Bluefruit LE nRF8001:

The Adafruit Bluefruit LE nRF8001 is a Smart Low Energy Bluetooth module
version 4.0. It allows you to establish an easy to use wireless link between your
Arduino and any compatible iOS or Android device. It works by simulating a UART
device beneath the surface, sending ASCII data back and forth between the
devices, letting you decide what data to send and what to do with it on either end
of the connection [33].

The nRF8001 is a very good candidate because it handles all the BLE radio and
low-level work. In addition, nRF8001 transmit all the signals over SPI1 which makes
it easy to use with any kind of microcontroller. The input voltage can vary from 3V
(standard) to 5V (maximum) which is perfect fit for out DC power battery source
[33].

3.9.3.2. Silicon Labs BLE112-A-V1

BLE112, Bluetooth version 4.0 low energy single mode module is a single mode
device targeted for low power accessories. BLE112 offers all Bluetooth low energy
features: radio, stack, profiles and application space for customer applications, so
no external processor is needed [34].

The module also provides flexible hardware interfaces to connect sensors, simple
user interfaces or even displays directly to the module. BLE112 can be powered
directly with a standard 3V coin battery. However, since the operation input voltage
vary from 2V (minimum) to 3.6 V (maximum), the power source will have to go
through voltage regulator to supply power for the module. In lowest power sleep
mode, it consumes only 400nA and will wake up in few hundred microseconds
[34].

3.9.3.3. HC-06 Bluetooth RF transceiver module:

This Bluetooth module with the input voltage from 3.3 — 6V can connect directly to
any micro controller. With the 2.4GHz frequency digital wireless speed and data
rate from 2Mbps - 3Mbps, HC-06 module is really good candidate for Bluetooth
module choice. The size of HC-06 is very small (27mmx13mmx2mm) that could
fit in the PCB board for the microphone. However, this module is very cheap
compare with the other two, only $3.

3.9.3.4. Comparison and Conclusion:
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The table below is the comparison of between nRF8001 and BLE112-A-V1
Bluetooth modules:

Table 11. Comparison between Bluetooth v4.0 nRF8001 and BLE112

NRF8001[33] | BLE112-A-v1 [34] | HC-06 Bluetooth
[35]

24 GHz - 2.48 2.4GHz
Frequency GHz 2.4GHz
Data Rate 2Mbps 2Mbps 2Mbps - 3Mbps
Serial Interface SPI, UART SPI, UART SPI, UART
Voltage Supply 3V -5V 2V - 3.6V 3.3V -6V
Current. . 100mA 36 MA 30~40mA
Transmitting

. : 29mm x 28mm | 12.05mm 27mmx13mmx2

Dimension

Xx.8mm x18.1mm x 2.3mm | mm

3.10. Auxiliary Core

An auxiliary port (AUX) is the logical name for a standard communications port
which commonly see in any electronic device. AUX is an asynchronous serial port
with an interface that allows the auxiliary input of audio signals for: speakers
headphones, portable music players. [35]

Our group has found that an auxiliary port is primarily used to permit a personal
computer or any electronic device with the appropriate serial communication port
to transmit and receive data in bits. Generally, the AUX port on a PC is computer
port 1 (COM1), which is the first serial port with a preconfigured assignment for
serial devices [35].

The AUX port is typically used for audio equipment that transmit the sound
sources, such as digital music players or audio speakers. The peripheral sound
device is connected to an AUX port or other medium such as a vehicle’s audio jack
[35]. An auxiliary port is also called as an auxiliary jack or auxiliary input.

3.10.1. Design Standards

From the research, there are no specific standards for auxiliary ports in the
electronics devices. However, there is a research about the serial port standard in
the document Recommended Standards 232 (RS-232). In the document, they
define the minimum requirements in general electrical components standards, the
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layout of each pin connector found within the port, the physical size constraints of
the pin, and the timing and signal configuration of the serial port. Overall, this
document informs the most updated technological advancements which could
provide the minimum requirements to reach the competitive consumer market. The
technology has been improving every day; hence, the minimum designs
specifications of pin design and data storage for high speed communication must
meet the updated requirements.

