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Chapter 2 — Project Description
2.1 Motivation and Background

Audiophiles all over the world spend thousands of dollars on audio equipment and multiple
hours of tuning to achieve the best performance for their respective systems and
environments. In many cases, these consumers are buying multiple subsystems to manually
tune the system. Each tune is only good for the exact environment and system the tune was
made for, meaning that any small change to the environment or system calls for the entire
system to be re-tuned. This can be quite a headache for audiophiles who want a plug and
play system. This is where the Smart Auto-Equalization Sound System idea strives.

The Smart Auto-EQ Sound System aims to integrate a microcontroller (MCU), audio
amplifier, distance sensors, and microphones to measure the environment’s dimensions and
natural frequency response to automatically adjust the audio file’s equalization (EQ) and
feed the signal to the audio amplifier. While implementing a mobile app interface or web-
based connection, we can provide the user with a more tailored sound EQ experience.

2.2 Goals and Objectives
2.2.1 Basic Goals

e Design and build a functional 2.1 speaker system.

Develop a custom 2 channel amplifier using the MCU as the input for the
mid/highs.

Develop a mono channel amplifier using the MCU as the input for the subwoofer.
Integrate a microcontroller (ESP32-S3) for DSP-based EQ adjustment.

Devise an algorithm that uses analog input signals to construct an auto-EQ system.
Develop a mobile app that works alongside the system that provides a manual
override for customer preferences and/or monitoring.

2.2.2 Advanced Goals
e Perform a pink noise sweep to assist the MCU and LiDAR sensors in ensuring a
flat EQ response to start with when tailoring the adjustment for each location the
speakers are in.
e Combine DSP with analog circuitry for low latency situations.
e Implementing adaptive filters such as Least Mean Squared, or Recursive Mean
Squared algorithms to stabilize given noisy or crowded environments.



2.2.3 Stretch Goals

Support Bluetooth audio streaming that incorporates EQ.

Implementation of voice control/assist, such as Siri, Alexa, Bixby, to help with EQ
control settings.

Prevent clipping or distortion by actively monitoring the Total Harmonic Distortion
and adjusting in real time.

Prevent latency when switching between a Wi-Fi or Bluetooth connection.

2.2.4 Basic Objectives
Utilize LiDAR sensors to measure room dimensions, as well as a calibrated
microphone to pick up the speakers’ response. This data will help us with signal
processing.
Create an algorithm that is fast, reliable, and that will ensure the best performance,
with the use of the ESP-32°s DSP library.
Implement an LED that will blink to let the user know it is working on Auto-EQ.
When it finishes, the LED will stop blinking, which will indicate to the user that
the run is complete.
Investigate the correct amplification factor to achieve sufficient power to the
system.
Achieve a base equalization setting. This will help us and the algorithm have a
starting point, to make the equalizer settings easier for the user and the MCU.

2.2.5 Advanced Objectives
Code an app using Java/Python where the user can choose between running Auto-
EQ and manually changing the settings to their convenience.
Provide a fast and reliable connection between the app and the system. The ESP32-
S3 comes with built-in Bluetooth and WI-FI modules that will help achieve this
task. A separate module could be considered if necessary.

2.2.6 Stretch Objectives
Achieve a runtime of N*log(N), where N is the number of samples. We believe that
the ESP-32S3 can handle the computational power required for this task. We can
achieve this by using FFTs, as well as the ESP’s dedicated library for DSP.
Provide the user with real-time data. Histograms and charts are helpful for
displaying data.

2.3 Features and Functionalities

Calibration using a calibrated microphone and LiDAR sensors.

Custom amplifiers are built for the subwoofer and mid/high drivers.

Real-time DSP EQ on an embedded MCU.

Custom PCB with modules including MCU, DAC/ADC, LiDAR sensors,
amplifiers, LEDs, ON/OFF buttons, and voltage regulators.
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e Mobile app interface for user control.
e Multicolor LED to indicate to the user the current state of the system.

2.4 Related Work

2.4.1 Commercial Systems
e DSPeaker Anti-Mode X2 (!
e DSPeaker Anti-Mode 2.0 Dual Core Room Correction Floor Sample
e IK Multimedia ARC Studio Room Correction System )

These commercial systems contain similar functionality to the project we are designing
here, however on a smaller scale. These products are designed for car stereo systems while
we are designing a system for a much larger scale with rooms. In addition, these products
are no longer sold through their website, giving us an edge in the market.

e REW: Room Equalizer Wizard ¥

This software aims to help the user to find the most suitable equalizing settings based on
their room’s acoustic response. The user must have access to a computer to download the
software. In addition, the program requires a microphone that is used to pick up the signals.
Our project differs from this software by first integrating an entire sound system together
with the software; this way, the user does not need to get any other equipment.

2.4.2 Prior Academic Projects
e Pegasus: A Multi-Effect Audio Processor )

This was a project that was completed last fall, 2024, in the Senior Design Capstone course,
here at UCF. Like our project, this group is adjusting their audio outputs to create a new
signal. The difference, however, is that this project is creating different effects, such as
adjusting the pitch, tempo, and reverb of the output signal, which would mean the sound
quality is fixed and is the same from one location to the next.



2.5 Key Engineering Specifications
Table 2.5.1 - Engineering Specifications Table

Specification Target Value Notes
Frequency Response 20 Hz — 20 kHz Full audio spectrum
Range
Total Harmonic <0.5% At rated power
Distortion (THD)
Amplifier Output Power 50W RMS (subwoofer), 25W Per channel
RMS (mid/high)
MCU Processing > 240 MHz dual-core with ESP32-S3 candidate
FPU/DSP
LiDAR Accuracy <=+30 cm for ToF Room measurements
Microphone Accuracy <+l dB Acoustic
measurements
Power Supply +12V to £24V (audio), Linear + switching
+5V/+3.3V (logic) regulation
Latency (Mic-to-DSP- <20 ms Real-time correction

EQ)

2.5.1 Highlighted Demonstrable Specs:
e Achieving a frequency range of 20Hz — 20kHz for a fully enjoyable audio spectrum

for the user.

e Having an output power of 50W RMS for our subwoofer and 25W RMS for the

mid/high speakers.

e With customer satisfaction in mind, we want to ensure our speakers produce clear

crisp sound, hence highlighting the limit of distortion.




2.5.2 Hardware Block Diagram
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Pictured above is the hardware system diagram. The diagram illustrates the main
hardware components required to process an audio signal from a source and provide
an output to a 2.1 stereo system.

Figure 2.5.1 - Hardware Block Diagram

The input to the system includes three total sensors, Bluetooth, wired device connectivity,
and power. Two sensors are LiDAR, that should be positioned on the speakers to detect
the room’s dimensions and send the information to the MCU for processing. The third
sensor is a calibrated microphone that will record the room’s natural acoustics when white
noise is played from the speakers. The recording is sent to the MCU for processing and
filtering of the audio file to create a flat frequency response across the audio band.
Additionally, the system will accept either Bluetooth or wired phone connection to
communicate with the GUI and send the user’s preferred audio to the device. The power
supply should supply the power for the entire system from a standard wall outlet.

The system also has five total outputs, three of which are to drive the speakers using the
onboard amplifiers. This output should accept speaker wire gauges ranging from 12 to 16-
gauge to ensure adequate compatibility with a variety of speaker combinations. The final
two outputs are for connectivity to the phone GUI, whether it be Bluetooth or a wired
connection. These outputs were also mentioned as inputs as the phone GUI should be able
to send and receive data from the system.



On the PCB, there are a variety of subsystems. The MCU is at the heart of the PCB as it
oversees receiving commands sent from the phone and three sensors, as well as the
reception of audio files from the phone. Additionally, the MCU must process the data sent
from all inputs, aside from the power, and execute a DSP algorithm to filter peaks and
valleys in the frequency response. The MCU must also be capable of sending the audio,
whether digital or analog, to the amplification section on the board.

The amplification section of the board has multiple stages and channels to achieve an
efficient, high quality, powerful output. All channels in the amplification section have the
same flow but are separated in the hardware diagram as the mids/highs and subwoofer
because they are amplifying separate sections of the audio band and with different
amplification factors due to the larger power requirements to accurately and effectively
reproduce low frequency signals. At the forefront of these sections is the pre-amp, this
section ensures the audio signal has a large enough amplitude for the rest of the amplifier
to work efficiently. Next, the input filter will be a low pass filter to remove unnecessary
signals that cannot be heard by human ears or frequencies that will cause damage to the
drivers. The channels’ respective amplifier sections do most of the amplification to prepare
to drive the speakers. The final stage is responsible for filtering out any unwanted
frequencies that passed through the input filter and got amplified in the amplification stage.



2.5.3 Software Flowchart
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The figure above represents the Software Diagram. Here we show the complete
software flow to acquire the necessary data to run the Auto-EQ algorithm, as well as
the required hardware components.

Figure 2.5.2 - Software Flowchart




App Diagram

Auto-EQ
Intelligent System

Above is the User Interface intended to form a nexus between the user and the system.
This app gives the user a simple and accessible way to connect and enjoy the Auto-EQ
system.