3.10.2. Audio Jack

To interface audio in our circuit to the headphone, there are several types of audio
connection. For one, we learned that one of the most flexible ways to implement
the input audio into our circuit design was to use a stereo audio jack. The two most
common types of audio jacks are 3-pole (TRS) and 4-pole (TRRS) plugs and
sockets connections [36], where:

T stands for Tip - R stands for Ring - S stands for Sleeve.
3.10.3. TRS type audio jack:

TRS audio jacks are generally used for stereo headphones, mono headsets,
stereo microphones, auxiliary cables, etc. which do not have the microphone.
Since there will be a connection between the electronic device such as PC or smart
phone to the portable microphone, TRS audio jack is a good choice. Because the
acoustic vocal to the microphone is separated to the music from the electronic
device to the speakers. Hence, the portable microphone will act as speakers when
connect to PC or cellphone. In addition, the poles on these are usually straight
forward, but it is possible they could vary [36].

For the TRS connection, the pinout usually goes as follows:

TP .

Tip = Left Channel
RinG Ring = Right Channel
SLEEVE Sleeve = Ground / Common

Figure 10. TRS Audio Jack Configuration (Permission Requested)
3.10.4. TRRS audio jack

TRRS is commonly used for stereo headsets, such as cell phone headsets with an
inline microphone, audio/video cables with stereo audio, etc. TRSS audio jack
usually used in iPhone or Android device’s headphones which contain the
microphone. The catch with the TRRS is the poles can vary between CTIA (newer)
and OMTP (older) standards. In the group discussion, the best option would be
one set of headphones that we can use across multiple devices. Choosing to
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include a more versatile design could potentially help the design in consumer
market popularity [36].

For the TRRS connection, they follow two standards:

CTIA (Newer and commonly found in OMTP (older)
iPhone’s headphone)

Microphone
Ground

Audio (Right)
Audio (Left)

Ground
Microphone
Audio (Right)
Audio (Left)

Figure 11. TRRS Audio Jack Configuration (Permission Requested)

This is very important of choosing the right types of TRRS connection; otherwise
the device will not work. For example, there is a microphone that is wired according
to the CTIA Standard, therefore the sleeve is the Microphone and the adjacent
Ring is the Ground/Common. The microphone inside is an electret microphone,
which it has a positive and negative polarity. Hence, if the polarity connection
reverses, the electret microphone will not work. So, if you plug this microphone
into an OMTP Standard device, the polarity will be reversed. In the case of a
headphones with an inline microphone, such as iPhone or Android device
headphone, the Left and Right channels will not have a ground connection and
therefore will also not work. They will instead be connected to the microphone and
that's useless.

3.10.5. Auxiliary Input Voltage Range

The voltage range for an auxiliary input should always be within 0 Volts to the
reference voltage. Higher voltages would cause our converter and processor
component to overheat, potentially damaging the overall circuit of the project.
Further, the rise of temperature will also potentially cause damage to the user. To
prevent the damage that might happen, this is necessary to research several types
of AUX ports which can satisfy our design requirements.

3.10.6. Sound Quality

The main difference between a USB connection and an auxiliary input (aux) is that
the USB sends unprocessed digital data to the head unit, and the aux input sends
a processed, analog audio signal. In other word, the USB cable transferring data
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bit by bit like transferring to a computer, and the aux cable transferring an audio
signal like one hear from the earbuds.

One advantage of aux connection is that will provide more utility due to wider range
of device available. However, the sound quality of a USB connection is better than
auxiliary port. The fact is that the head unit (speakers) is almost certainly better at
turning digital files into analog audio. In addition, USB allows for more functionality
such as control playback. On the other hand, auxiliary jacks are only transfer
analog audio signal to the head unit [37].