Figure 2.5.3 - User Interface

The software model intends to integrate an app that the user can use to start the system. At
first, we load a flat EQ file into that will give us a starting point from where we then adjust
the EQ settings when we run the algorithm, or if the user desires to change them manually.
This is the first logical decision our flow takes: the user can either do it themselves or let
the machine do its job. If the user decides to manually adjust the settings, then we give
them the option and wait for them to go back by pressing the back arrow.

If, instead, they choose to run the Auto-EQ, then we first let them know that they need to
adjust the calibrated microphone to where they will be listening. We will also add a multi-
color LED to indicate it; at this point the LED will be blue. Once they do that, we then
acquire the necessary signals (using the ToFs and microphone) to run the algorithm. When
the algorithm is running, we will make the LED blink in yellow to let the user know that
the system is working. This algorithm will be implemented using the ESP-32's dedicated
ESP-DSP library ©®, as well as complex mathematical analysis such as Fast Fourier
Transforms (FFT), which are still under investigation.

One of our end goals is to give the user information while the system is running. This
means, with the use of diagrams such as histograms, being able to show the user what is
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happening inside the system. We aim to achieve this, however, at the end of the run, so that
the user can look deeper into the results. Otherwise, they can choose to go back to the main
screen on the app and enjoy their intelligently equalized sound system.

2.5.4 Prototype Illustration

e e
L

&>

Figure 2.5.4 - System prototype illustration, Angled View



Figure 2.5.5 - System prototype illustration, Front View
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2.5.5 House of Quality

Total Harmonic
Distortion

Capability
+

Digital Signal
Processing
+

Cost

Calibration Time

Manufacturability
+

Audio Quality +

3

2

3

Ease of Use +

1

2

Affordability + 3 2

Connectivity + 3 1 1 1

Size - 1 1 1 3

Above is the House of Quality, here we can see the correlation between the engineering
and customer requirements for our project (denoted in the bottom section of the
graphic) and the tradeoffs between each of the engineering requirements (denoted by
the roof of the document). Here, 3 denotes a favorable connection, 2 denotes a medium
connection, and 1 denotes a negative connection

Figure 2.5.6 - House of Quality

Chapter 3 — Research

3.1 Power Amplifier Technologies

The power amplifier plays a huge role in the design of the system as it will provide the
audio signal to drive the speakers. Amplifier design requires a complex transistor network
to effectively transmit a powerful audio signal to the speakers. There are many
considerations that need to be made like power output, total harmonic distortion (THD),
stability, and frequency response. These considerations, aside from stability, are largely
dependent on the specifications of the system. The output power of the system should be
capable of filling a 25x25 foot room with about 85dB sound pressure level (SPL) between
20Hz and 20kHz, while remaining at a relatively low THD (<0.5). The SPL specification
also depends on the speaker's sensitivity, which will be discussed more in depth later in
this chapter.

The system has three different types of speakers, midrange, tweeters, and a subwoofer, that
require two different amplifier design considerations. The midrange speakers and tweeters
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can be driven with the same amplifier, the mid/high amplifier, as they do not require nearly
as much driving power as the subwoofer will, however, filtering will be required to send
frequencies of roughly 80Hz to 3000Hz to the midrange speakers and frequencies of above
about 3000Hz to the tweeters. The mids/highs amplifier will also need to have two channels
as there are two sets of midrange speakers and tweeters. The subwoofer amplifier is
separate from the mid/high amplifier as the power requirement to accurately produce high
quality and loud bass frequencies, less than 80Hz, is much larger than frequencies for the
higher frequency bands.

There are many different amplifier topologies that can be used to achieve the goals and
objectives of the system. These amplifiers are class A, B, AB, D, integrated circuit (IC)
audio power amplifiers, and a combination of IC amplifiers and discrete amplifiers. These
amplifiers will be discussed in more detail in the subsequent sections.
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3.1.1 Class A Amplifiers

Figure 3.1.1 — Class A Amplifier Topology

The class A amplifier, also known as the common-emitter amplifier, is one of the simplest
amplifier designs and is one of the first amplifier designs introduced to UCF ECE students
in the required Electronics I course. This amplifier is the foundation to many amplifier
topologies so this specific topology will be explained more in depth than the following
topologies. The advantages of this amplifier are its linearity, simplicity, and immunity to
crossover distortion. The main disadvantage of this amplifier is the inefficiency, which
creates a need for large power supplies and heat sinks to power and cool the amplifier.
These amplifiers are typically used for radio frequency (RF) and outdoor audio applications

[1].
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The amplifier works with just one switching transistor that is always powered on and will
conduct all 360 degrees of a sinusoidal wave. The transistor in the circuit is biased to a Q-
point in the middle of its load line to provide maximum conduction. If the Q-point is not
biased in the center of the load line, the amplifier will clip the signal on one side of the
wave prematurely and not conduct all 360 degrees of the sine wave.

To center the Q-point on the load line, the load line needs to be modeled by creating a plot
with the collector current on the y-axis and the transistor’s collector-emitter (drain-source
for FETs) voltage on the x-axis. The points where the load line intercepts the x and y-axes
are where the saturation points are located. The x-axis intercept is just the rail voltage,
while the y-axis intercept is the maximum current that can pass through Ri. This value is
found with the following equation,

Vee
IC(max) = R_1

The load line is just a linear line between these two points so Q-point should lie on the load
line at (% , :%). An example of a load line is shown in the figure below.
1
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Figure 3.1.2 - Class A Load Line

By knowing the load line and Q-point, the circuit’s resistors can be strategically determined
to maximize amplifier performance, however, this will not be discussed here as it will be
discussed later, in the design section, if a class A amplifier is chosen for the design. It is
also important to note here that the Q-point cannot be perfectly centered on the load line
due to the emitter resistor and the transistor’s turn on voltage.

The load line also illustrates the transistor’s ability to conduct the entire sine wave cycle,
as the line represents the AC signal. As the signal is input into the transistor the Q-point is
moved along the load line and reproduces the input signal at higher amplitudes, with
respect to the supply voltage.

The prior discussions explain the benefits of the amplifier; however, they also show the
disadvantage of the amplifier. Since the amplifier must be biased at DC to provide
maximum conduction, there is a lot of wasted power, resulting in a very inefficient design
(around 40% efficiency) [1]. This extra power is wasted as heat and must be actively cooled
to prevent the heat from changing the transistor’s properties and performance.
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What makes this amplifier attractive to use for this project is its linearity and low distortion,
resulting in Hi-Fi audio. This will mainly be beneficial in achieving the low THD
specification described in Table 2.5.1.

3.1.2 Class B Amplifiers

Figure 3.1.3 - Class B Amplifier Topology

The class B amplifier, a push-pull amplifier, is an amplifier that aims to address the
inefficiency of class A amplifiers. This is done by having two transistors, each conducting
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180 degrees of the input sine wave, instead of one transistor conducting all 360 degrees

[2].

This is achieved by using complementary transistors on the output, one NPN and one PNP
transistor. The NPN transistor is used to conduct the positive half of the sine wave and the
PNP conducts the negative half of the sine wave. This is where the push-pull amplifier
name comes from.

This amplifier topology does not require any biasing to reproduce the sine wave. This
means that both transistors, when no input is applied, are turned off. In terms of the load
line, both transistors’ Q-points are set at the x-axis intercept. This shows that there will be
no quiescent current flowing through the transistors, resulting in a higher efficiency than
the class A amplifier. The theoretical maximum efficiency is 70% [2].

The disadvantage to this amplifier topology is the crossover distortion. This is due to the

transistors not being biased; therefore, they require a voltage of 0.7V to overcome the turn
on voltage between the base-emitter junction [2].
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3.1.3 Class AB Amplifiers

Figure 3.1.4 - Class AB Amplifier Topology

The class AB amplifier, like the class B amplifier, is a push-pull amplifier and is a mix
between the class A and class B amplifiers. This amplifier aims to take the efficiency of
the class B amplifier, while having the linearity and low distortion of the class A amplifier.

The class AB amplifier topology is very similar to the class B amplifier, but the class AB
amplifier has a biasing network between the two complementary transistor bases. This
network can be made of voltage sources, voltage dividers (shown above), or diodes. The
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purpose of biasing the transistors is to remove the crossover distortion that is prominent in
the class B amplifier. The bias of the transistors is such that there are about two diode
voltage drops between the two bases. This allows the transistors to conduct at the same
time in the crossover region. This also means that both transistors will conduct while under
while there is no input, decreasing the efficiency of when compared to the class B amplifier.
The biasing only keeps both transistors on for a small region of the sine wave, so once the
signal is no longer in the crossover region, only one transistor will conduct. Like the class
B amplifier, the NPN transistor conducts the positive half of the wave and the PNP
conducts the negative half. This allows for higher efficiency than the class A amplifier.

These amplifiers are typically used as an output stage as the transistors are placed in the
emitter-follower mode, meaning they are generally current amplifiers, and the voltage gain
is very close to one. For this reason, this topology cannot be used alone if both voltage and
current amplification are needed. Many times, these amplifiers are used following a
network of largely class A amplifiers, as they can perform low power voltage amplification
needed to drive the class AB amplifier to a suitable voltage and the class AB amplifier will
provide the current amplification.

The class AB amplifier is very commonly used in many audio applications as they provide

a mix of the advantages of both the class A and class B amplifiers making it a very viable
option for the system.

3.1.4 Class D Amplifiers

Audio Input
Switching

Comparator —8M8MM .
Transistors

— > Output
Triangle/Sawtooth
Wave Input

Figure 3.1.5 - Class D Amplifier Block Diagram

The class D amplifier is a relatively new amplifier topology in the audio world as
audiophiles have been worried about the high THD that class D amplifiers can create.
However, over the years this worry has been minimized through the advancement of
transistors and modulation techniques. The class D amplifier is also highly efficient and
has a small footprint compared to the other amplifier classifications. For these reasons,
class D amplifiers have become a popular choice for amplifier design [3].

Since most audio signals, unless digitized, are analog signals, the signal must be turned
into a pulse width modulation (PWM) signal; other modulation techniques are available,
but PWM is one of the simplest to implement [3]. This can be generated by a comparator
using the audio signal as one input and a triangle/sawtooth wave on the other input. This
will create a PWM representation of the audio signal ranging from the comparator’s rail
voltages.
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The amplification is done by switching transistors on and off using the PWM signal. This
allows the transistors to conduct little to no current when no input signal is present,
resulting in a highly efficient design. Furthermore, when the transistor is conducting, Vps
is small, so little power is dissipated in the transistor. The transistors pass nearly all the
positive and negative rail voltages to the output [3].

The downsides to the class D amplifier are EMI susceptibility, power supply rejection
[PSR], distortion, and speaker pops during turn on/off. Each of these can be minimized
with design considerations, but this can add frustration in the design process and create
setbacks in the Senior Design flow.

3.1.5 IC Audio Power Amplifiers

IC power amplifiers are a viable option for the design as they offer adequate power output
to meet our specifications for both the mids/highs amp and subwoofer amp. These
amplifiers are also easy to implement in the system as the transistor design is already
complete and integrated on the chip. The biggest task would be to lay out the amplifiers in
accordance with their respective data sheets.

These types of amplifiers come in all the previous design topologies discussed in the
preceding sections and are readily available to order on DigiKey’s website. The available
power output of such amplifiers ranges from 4mW to 600W, making them more than
capable of driving both the mids/highs and subwoofer drivers.

The issue with these IC power amplifiers is the THD specifications listed in their data
sheets. The manufacturers usually list max power output for 10% THD for amplifiers over
25W, which is much larger than the specifications listed in Table 2.5.1. However, the
chosen amplifier can be set to a lower power output to meet the specification.

3.1.6 IC and Discrete Combination Amplifiers
In the previous section, IC amplifiers were established as a viable option for the design,
with a major tradeoff in the THD specification. One way to overcome this issue is to
decrease the gain of the amplifier; however, this may create an issue where the speakers
don’t get loud enough for the intended room of use. This is where pairing a discrete output
stage with the IC may become useful.

The IC amplifier can be used for the preamp and voltage amplification stage (VAS), while
the discrete transistors will provide the final current amplification required to meet the
power requirements. This will create a signal that has low THD as the IC is not being
pushed hard, and the discrete transistors handle most of the strenuous driving capabilities.

The IC choice for this type of amplifier will differ from the pure IC amplifier. This is
because the IC will not be responsible for sourcing and sinking large currents; that will be
done by the discrete transistors. The chosen IC will only need to provide voltage
amplification.
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For this type of amplifier, the most viable output topology would be class AB as this
topology provides the best combination of efficiency and low distortion when compared to
class A and class B topologies. Furthermore, it is more viable than the class D output
because the class D requires a PWM signal to drive the MOSFETs. This would require a
larger footprint than the class's AB output stage. The idea for this comes from the book

listed in Appendix A [4].

3.1.7 Comparisons
Table 3.1.1 - Amplifier Topology Comparisons

Class A B AB D IC IC +
Discrete
Efficiency Very High Medium | Very Varies with | Varies with
Low High Topology Topology
THD Low Very Low - Low - | Varies (Low | Varies (Low
High Medium | Medium is is
Achievable) | Achievable)
Footprint Large Medium Large Small Very Small Small
Heatsink Large Medium Large Small | Varies with | Varies with
Topology Topology
Ease of Difficult | Difficult | Difficult | Medium Easy Medium
Implementation
Cost High Medium High | Medium Low Low

3.1.8 Summary
Since the IC amplifiers are the simplest, cheapest, and abundant, this was chosen for all
three amplifiers in the system. DigiKey has a variety of these amplifiers, mostly with class
AB and D topologies, which will need to be researched and compared in the following
section to choose the best IC available for the design.

3.2 Amplifier Comparisons and Selection

3.2.1 Mids/Highs Amplifiers
The mids and highs amplifier must be capable of producing at least 25W of power for both
the midrange drivers and tweeters from about 80Hz to 20kHz. There must also be 4 total
channels, one for each driver. For example, if the chosen IC has one output channel, then
four amplifiers will be needed. If the amplifier has 2 output channels, then two ICs will be
needed and so on. Filters will be implemented on the input by the DSP and on the output
with LC filters, as the output filters must be nearly lossless to transmit the most power to
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the speakers. The speakers will be chosen after the amplifier is chosen as the amplifier
load, and output power specifications must be known before the speakers can be decided
on.

3.2.1.1 TPA3116D2DADR

The TPA3116D2DADR is a class D stereo amplifier made by Texas Instruments (TT). This
IC is a two-channel amplifier capable of driving two 4 bridge-tied loads at SOW each (2
x 5S0W into a 4Q BTL load) with a 21V power supply. This is achieved with nearly 90%
efficiency, figure 16 of the data sheet, meaning only a small heatsink will be required to
cool the device.

The data sheet provides many details to ensure that the device meets our needs. The main
points of interest are the THD + Noise (THD+N) vs power output charts, specifically figure
8. Figure 8 shows the THD+N vs output power for a 4Q load with a 24V supply at 26dB
of gain and ambient conditions. This chart tells us that at S0W output, the typical THD+N
value for the IC is less than 0.1% at 1kHz, 6kHz, and 20kHz. This is well within our
specifications. However, it is crucial that the output power does not exceed SOW as the
THD+N value grows exponentially as output power exceeds this value. Using this
orientation, the amplifier can be a great choice in driving both mid/high speakers if each
speaker is 4Q and a crossover filter is utilized.

Additionally, some features of this IC include multiple switching frequencies to allow the
amplifier to be used with another amplifier, a programmable power limiter, overvoltage
and undervoltage protection, overtemperature protection, DC-detect, and short circuit with
error reporting. These features can be integrated with the MCU to protect the IC under
various circumstances that may arise during the system’s lifetime.

3.2.1.2 TPA3112D1QPWPRQ1

The TPA3112D1QPWPRAQI is another class D TI amplifier. This IC is a mono channel
amplifier that can drive an 8C2 load at 25W with a 24V supply at less than 0.1% THD-+N.
When driving an 8Q load, the amplifier has 94% efficiency and does not need a heatsink.
The data sheet also lists that the amplifier can drive a 4Q load at 20W with a 12V supply
at 10% THD+N.

Like the TPA3116D2DADR, TI provides plenty of charts for the IC to understand the
typical device characteristics. The main chart of interest is figure 5 as it lists the THD+N
vs output power for the device at 20dB of gain and an 8Q load with a 24V power supply.
The chart shows that the amplifier has less than 0.1% THD+N for all power outputs up to
30W. However, output powers of greater than 25W are thermally limited.

Some of the features of this IC are filter-free operation, adjustable power limiter, pin-to-
pin short circuit protection, thermal protection, and four selectable, fixed gain settings.
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3.2.1.3 MAX9709ETN+D

The MAX9709ETN+D is a class D amplifier made by Analog Devices. This amplifier can
drive 2 x 25W at 8Q or 1 x 50W at 4Q. The problem with this is that the specification is
made for a THD of 10%, which is far greater than our system specification. The
applications listed for this IC are LCD TVs, PDP TVs, and PC/HiFi Audio systems. The
temperature range is from -40C to +85C.

Analog devices, like TI, include typical operating characteristics charts in their data sheet.
The main chart of interest for comparison and knowing whether this device can meet our
design goals is the THD+N vs output power chart for a 4Q2 load, as the 8Q load is already
unable to be used for this device as seen on the first page of the data sheet. The THD+N
for the 4Q load is under the 0.5% criteria set for our design up to about 35W output.

3.2.1.4 LM3886 (ChatGPT)

The LM3886 is yet another TI amplifier that can meet our design goals. This amplifier has
a class of AB topology, so the efficiency is lower than the other amplifiers discussed.
However, the power output is better for both 4Q2 and 8Q2 loads; 68W and 38W, respectively,
with +28V supply. This amplifier also features very good THD+N characteristics as from
20Hz to 20kHz, the typical value is 0.1%.