Thus, if the choice of USB connection, the signal will go through digital to analog
converter. The converter could also be used for signal from Bluetooth module.
However, when an analog signal from auxiliary connection go through the ADC to
digital amplifier and then to DAC, the sound quality is much worse than when a
USB connector uses the digital to analog converter to process data due to the
amount of noise susceptibility that exists [37].

In general, auxiliary inputs and USB are both good ways to connect a phone or
MP3 player to speakers, example car stereo. However, there will be a huge
difference in quality based on the DACs involved. This is because an aux
connection utilizes the DAC in your phone or MP3 player, while a USB connection
allows the DAC in your car stereo to process data located on your phone or MP3
player [37]. Hence, the sound quality from USB connection is much better than the
auxiliary inputs.

3.11. Power:

For this project, the selection of size and capacity of the power source is very
important. Rechargeable batteries are recommended. Even though rechargeable
batteries initially cost more than disposable batteries, they have a much lower total
cost of ownership and environmental impact, as they can be recharged
inexpensively many times before they need replacing. The batteries will provide
the power source to every single component and each of them will require voltage
and size of the accessory. There are several types of rechargeable batteries in the
market. The selection of batteries for this project will be small and light, 5V and
22mAh. The available power source options are solar power, lithium ion battery,
nickel cadmium battery and USB B. To choose the right one, there are several
parameters that need to be considered. The ADCs, DACs, and the processor
needs 3.6 V to operate which will use 400mW of power. Moreover, most of the
micro devices were in their low power mode will use around 200mWw.

3.11.1. Solar Power

A 5V solar panel costs around 4 dollars to 60 dollars. The price of the solar panel
is determined by the material and power delivery. The maximum power delivery
has a large range depending on the price. It will need around 200mW to 400mW.
On the other hand, material of the solar panel will also affect the price. For
example, an amorphous solar panel would cost around 38 dollars, more than
regular solar panel, because it is more environmental friendly and more resistance
to be cracked [38]. For cheaper solar panel which cannot delivered enough power,
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it is possible to connect them. Therefore, it will be very cumbrous and hard to carry
around. The tradeoff is it will make the product looks unattractive to the consumer.
The solar panel has an additional feature. The solar panel can work light a light
sensor. In future development, an LED will signal when the solar panel is charged
or not. All the information present above such as numerical or properties of the
solar panel are from the datasheet the company provides [39].

3.11.2. Lithium ion Battery

A typical 5V lithium ion battery can cost 5 to 10 dollars. They have different sizes,
shapes, and capacity. The power delivery of the battery depends on the cost. For
instant, 5 V battery will cost around 6 dollars which will deliver at least 400mW of
power. On the other hand, the reliability and durability of the battery are important
to be considered. The 1570 by Adafruit is ideal to be used in this project has
around 500 recharge/ discharge cycles. To be said, a typical 5V lithium ion battery
can be a good power source option for this project. For a microphone, the size of
the battery is very important. First, the battery cannot be custom made. The
smallest size of lithium battery is greater or equal than one inch in length which
was the anticipated length of the project. The specifications of the microphone will
be changed to accommodate to this type of battery. To recharge a battery, a port
will be added on the device. The port will not affect much on the product. All the
information present above such as numerical or properties of the solar panel are
from the datasheet the company provides [28].

3.11.3. Nickel-cadmium battery

A typical Nickel-cadmium battery cost around 1 to 2 dollars. This is the cheapest
option for the project. Moreover, this is a good option to lower the cost of the
product compare with other power source. The power delivery from two batteries
should be enough for the microphone. The size of nickel-cadmium battery is well
fit in the device specifications. The handgrip of the microphone is around 4 inches
in length which will fit perfectly 2 inches battery. However, this battery is usually
non-rechargeable. For 5V batteries, they will last about 40 hours used. The battery
would have to be replaced periodically every week for daily use. It should not be a
problem since the batteries are very easy to replace and the cost was not very
expensive. For a long run, there is an option to use nickel metal hydride which will
be rechargeable. Therefore, it will be more cost for the port to recharge the battery.
For this project, 5V nickel metal hydride batteries will be used since the
rechargeable device had been very popular in the market. [40]