The downside to this amplifier is that it requires both positive and negative rail, which is
not required for the other amplifiers described in the previous sections. Additionally, lower
efficiency requires larger heatsinks than the other amplifiers. The features of this amplifier
are also fewer than the other amplifiers as this device does not have overvoltage,
undervoltage, or thermal protection circuitry.
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3.2.1.5 Comparison
Table 3.2.1 - Mids/Highs Amplifier Comparison

Device Topology | Power THD Efficiency Price
W)
TPA3116D2DADR ClassD | 2x50W | <0.1% ~90% $3.10/Unit
@ 4Q
BTL
w/21V
TPA3112D1IQPWPRQI1 | ClassD | 1x25W | 0.1% 94% $2.84/Unit
@ 8Q
w/24V
1 x20W 10% Not
@ 4Q Considered
w/12V
MAX9709ETN+D ClassD | 2x25W 10% Not $21.80/Unit
@ 8Q Considered
1x35W | 0.5% ~85%
@ 4Q
LM3886 Class AB | 1x38W | <0.1% | Dissipates | $7.01/Unit
@ 8Q ~35W with
w/+28V +30V
supplies
1 x 68W | <0.1% | Dissipates
@ 4Q ~40W with
w/+28V +30V
supplies

3.2.1.6 Summary

The TPA3116D2DADR is going to be the best option for our design as it has two channels
capable of driving 4€Q2 loads with lower THD+N than our specification states. Furthermore,
the amplifier has the second highest output power that meets our THD+N specification
while also being highly efficient. The LM3886 has higher power with better THD+N,
however, the heat sink requirements make it a less optimal choice. The LM3886 also only
has one channel and does not compare well with the features of the TPA3116D2DADR.

3.2.2 Subwoofer Amplifiers
3.2.2.1 TPA3251D2DDVR (ChatGPT)
The TPA3251D2DDVR is a class D amplifier capable of 2 x 140W at 4Q BTL, 2 x 175W
at 3Q BTL, and 1 x 285W at 2Q parallel BTL (PBTL), all at 1% THD+N. The typical
applications for this amplifier are Blu-ray Disk/DVD Receivers, high end HTiB Systems,
AV Receivers, High End Soundbars, mini combo systems, and active speakers and
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subwoofers. Our system is like active speakers and subwoofers, so our system meets the
intended use of this IC.

The data sheet provides plenty of charts for consumers to understand the typical
characteristics of the device. The main charts of interest are figures 3 and 16. Figure 3
shows the THD+N vs Output Power for the BTL configuration and shows that the device
meets our specification for 8C2 loads up to 55W, 4Q loads up to about 150W, and 3€Q loads
up to 175W. The amplifier is also capable of outputting 100W to the 3Q and 4€ loads with
0.01% THD+N. Figure 16 shows the THD+N vs Output Power for the PBTL configuration.
This chart shows that the THD+N of the device meets our specification for 8 loads up to
about 60W, 4Q loads up to about 150W, and for 2Q loads up to about 250W. The amplifier
is also capable of outputting about 125W to a 4Q load with about 0.01% THD+N and
200W to a 2€2 load at about 0.02% THD+N. The PBTL configuration would be ideal for
our design as for the subwoofer, only 1 channel is needed, and we can push more power to
the subwoofer if a 2Q2 subwoofer is chosen.

The efficiency of this amplifier, given in figure 6, in the BTL configuration, is about 90%
for 8Q loads, 90% for 4Q loads, and 85% for 3Q2 loads at the maximum power we would
use. For the PBTL configuration, there are no efficiency charts given, but it can be assumed
that the efficiency is greater than 80% since the amplifier has a class D topology.

The features of the TPA3251D2DDVR include multiple configurations, click and pop free
startup and stop, undervoltage protection, clipping protection, overtemperature protection,
and short circuit protection.

3.2.2.2 TDA7293V

The TDA7293 is a class AB amplifier made by STM. This device is capable of 1 x 100W
into an 8€2 load at 10% THD with a +40V power supply. The datasheet describes the device
intended for use in HiFi applications, like home stereos and self-powered loudspeakers.

Figures 14 and 15 of the datasheets illustrate the THD vs Output Power characteristics of
the device and show that the IC meets our specification up to about 70W for 4Q loads with
a £20V supply and about 90W for 8Q2 loads with a +40V supply. As with any class AB
amplifier, efficiency is just as important for our design as the THD since the class AB
requires significant heatsinking, however, the data sheet does not list efficiency charts to
assess the thermal factor but recommends 1.5C/W heatsinking.

The features of this device include clip detection, low distortion, low noise, no switch
on/off noise, muting and stand-by functions, and thermal shutdown.

3.2.2.3 TPA3221DDVR

The TPA3221DDVR is a class D amplifier made by TI that can drive 2 x 88W at 4Q2 BTL,
2 x 100W at 3Q BTL, and 1 x 170W at 2Q PBTL with 1% THD+N. This amplifier can be
used at any voltage in the range of 7V to 30V, however, lower voltages result in less power
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or more THD+N at a specific power level. The intended applications of this IC are
Bluetooth and Wi-Fi speakers, soundbars, subwoofers, bookshelf stereo systems, and
professional and public address speakers.

In typical TI fashion, plenty of charts are provided to ensure the device can meet our
specifications set for the project’s design. The main charts of interest are figures 6-1 and
6-17 as both charts plot the typical THD+N for various output powers with a 30V power
supply rail. Figure 6-1 shows chart for the BTL configuration with loads of 3€Q, 4Q, and
8Q2, and the max output power that will meet our design specifications for THD+N is about
100W, 80W, and 45W respectively. The first page of the data sheet lists that these are
around the values for 1% THD+N and this is because the region these values are pulled
from is exponential, causing some discrepancy in the ability to pinpoint an exact value.
Figure 6-17 shows the chart for the PBTL configuration, meaning the amplifier is driving
one speaker with both output channels. This chart gives the THD+N spec for loads of 2Q,
3Q, and 4€2, and the max output power that meets our specification for each load is about
150W, 125W, and 100W, respectively. For the 2Q and 3Q loads, the amplifier can be set
to an output power of 100W for less than 0.1% THD.

Furthermore, the efficiency of this amplifier is high since it is a class D. The efficiency of
the BTL configuration at the maximum power outputs that would be used for loads of 3€,
4Q, and 8Q2 being about 80%, 80%, and 90%, respectively. This information is found in
Figure 6-6. For the PBTL configuration, the efficiency for the amplifier at the maximum
output would be used for loads of 2Q, 3Q, and 4Q being about 85%, 90% and 90%,
respectively. This information is in figure 6-22. With the efficiency being high, only a
small heatsink would be required for this IC.

Some of the features of this IC are a closed loop feedback design, standby modes, selectable
gains, protection circuitry, and a bottom mounted thermal pad.
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3.2.2.4 Comparison
Table 3.2.2 - Subwoofer Amplifier Comparison

Device Topology Power (W) THD | Efficiency Price
TPA3251D2DDVR | ClassD | 2x55W @ 8Q | 0.5% 90% $7.81/Unit
BTL
2x 100W @ 4Q | 0.01% 90%
BTL
2x 100W @ 3Q | 0.01% 85%
BTL
1 x60W @ 8Q | 0.5% N/A
PBTL
1 x 125W @ 4Q | 0.01% N/A
PBTL
1 x200W @ 2Q | 0.01% N/A
PBTL
TDA7293 Class AB | 1x90W @ 8Q | 0.5% N/A $8.49/Unit
w/ £40V supply
1x70W @4Q | 0.5% N/A
w/ £20V supply
TPA3221DDVR Class D 1 x45W @ 8Q | 0.5% 90% $4.39/Unit
BTL
1 x80W @4Q | 0.5% 80%
BTL
1 x 100W @ 3Q | 0.5% 80%
BTL
1 x 100W @ 4Q | 0.5% 90%
BTL
1 x 100W @ 3Q | <0.1% 90%
BTL
1 x 100W @ 2Q | <0.1% 85%
BTL

3.2.2.5 Summary

The TPA3251D2DDVR is going to be the best option for our design as the amplifier is
capable of large output powers with very little THD+N and high efficiency while not
sacrificing the features that come on any of the other amplifiers discussed in the section.
The efficiency of the amplifier is also comparable to the other amplifiers, so no sacrifices
are made with this choice. With this selection, a subwoofer of 2Q and 4Q impedances
should be considered with ratings of 125W and 200W, respectively.
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3.3 Speaker Consideration, Comparison, and Selection
3.3.1 Considerations for the High Speaker

For considering our high speaker, our attention is drawn to tweeters as their frequency
range and hardware design are built to produce anywhere from 2,000 Hz to 20,000 Hz.
However, in our considerations we needed a tweeter that would have a sensitivity of about
92 dB and power handling of anywhere from 45 W and higher. In addition, for the tweeter
and mid speaker, which is discussed in a future section, we wanted to keep the cost of each
component to be under 30 dollars. Following these criteria, we came across three different
tweeter options that would satisfy our requirements and work within our project. The three
options that we came across are the Peerless by Tymphany BC255C08-04, Peerless by
Tymphany XT25SC40-04, and the Mr.DJ HDTS5005.

3.3.2 Comparison for the High Speaker

The Peerless by Tymphany BC255C08-04 comes in at a price tag of $23.95, has a power
handling of 100W, a frequency response range of 2,500 Hz to 20,000 Hz, and a sensitivity
of 98 dB. Of the three options, this tweeter is the costliest of our options but still meets all
the specs needed to make our project successful. Another note regarding this tweeter and
the other model manufactured by this company is that the low end of the frequency range
is 2,500 Hz which is still a little high compared to the average tweeter frequency range
being 2,000 Hz so when choosing a mid-speaker, we would need to make sure that we are
choosing one that has a higher frequency range or equal to the 2,500 Hz.

The next choice for our tweeter is the Peerless by Tymphany XT25SC40-04. With a $18.51
price tag, 100 W power handling, 2,500 Hz — 20,000 Hz frequency range, and a sensitivity
of 91.1 dB, this option produces many admirable qualities when deciding whether we
should move forward with this speaker component. In terms of what we are saving in terms
of cost in comparison to the BC255C08-04 we are losing in sensitivity with our goal of 92
dB, however we are talking about a .9 difference. However, it is a tradeoff that must not be
overlooked. In addition, as mentioned before, we would still need to choose a mid-speaker
that can meet or is greater than the 2,500 Hz frequency range.

Our last consideration for tweeters is the Mr. DJ HDT5005, and this speaker comes in at a
price tag of $29.99 for a pack of two, which puts it at the cheapest price of the three options.
With 100 W power handling, and sensitivity of 109 dB, this choice presents itself as the
standout for our project. However, the very deterring fact is that the website that offers this
product, nor any other sources say what the frequency response is, so we are unable to find
out what its lowest and highest frequency capabilities are and therefore we would not be
able to pick an appropriate mid-speaker.

28



Table 3.3.1 - High Speaker Comparison

Speaker Cost Frequency Power Sensitivity Ohm
Component Range Handling
Peerless by $23.95 2,5000Hz — 100 W 98 dB 4
Tymphany 20,000Hz
BC255C08-
04
Peerless by $18.51 2,500Hz- 100 W 91.1dB 4
Tymphany 20,000Hz
XT25SC40-
04
Mr. DJ $29.99/2 77?7 100W 109 dB 4
HDT5005

3.3.3 Selection for the High Speaker
Of all the choices presented, the best suited candidate would be the Peerless by Tymphany
BC255C08-04. Although it carries the highest price tag, it still fits within our $30 budget.
In addition, it meets the sensitivity needs for our components and can handle the power
provided by our amplifiers with no issues.

3.3.4 Considerations for the Mid Speaker
For the mid speaker we looked at two different speakers that fall under the mid speaker
category: woofers and midranges. Within these two classifications of a mid-speaker, the
normal frequency range produced is around 250 Hz to 2000 Hz. Following the criteria
presented in the high speaker section, we needed a speaker that had a sensitivity of about
92 dB, power handling of about 45W or higher, and had to be under 30 dollars. Our research
led us to these three speakers that we felt were great candidates for our project. The first
was the Dayton Audio DC130B-4, the Goldwood GM-65/4, and the Goldwood GM-85/4.

3.3.5 Comparison for the Mid Speaker

The Dayton Audio DC130B-4 costs $28.98, has a power handling of 40 W to 80 W, a
frequency response of 50 Hz to 5000 Hz, and has a sensitivity of 92.1 dB. What makes this
option standout for selection is that it meets the budget, sensitivity, and frequency response
requirements set by our project. Although the power handling is rated for between 40 W
and 80 W, we also know that most companies are conservative in these ratings as they
don’t want average consumers to “blow up” their speakers. With this in mind, we can safely
say that the DC130B-4 would meet the power rating criteria as well; we would just need
to be mindful.

The next option is the Goldwood GM-65/4 which has a price of $11.98, a power handling
of 50 W to 100 W, a sensitivity of 92 dB, and a frequency range of 550 Hz to 15,000 Hz.
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This is the cheapest of our options and fits very well in line with the power rating in
comparison to the Dayton Audio choice. However, like our choice with the tweeter we
would need to decide on a low speaker that can compensate for the high, lower end
frequency of 550 Hz as most low speakers can only produce up to 200 Hz. Regardless, this
option still meets the cost, power rating, and sensitivity requirements.

Our last, but not least option is the Goldwood GM-85/4. This component costs $15.98, has
a power rating of 60 W to 120 W, a 500 Hz to 15,000 Hz frequency range, and a 92 dB
sensitivity level. This option is very similar to other Goldwood model; however, it has a
higher power rating and covers a larger frequency range. This model would allow us to
ensure feel confident that the component would be able to receive the power supplied by
the amplifier safely, while also giving us more selection opportunities for our low speaker
since it is the closest to the normal 200 Hz of the Goldwood models discussed.

Table 3.3.2 - Mid Speaker Comparison

Speaker Cost Frequency Power Sensitivity Ohms
Comparison Range Handling
Dayton $28.98 50Hz- 40W — 80W 92.1dB 4
Audio 5000Hz
DC130B-4
Goldwood $11.98 550Hz- S50W-100W 92 dB 4
GM-65/4 15,000Hz
Goldwood $15.98 500Hz- 60W-120W 92 dB 4
GM-85/4 15,000Hz

3.3.6 Selection for the Mid Speaker

Through careful consideration and deliberation, the best choice for our project is the
Goldwood GM-85/4 model. By providing us with a safer buffer in terms of power handling
and although high, but manageable frequency response, this mid-speaker is more than
capable of delivering on all the aspects needed to help this project succeed. By choosing
this mid-speaker it also allows extra room in our team's budget to fund the tweeter we chose
since it is a lot closer to our $30 budget cap for speaker component selections.

3.3.7 Considerations for the Low Speaker
When considering our low speaker, we needed to change some of the technical
specifications we had in comparison to our mid and high speaker selections. First off, due
to our amplifier design we were able to look at low speakers that had a 2-ohm tolerance as
opposed to the 4-ohm tolerance that we were forced to use when deciding on the high and
mid-speakers. With this, we had to adjust the power rating of the speakers using the 2-ohm
low speakers, which led us to a new rating of 200W. However, when dealing with 4-ohm
low speakers we would need to use 125W. In addition, our budget for the low speaker was
expanded to components that were up to $100 or less, compared to the $30 previously
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decided upon for the mids and highs. When deciding on what low speaker, or subwoofer,
we should choose our criteria listed from the most important to least important are as
follows, impedance, power handling, sensitivity, and frequency response. After following
these criteria, we found three speakers that would fit our design are, the Goldwood GW-
212/4, the Goldwood GW-10PC-4, and the Kicker 43CVT102.

3.3.8 Comparison of the Low Speaker

The Goldwood GW-10PC-4 comes in at a price tag of $79.98, with a range of 25 Hz to
3000 Hz frequency response, a 92.7 dB sensitivity, and 200 W to 400 W power handling
level. As a 4-ohm speaker we meet the requirements in terms of power handling by a wide
75 W margin which makes it easier to implement and not worry about power issues. The
other nice aspect of this subwoofer is that it has 92.7 dB sensitivity, which is the highest of
the three options, plus, at a $79.98 price we are saving $20.02 in budget costs. With a range
of 25 Hz to 3000 Hz we also avoid any gaps in frequency between the mid and low, as we
decided on a mid-speaker with a lower frequency of 500 Hz.

Our next option is the Goldwood GW-212/4. With a price tag of $42.98, 120 W to 240 W
power handling, 28 Hz to 4000 Hz frequency range, and a sensitivity of 92.3 dB. Cheaper
than the GW-10PC-4, this component also has an extended 997 Hz frequency range.
However, one of the downsides compared to the previous Goldwood model is that we are
losing approximately .4 dB in sensitivity. Another drawback of this Goldwood model is
that the power handling level again relies on the generosity of the manufacturers. For a 4-
ohm speaker, which this component is, we need a minimum power level rating of 125 W,
and this specific model has a level minimum level 120 W, however, it has a maximum
power level of 240 W. This could lead to issues if we find the speaker is performing at a
power level too low for our design.

Our final consideration for the subwoofer needed to complete the speaker design is the
Kicker 43CVT102. This component costs $99.95, a 350 W to 700 W power handling, a 25
Hz to 500 Hz frequency range, and 87.2 dB sensitivity. This specific speaker consideration
is a 2-ohm, which indicates we would need to ensure that the Kicker meets the power
handle level of 200 W which it does with a 150W margin. In addition, what makes this
speaker a great candidate is that it does reach the lower-level frequency set by the mid-
speaker we chose of 500 Hz. What makes this speaker not the best option though is its
sensitivity level. With a sensitivity of 87.2 dB, it is well below the 92 dB goal set for each
of our speakers, and with the heftiest price tag of the three options the tradeoft is not worth
the price. Unfortunately, this speaker does not size up very well compared to the other two
Goldwood options.
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Table 3.3.3 - Low Speaker Comparison

Speaker Cost Frequency Power Sensitivity Ohms
Component Range Handling
Kicker $99.95 25Hz - 350W — 87.2 dB 2
43CVT102 500Hz 700W
Goldwood $42.98 28Hz — 120W — 92.3dB 4
GW-212/4 4000Hz 240W
Goldwood $79.98 25Hz — 200W — 92.7dB 4
GW-10PC-4 3000Hz 400W

3.3.9 Selection for the Low Speaker
After considering all three options, we found that the Goldwood GW-10PC-4 was the best
option for implementation. With its wide margin of power handling, budget-friendly
pricing, and excellent sensitivity this product really stood out amongst the others. However,

when it comes to implementation if this model didn’t seem to work, we have considered
the Goldwood GW-212/4 as a back-up option.

3.4 Speaker Enclosure Design

The design of the speaker enclosure is just as important, if not more important, than the
driver selection. This is because the enclosure controls the air movement dynamics when
the speaker is moving. This creates different sound profiles from the speaker. The enclosure
can also be used to raise the mechanical resistance of a speaker, or it can be used to
minimize the mechanical resistance. Furthermore, the enclosure acts as a passive filter for
the speaker drivers. This section will be used to discuss the different types of enclosures
and the choices we make for our specific drivers.