3.11.4. Micro-USB B

Micro-USB B is the power supply and supplies the audio. The cost associate would
be the Micro-USB B port and cord which can range from 2 to 5 dollars. One great
benefit is that it can supply power as well as send audio/video signals. The cable
can deliver at most 100W of power using Thunderbolt 3 protocol. [41] The negative
side of this implementation is the user’s device battery will be drained very quickly.
There are two common audio devices are the user’'s computer or phone. If it is a
computer, there will be no issue because it will have a large capacity battery. The
main issue to provide a user with the best possible experience is to limit battery
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drainage from the user’s phone. The default voltage that Micro-USB B delivery is
5V and can supply up to 20 V and max of 5A. [41]

An additional benefit is the size of Micro - USB B is one of the smallest power
supply with less than 1 inches in width and length. A typical port has a height of
one fourth an inch or smaller. Further research will have to be conducted in later
section to estimate the effect the minimum voltage and current to power the device
would affect a typical phone. All the information present above such as numerical
or properties of the chip was taken from the datasheet the company provides [41]

3.11.5. Conclusion & Comparison

Based on the criteria of reliability, efficiency, size, and cost the best power supply
option is using Micro-USB B port and nickel metal hydride batteries. The reliability
of using nickel metal hydride is that it does not require replacing new battery
continuously. Moreover, Micro USB B will always be functional as long as the
device is plug in the power source, although the batteries dies. It is most likely will
become the new standard. The only other option that did not require a port to
charge was the solar panel, but the solar panel is very expensive compare with
other supply. Micro- USB B also supply the audio from electronic device such as
computer and phone; it will replace the aux cord.

Table 12. Comparison between different types of power source

SLMD121H04L N-700AAC ICR18650
7
) U N (e
Voltage Rated 2V 1.2v 3.7V
Battery Chemistry | Solar Cell - | Nickel Cadmium | Lithium lon
Monocrystalline
Capacity 44.6mAh 700mAh 2.2Ah
Charge Time N/A 16hrs 10hrs
Dimension 1.693" L x 0.551" | 0.55" Dia x 1.96" | 0.71" Dia x 2.72"
W x 0.079" H H (14.0mm x|H (18.0mm x
49.8mm) 69.0mm)
Weight 2.5¢ 23.13g 469
Price $6.8 $1.88 $9.95

The table above are some power sources comparison between solar cell,
rechargeable lithium ion battery, and nickel cadmium battery. Therefore, Nickel
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metal hydride batteries and Micro USB B are the most efficient power delivery
method as it can be configured to provide the most efficient voltage and current.
Due to the batteries size and thinness of the USB port, it is the only option that will
maintain the device specification and limit the necessary thickness of the product.
Finally, the combination will be the lowest and most reasonable cost of any other
combination costing at max 10 dollars.

As discussion above, Solar power source won’t be selected. The consideration is
only between rechargeable Nickel Cadmium and Lithium lon battery chemistry
type. Even though one Lithium lon battery is more expensive and heavier than one
Nickel Cadmium battery; however, it delivers enough power to the system. If Nickel
Cadmium battery wants to deliver the same amount of power, there will be at least
3 batteries combines which will make the power source heavier and bulkier.
Hence, Lithium lon battery 3.7 V 2200mAh is the best choice.

3.11.6. Power inside a phone

Micro-USB B and nickel metal hydride batteries were decided to be the power
supply of the device. There will be an examination of the power storage to
determine a range of time the device can be used and how much power the device
will consume from the phone. A typical smart phone uses a single cell of lithium
ion as it offers the best power supply due to is energy density and ability to be thin.
It has a typical life span of 400 to 500 charge/discharge cycles. Furthermore, a
typical battery can offer the user 5.45-watt hours of power. It is then more important
that the device does not exceed more than 1-watt hour of power in order not to
shorten and drain the user’s phones battery. Even then it is believed that the device
will not consume near 1 watt every hour and will have around 300 to 400 mW
consumption [42].