3.4.1 Importance of Speaker Characteristics

The goal of enclosure design is to maximize speaker performance and to achieve this, the
speakers Thiele/Small (TS) Parameters must be known. The TS parameters is a “series of
characteristics based on a model of electrical and mechanical attributes of individual
loudspeaker drivers” organized by Neville Thiele and Richard Small, independent of one
another, that collectively describe the properties of a loudspeaker [5]. One of the most
important parameters is the Q factor, a sum of the electrical damping, Q.s, mechanical
damping, Qms, and the total damping, Qs, where the Qs describes the type of enclosure a
speaker will thrive in [5]. Qs of less than 0.6 benefit from ported enclosures, and a sealed
enclosure is best suited for Qs of between 0.6 and 1.0 [5].

3.4.2 Open Baffle

The open baffle technically is not an enclosure at all as the speaker is mounted to just a flat
board and no surrounding parts. This type of enclosure maximizes the distance the rear
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sound waves must travel to interfere with the sound waves coming from the front of the
speaker cone [5].

3.4.3 Sealed Enclosure

Sealed enclosures are exactly what the name suggests; an enclosure completely closed off
from external air. All forward air is allowed to pass to the listeners while the rear air stays
inside the enclosure and does not interfere with any front sound waves. This type of
enclosure acts as a 2" Order high pass filter at the enclosure’s resonant frequency. These
enclosures are common in all types of speaker drivers, especially tweeters and midrange
speakers. The downside to this is that more power is required to produce low frequencies
at the same SPL as higher frequencies [5].

3.4.4 Ported Enclosure

Ported Enclosures utilize a vent leading from the inside of the enclosure to the outside.
This allows for better frequency response below both the speaker driver’s and enclosure’s
resonant frequency [5]. This effect is achieved by allowing the rear sound waves to be
released from the enclosure and mixing with the sound waves produced by the front of the
speaker's cone. The enclosure volume, port length, and port area all play a role in the tuning
frequency of this enclosure [5]. The port parameters must be designed carefully as air
oscillates in this section of the enclosure and can cause distortion if the air traveling inside
the port does not move cleanly around the edges [5]. This can be minimized by not using
sharp edges in the port and using slanted or curved sections where necessary. These
enclosures are a 4™ order high pass filter in nature with the attenuation beginning at the
enclosure’s resonant frequency.

3.4.5 Bandpass Subwoofer Enclosures
Bandpass enclosures are mainly used for subwoofers and are highly efficient but must be
meticulously crafted as any defects can cause distortion. The enclosures are very common
in car audio SPL competitions for bass and, as the name describes, they are bandpass filters
by nature with various orders available to the designer. These enclosures allow for very
high-power levels to be pushed to the subwoofers.

The 4™ order bandpass enclosure is designed with both a sealed section and ported section.
The sealed section is used to recreate the lower frequencies, giving the subwoofer a punchy
sound, and the ported section is responsible for the higher frequencies.

Another type of design used is the 6™ order bandpass enclosure. This utilizes a similar

design to the 4™ order; however, the sealed section is vented into the ported section to
create a more efficient enclosure.
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3.4.6 Enclosure Design Comparison

Table 3.4.1 - Enclosure Design Comparison

Enclosure | Open Baffle Sealed Ported Bandpass
Design
Difficulty -- -- + ++
Low End -- - + ++
Response
Filter Type None 2" Order 4™ Order 4™ Order
High Pass High Pass and Higher

Bandpass

Size -- - + ++

3.4.7 Enclosure Material

The most common materials for speaker enclosures are plastic and wood, specifically
MDF. The benefits of wood are that it is durable, lightweight, and acoustically sound.
Woodworking has also been around for some time so finding resources to craft the perfect
enclosure should be easy. Plastic has the benefit of being cheaper, easier to build with 3D
printers, and more resistant to the outside elements, however, they may take a few design
cycles to get the material thickness correct. Also, it may be difficult to find a 3D printer
capable of supporting our enclosure size.

Table 3.4.2 - Material Comparison Table

Material Wood Plastic
Ease of Manufacturing + -
Resources + +
Availability + -
Durability + -
External Factors - +
Acoustics + -

3.4.8 Summary
For our design it is apparent that using wood as our enclosure material is the best option.
For the enclosure design, a sealed enclosure should work well with the midrange driver
and tweeters, while a ported design is going to optimize the low frequency response of our
subwoofer so we can play louder bass frequencies. Pairs of midrange drivers and tweeters
will be in the same enclosure, each section sealed from each other, for a total of two
enclosures for the mids/highs. The subwoofer will be in its own enclosure.

3.5 Crossover Filters

3.5.1 What are Crossover Filters?

When discussing crossover filters regarding the performance and construction of our
system, it is important to ask yourself what a crossover filter is. Crossover filters are either
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high, low, or bandpass filters that are used to individualize the type of frequency that is
being sent through either our high, low, or mid speaker. To further clarify, we would utilize
a high pass filter for a high speaker since this type of speaker performs best when exposed
to higher frequencies. Furthermore, bandpass is used for mids, and low pass filters are used
for subwoofers. [6][7]

Now in terms of the applications of these filters, there are two distinct paths: multi-way
cabinets and multi-cabinet setups. Multi-way cabinets describe when there are at least two
speaker components within a cabinet, while multi-cabinet refers to having a specific
cabinet for each speaker component. For our design we are incorporating both by having
our high and mid-speakers enclosed in one cabinet while our low speakers will be enclosed
in a separate cabinet.[6][7]

3.5.2 Comparison of Passive, Hybrid, Active Crossover
Filters
When dealing with crossover filters, there are three main and distinctive types, passive,
hybrid, and active. What separates the three different filters is where the crossover is placed
regarding the amplifier and the speakers themselves. The placement of the crossover
determines the type of input signal the crossover receives whether it be line-level (active),
speaker level (passive), or a mix of both (hybrid). [6][7]

Passive crossovers shine in their easy implementation, cost effectiveness, and low power
usage. By placing the crossover between the amplifier and the individual speakers, we are
receiving a speaker level signal strength which is higher than the normal line level input
seen by the MCU and in this case the amplifier as well. Essentially what this means is that
the filter does not need a power source to work. However, some of the drawbacks of passive
crossover include limited frequency accuracy, power loss due to the heat in the electrical
components that make up the filter, no tunability unless component changes occur, the fact
that it is affected by the speaker’s impedance which changes while being used, and the
increased difficulty of phase alignment. [6][7]

Active crossovers are known for their high flexibility, efficiency, frequency accuracy, and
independence of speaker impedance. These types are filters are normally implemented in
high performance, professional setups. However, when looking at the scope of the system
we are trying to create, the downside of an active crossover is the complexity of the design
and the cost associated with it. [6][7]

This is where the hybrid crossover comes in. What makes the hybrid stand out in terms of
selection for our project is that it allows us to take the positive traits of both the active and
passive crossovers and join them into one. The hybrid allows for tunability, a proper
complexity level for the scope of this project, well enough frequency accuracy, minimized
effect of speaker impedance, minimized power loss, and seems to be the best
cost/performance option of the three. [6][7]
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3.5.3 Cross Over Filter for Mid and High Speakers

Now that we have established the type of network we are using for our crossover filter, we
need to distinguish the traits or specs of each filter we are going to use for our different
speakers. As mentioned before, our high and mid-speakers will be enclosed in the same
cabinet. So, for this case we will need to implement a high pass and band pass filter to
separate the two frequencies. By placing the crossover filter after the amplifier but before
the signal reaches the two speakers, we can separate the high pass filter response created
from the MCU into another high pass filter so the high speaker can function properly, but
also creating a band pass with cutoff frequencies equaling the max frequency of which the
low speaker can function properly (lower cutoff frequency) and the max frequency of
which the mid speaker can function properly (higher cutoff frequency). [6][7]

3.5.4 Crossover Filter for Low Speaker

For our low speakers, we are taking a very similar approach to that of mid and high
speakers. Since the MCU will be splitting our initial signal into two components, a low
frequency and mid/high frequency range, we would be sending the low frequency signal
produced by the MCU straight to the subwoofer, however, on one condition. To ensure that
our speakers are playing frequencies that are well suited and tailored to the level of quality
we are aiming to create we felt that passing the signal through a crossover filter to “fine
tune” the signal, something that was mentioned as a bonus for choosing the hybrid
crossover network, would allow us to create a more specific frequency cutoff for the
woofer, thus allowing better frequency accuracy. [6][7]

3.6 Distance Sensor

3.6.1 Considerations

The distance sensor will play the crucial role of measuring the distance from our system to
the room’s ends. The information gathered from the sensor(s) will not only help us to
determine the size of the room and how that affects the sound, but also other factors such
as reverberation or echo. The main specification that we are looking for in our sensors is
the maximum distance at which it can be measured. This is crucial because we want our
system to work in any space of any dimension. Of course, there are many other factors that
we should be considering creating the best sound experience for the user, like the material
of the walls, or if the room is filled with furniture or other large objects that could block
sound waves, but these are out of the scope of this project due to the already complexity of
project and the time constraints.

Since we want to measure all dimensions (length, width, and height) we also need to
consider if we want many different sensors in our system (two for each dimension would
be needed, because the system won’t be placed in one corner) or if we want one single
sensor that can rotate or move to measure different distances. If we go for the latter, we
will need to implement more software to calculate the precise distance from the sensor to
the walls or roof. On the other hand, if we decide to integrate many sensors, we will just
need to add the distances that each sensor gathers, but this could increase the cost of the
build, depending on the type of sensor we choose.
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We have summarized all our options in Table 3.x.1, where the maximum measuring
distance, accuracy, type, and price of each are listed. All the following options are ToF
(Time of Flight) types of sensors, but each uses a different technology. The first option is
the SEN0647 which can measure up to 25m (~82ft) and is a Laser sensor. The main
advantage of this sensor is the astonishing distance it can measure up to; it is one of the
few options that we found that can measure up to that distance. The same model has another
version that can go twice as far, measuring up to 50m (~164ft) for only four dollars more.
[25] The second option is a 360 LiDAR (DFR0315) that can measure up to 12m (~39ft) in
diameter, or 6m in each direction. This option would save us from buying multiple sensors
to achieve different measurements, but the module itself is considerably bigger than the
rest of the options. This one is also the most expensive on the list, but it offers other great
features such as very high accuracy: it only has a = 0.5mm deviation. [26] The third option
is another Laser sensor from STMicroelectronics: the VL53L4CX. Although it offers the
least maximum distance, it also comes at a reasonable price and in a very compact module
(4.4 x 2.4 x 1 mm) making it the smallest in the list and the easiest to integrate into our
system, as our MCU is also an STM product. [27] Our last option is the LIDAR-Lite LED
V4 which, despite its name, is an LED sensor. This differs from the other options in that it
utilizes an infrared LED, which is safer for the human eye than the sensors, which use
lasers. It also comes with other benefits such as Bluetooth integration to use wirelessly, an
ARM Cortex -M4 processor, and much more. However, we do not intend to use these for
our project, as we would already have all these features in our MCU. We just need the
sensor to measure distance.

Table 3.6.1 - Distance Sensor Comparison

Max. Accuracy Type Price
Distance (m)
SEN0647/ 25/50 + 3cm Laser $25.00/29.00
SEN0648
DFRO315 12 + 0.5mm 360 LiDAR $99.00
VL53L4CX 6 +3% Laser (w/ $14.95
FOV)
LIDAR-Lite 10 + lem LED Sensor $59.95
LED V4

3.6.2 Conclusion
When we started this project our idea with the distance sensors was to use them to aid our
acoustic measurements of the room. Our intuition told us that by getting the room’s
dimensions, we were going to be able to gather valuable information to design our
algorithm. We later realized that this is not entirely true. Even though the room’s
dimensions can be useful for some analysis, it would not give us more information than
what the microphone will. These are usually used when implementing a “Room
Simulation” environment, which is used to “artificially reproduce the acoustics of a room.”
[63] This is helpful if we wanted to predict how the audio signals will behave in certain
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rooms and maybe find some dead spots, but the reality is that it is out of the scope of this
project and it does not add valuable features for our design. Therefore, we decided to
remove the distance sensors from our design.

3.7 Microphones
3.7.1 Speaking Microphone vs. Audio Measurement

Microphone

For our system to equalize based on the room’s environment we will need a microphone to
measure the acoustics of the location the speaker system is placed in. Knowing this, we
need to distinguish what type of microphone we need since a standard talking microphone
is not going to work in this case. This is where a condenser measuring microphone comes
into play. Essentially this speaker is going to capture the flat frequency response of the
speaker’s location and will allow the system to equalize based on the measurements the
microphone sends back to the system. The reason we would not use a speaking microphone
in this case is that speaking microphones lack the sensitivity and accuracy needed to detect
the sound pressure of a given room. Within the measurement microphone technology there
are different classes that provide individual advantages based on a given situation. [§]

3.7.1.1 Class 1 Measurement Microphones

The most accurate of the classes in, these microphones are designed to meet high standards
and are mostly used for research and lab situations. The strictness of the frequency response
and dynamic range is where this class finds its usefulness. [8]

3.7.1.2 Class 2 Measurement Microphones

Although not as accurate as class 1, these microphones are used in workplace environments
such as schools, and industrial settings. They meet the requirements for compliance and
legal checks; however, they are not accurate enough for research and testing scenarios. [§]

3.7.1.3 Omnidirectional Measurement Microphones

These microphones are designed to capture sound measurements from 360 degrees, making
them suitable for room acoustics and environment sound capture. [8]

3.7.1.4 Audio Measurement Microphones

As the name suggests, these microphones are designed to help with sound system
calibration and speaker testing. These microphones are mostly used for sound design,
music, and broadcasting, as they excel in reproducing audio characteristics [8]

3.7.2 Considerations for System Microphone

When researching different measuring microphones that would be used within our project,
we came across four different options that we feel would be easy to integrate and provide
the necessary results to ensure proper acoustic tuning for our speakers. These options are
the Superflux ECM999, miniDSP UMIK-1, Dayton Audio Li, and the Behringer
ECM8000.
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3.7.3 Comparison of System Microphones

The first microphone that we looked at was the Superflux ECM999. This microphone costs
$49.99, has a sensitivity of 37 dB, a SNR of 77dB, frequency range of 20,000 Hz, and is
omnidirectional. This option is very budget friendly, however, has very low sensitivity that
we feel would need to be improved upon. It has a very wide frequency range, and decent
max SPL at 132 dB so it would be able to handle loud sound sources without clipping.

Going to a more high-end microphone we have the miniDSP UMIK-1. With the highest
price point of $128.95, a sensitivity of 39.88 dB, SNR of 78 dB, 20,000 Hz frequency
range, and is omnidirectional. This microphone also includes a calibration file which
allows for the microphone’s frequency and sensitivity to be adjusted in measurement
software. The microphone also features a plug and play USB interface, allowing for plug-
ins on laptops.

Our next option is the Dayton Audio EMM-6. With a price of $59.98 this microphone’s
features include 40 dB sensitivity, 70 dB SNR, 20,000 Hz frequency, and is also
omnidirectional. This speaker has been known to provide an extremely flat frequency, and
like the miniDSP UMIK-1 features an exclusive calibration file to aid in accurate
measurements. Instead of using a USB output connector like the miniDSP UMIK-1 this
microphone uses an XLR connector. The EMM-6, however, does feature a lower SPL than
some of its counter parts.

The last contender of the 4 is the Behringer ECM8000. With a $35.00 price tag, it is the
cheapest of the bunch and has the following specs 37 dB sensitivity, 35 dB SNR, 20,000
Hz frequency, and has an omnidirectional polar pattern. The most budget-friendly option
does have a few drawbacks that prove it might not have been as good of a choice as some
of the other discussed microphones. Between the Superflux ECM99 and this option it does
have the lowest sensitivity as well as the lowest signal to noise ratio, or SNR. The Behringer
does feature a frequency range that does hold up compared to the microphone options
though.

Table 3.7.1 - Microphone Comparison Chart

Microphone Cost Sensitivity | Signal to | Frequency Class
Component Noise Range
Ratio
Superflux $49.99 37dB 77dB 20,000Hz | Omnidirectional
ECM99
miniDSP $128.95 39dB 78dB 20,000Hz | Omnidirectional
UMIK-1
Dayton Audio | $59.98 40dB 70dB 20,000Hz | Omnidirectional
EMM-6
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Behringer $35.00 37dB 35dB 20,000Hz | Omnidirectional
ECM 8000

3.7.4 Selection for System Microphone

After careful consideration, the microphone we felt would best incapsulate the needs we
have for this project, while still staying at a reasonable price point was the Dayton Audio
EMM-6. For the cost of this component, we are getting a lot of value and features that other
higher end speakers such as the miniDSP UMIK-1 have, such as the calibration file.
Furthermore, we are not sacrificing any quality issues as the frequency response, SNR, and
sensitivity already fit within the ranges we need so no further adjustments would need to
be made to ensure this component would work.

3.8 Processor Technology Comparisons

The brain behind every electronic system is the processor; it is the component that glues
everything together, as it can perform different tasks within its core, as well as organize
the other components on the system. For our design, we intend to implement the processor
as the heart behind the DSP algorithm, one of the most important software components in
our system. It will be responsible for gathering the input data (microphone and sensors),
processing the sound signals gathered using DSP concepts (like FFTs, deconvolution, etc.),
adjusting the Equalizer’s bands based on the DSP processing, and outputting the processed
signals to our speakers. Let’s look at the different types of technologies that we could use
to achieve this.

3.8.1 SoC (DSP Chip)

A System on Chip is a type of integrated circuit that implements all the computer’s
components (such as microprocessors, memory, WI-FI, Bluetooth, etc.) in one chip. These
types of processors are usually seen in devices like smartphones, tablets, desktop
computers. [9] They are usually in the high-end spectrum of Embedded projects, as they
are a lot more capable and powerful than a microprocessor. In the case of our project, we
would be looking into a DSP chip, which are designed to specifically help with DSP related
work. This would give us a great opportunity to implement a processor that would speed
up the signal processing stage. However, these processors usually require more advanced
programming, are more expensive, and we would still need to add different modules to
achieve all we want in our system. These are usually intended for high-end systems, which
is somewhat off the scope of this project.