3.12. Microphone

There are several types of microphones, which are determined by different
methods of converting the air pressure variations of sound wave into electrical
signal. The transformation is when sound waves hit the diaphragm of the
microphone. [43] The vibrations of the diaphragm convert to current which will then
be passed through an ADC. There three common types microphones are dynamic,
condenser, and piezoelectric. [43] Dynamic microphones, which uses a coil of wire
suspended in a magnetic field, have the advantage of being more resilient to the
environment but lack the ability to pick up any rich sound. [43] Condenser
microphones, which use the vibrating diaphragm as a capacitor plate, are more
expensive compare to dynamic one and are prone to feedback. [43] Their only
advantage is that they capture the sound more accurately than a dynamic
microphone. Finally, the piezoelectric microphone, which uses a crystal of
piezoelectric material, will most likely employ a dynamic microphone as sound
quality can be sacrificed for cost and reliability. [43] The polar pattern of a
microphone is the sensitivity to sound relative to the direction or angle from which
the sound arrives. There are four most common types: Omnidirectional, Cardioid,
Super cardioid, and bidirectional [44].
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The omnidirectional microphone (Figure 12a) picks up sound equally from all
directions. Therefore, the users do not have to aim in a direction. This makes it
ideal for picking up sound from the surrounding environment. Lavalier microphones
are the example for this polar pattern type. A disadvantage of omnidirectional
pattern is that the microphone cannot be aimed away from undesired sources such
as surround noise or sound from speakers which may cause feedback [44].

A cardioid microphone (Figure 12b) has the most sensitivity at the front and is least
sensitive at the back. It isolates the unwanted noise and is more resistant to
feedback than omnidirectional microphones. That makes a cardioid microphone
ideally for a stage or in the auditorium where ambient noise is very loud [44].

Super-cardioid microphones (Figure 12c) have a narrower pickup than cardioids
and a greater rejection of surrounding sound. However, they will also be sensitive
at the rear. Hence speaker’s placement will be important in this case. Super-
cardioids are most suitable when single sound sources need to be picked up in
loud environments just like cardioids. They are the most resistant to feedback [44].

A microphone with a figure of eight polar pattern, or bidirectional pattern (Figure
12d), picks up the sound from the front and the back of the microphone and but
not the side. Microphones with this figure of eight polar pattern are typically large
diaphragm microphones [44].

c. Super-Cardioid d. Bi-Directional

Figure 12. Four Common Types of Microphones (Permission Requested)

A major consideration of choosing the microphones is their frequency response.
The frequency spectrum that it should pick up should fall within 20 Hz to 5kHz.
From each microphones’ datasheet, an EQ Vocals graph will provide the
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information to determine the sensitivity of the microphone for certain frequencies.
Another consideration is the connectors used to connect the microphone to the
device. There are different types of AUX connection.

A microphone produces tiny amounts of current. [43] For the processor to register
the value of the current a pre-amplification process needs to be employed. To
project the sound through speakers or to read the signal the microphone, the
acoustic sound needs to go through the amplifier to increase the voltage. A final
major consideration is the PCB design. There is a couple of microphones that
already incorporate an ADC inside the chip. To create a more robust PCB,
microphone should not have the ADC built in.

In summary, based on extensive research an omnidirectional condenser
microphone should be the ideal microphone type for this project. The microphones
should preferably have a frequency response of 20 Hz to 20 kHz. With a higher
sensitivity to frequencies below 5 kHz. A pre-amplification stage should be
incorporated. The microphones in the product should not have an ADC built in to
create a more complex and extensive PCB for Senior Design.

3.12.1. Possible Microphones

The project will consist of one microphone. Depend on the size and application,
the microphone of the project should be small and pick the vocal at every angle.
The only 