3.8.2 MCU

Probably the most common choice for most projects, a Microcontroller Unit is a type of
processor that is designed to serve one specific task without requiring a complex operating
system. [10] They are usually used to implement “simple” projects, such as real-time
systems, robots, or most electronic appliances (dishwashers, microwaves, coolers). They
give the user the flexibility of choosing where to implement it, as they can be programmed
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with an object-oriented programming language (C/C++, Python) without the need for an
operating system. But it’s in their simplicity where MCUs usually fail to deliver very high
performance for some projects, as they are built with smaller components than a SoC.

3.8.3 FPGA

The last technology we considered implementing is a Field Programmable Gate Array.
Unlike the previous two, FPGAs are integrated circuits that are re-programmable, meaning
that they do not necessarily need to serve a limited number of tasks. They run with the
advantage of offering huge flexibility when it comes to realizing a digital system, as they
can be programmed for one task and later be reprogrammed to serve a different one. [11]
Their main players are LUTs, which are a type of programmable logic that can implement
different logic functions based on the number of inputs. These LUTs are interconnected
with each other with flip-flops and other digital circuits that allow the FPGA to restructure
itself. The great advantage of FPGAs is that they offer great throughput thanks to this
technology. The downside of using one is that they are usually the most expensive in the
list, and become tedious to program, as they must be programmed with an HDL (Verilog,
VHDL, SystemVerilog).

3.8.4 Processor Comparison and Selection

The following table summarizes the main advantages and disadvantages of using each
different processor based on the scope of the project.

Table 3.8.1 - Processor Technology Comparison

Specification SoC MCU FPGA
Processing Power High Moderate-Low High
Throughput High Low Very High
Programming Difficult Moderate Very Difficult
Project Fit Moderate Very good Low

Price Moderate Low High

After analyzing our options, we will be implementing an MCU in our design. We think
that, despite being behind in terms of computational power when compared to an FPGA or
a SoC, an MCU will give us enough power to achieve our goals. There are many options
available, which will be narrowed down and discussed in future sections, but we think
many should offer what we are looking for.

3.8.5 MCU Comparisons

The MCU is most likely the most crucial component on our board. It is the part that
connects everything together and coordinates them to make the project possible. The first
criteria for choosing the right MCU will be the type of chip it possesses. For this project,
DSP capabilities are one of the most important aspects as we will be processing audio
signals at high speeds. We will be using techniques such as FFTs (Fast Fourier
Transforms), FIRs, or IIRs, which require heavy computation in real time. It will also need
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to handle incoming data, as we will implement distance sensors to measure the room’s
dimensions and use a calibrated microphone to capture the natural response to build a base
case for easier equalization setting.

A second set of criteria we will need to consider are ADC and DAC capabilities. Modern
MCUs usually come with built-in converters, especially ADCs, but these may not be
suitable for work the board will go through. Therefore, depending on the MCU we choose,
we need to consider adding external modules with higher resolution to make sure that the
signal transmission is easily achievable. The most important task they will need to perform
is strongly related to converting the incoming signals captured by the microphone and
delivering the processed signal to the speakers/subwoofer.

One final, and still very important, consideration is Bluetooth integration. To make the app
possible, we will need a chip that can include Bluetooth capabilities to transmit the button
presses the user makes in the app and to display the information in real time. This will also
be needed to make the experience more comfortable for the user, as it will allow them to
play their music wirelessly.

3.8.5.1 ESP-32

The ESP-32 was probably the first choice that we thought of when we started this project.
At its very competitive price, it offers strong performance as well as ease of use and
integration with other electronic components. The S3 runs at 240 MHz, making it fast
enough for DSP and audio implementations. Some of its variants offer up to 384 KB of
ROM and up to 512 KB of SRAM. We can also increase both the storage and memory
thanks to its multiple-SPI technology; only one chip (ESP32-S3FH4R?2) offers both enough
flash memory and SRAM. [12]

What makes the ESP-32 so popular is its availability and performance in comparison to its
price: the basic ESP-32S3 sits at just $1.85 (as of October 2025, DigiKey) and offers
enough power to deliver good results. A better option in terms of storage would be the
ESP32-S3FH4R2, which costs $4.14, about $2 more than the base S3. In terms of DSP
capabilities, the chip does not possess an integrated chip or dedicated core for this, but it
does support a set of functions in the form of a library that can speed up most mathematical
operations. It also utilizes a SIMD (Single Input Multiple Data) architecture, which “allows
a single instruction to process multiple data elements simultaneously.” [13] The S3 utilizes
the Xtensa LX7 microprocessor, which “adds a series of extended instruction set in order
to improve the operation efficiency of specific Al and DSP algorithms.” [14] These
instructions can be optimized using assembly code, but the Espressif family implemented
these optimizations in their dedicated DSP library. This library contains functions,
modules, classes, and components that make DSP related work run in a more efficient and
faster manner. They provided a table [15] comparing different ESP MCUs when used for
many of the functions provided by the DSP library. If we look at the example below, we
can see many columns: for our project, we are focusing on the ESP32, ESP32S3 (the MCUs
that we are considering), and the ANSI Xtensa (the Microprocessor inside these MCU )
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columns. The ANSI Xtensa provides benchmark values (in number of total cycles) for the
different functions when not optimized, whereas ESP32 columns are for the optimized (for
speed) versions for their respective MCU. We can clearly see the advantage of the ESP32-
S3 over the traditional ESP32, but even more clearly when compared to the Xtensa column.
For an FIR filter, when optimizing the ESP32-S3 it took only 32.7% of the time it took the
non-optimized version to complete the task (See Appendix B, (2) for table). This gives us
a clear view of how we could take advantage of these optimizations to speed up our
algorithm. [15]

The constraint that we find here is that these optimizations are software-only oriented, as
the Xtensa LX7 is not purely dedicated to DSP related work. We are aware that the ESP-
32 is generally oriented to more basic projects, which could make our implementation
slower in contrast to if we were to use a more DSP-friendly MCU.

We said at the introduction to this comparison that ADC and DAC resolutions are vital to
achieve high-quality audio processing. The ESP32-S3 line offers 2 12-bit SAR ADCs and
no embedded DAC. This is a clear disadvantage that the S3 suffers from, as we are aiming
to find a chip that can deliver almost all the features that we are looking for. As for the
ADC, the 12-bit resolution would pose a possible bottleneck when converting the incoming
signals captured by the calibrated microphone because even though we could work with
that, for the purposes of our project, 16-bit would be a better choice. This would allow us
to have a better representation of the analog signal as well. Finally, we will consider using
24-bit ADCs, but this would depend on the storage availability on our MCU. Theoretically,
it should give an even better, almost desirable, representation of the signal, but the amount
of data to be stored would also increase significantly. As for the DAC, none of the S3
variants come with a built-in D/A converter, meaning we would need to get a separate one.
This would not only increase the size of our board but also may lead to more integration in
terms of software. Luckily, the ESP-32 offers 12S communication that makes this process
a lot more manageable.

A final note on the ESP32-S3 worth noticing, and most likely its big advantage over the
rest of its competitors, is that it comes with a built-in Bluetooth antenna. The main reason
we wanted to consider the ESP was because of its Bluetooth capabilities, which enabled us
to make the MCU-to-app connection a lot easier. We want to offer the user the choice of
connecting to the system from the comfort of their seat, so Bluetooth is a must for this
reason. For similar reasons as DAC, we would not need to worry about adding external
modules that would potentially increase the size of our board.

3.8.5.2 STM32H7xG

The second choice on our list of MCUs is the STM32H7xG family. A more DSP-related
MCU, the STM32H7 comes with an ARM Cortex -M7 which offers a double-precision
FPU processor that makes mathematical functions run a lot faster than a fixed-point

processor (like the ESP32-S3) or even a single-precision FPU. It runs at a maximum clock
frequency of 550 MHz (more than twice the speed of the ESP32-S3) and offers 1 MB of
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flash memory and a total of 564 KB of SRAM. The microcontroller also offers different
mathematical accelerators like CORDIC or FMAC, which aim to optimize several
mathematical functions like trigonometric functions for a faster DSP application. [16]

This MCU comes at a less affordable price than the ESP32-S3 at a minimum of $12.35 and
can go up to $14.6 (as of October 2025, DigiKey) but offers much more performance. The
tradeoff between the different variants comes down to the number of I/O ports which we
are not worried about. Diving into the DSP side of the matter, the STM32H7 offers two
hardware units that are designed to accelerate mathematical operations such as sine, cosine,
arctan, vector multiplication, etc.. CORDIC and FMAC. The first one stands for
Coordinated Rotation Digital Computer and uses a “successive approximation algorithm
designed for efficiently computing trigonometric, hyperbolic, and logarithmic functions.”
[17] The main advantage of CORDIC is that it is implemented as a coprocessor that can
run in parallel to the main CPU, alleviating the workload of the latter. It was designed on
a fixed-point unit architecture, which means it can run at a faster rate than a floating-point
unit, but with less flexibility. The second accelerator is the FMAC which stands for Filter
Mathematical Accelerator which “performs arithmetic operations on vectors”. [16] The
FMAC is very useful when it comes to DSP because it can allow us to implement IIR or
FIR filters and run them in parallel to the main core, speeding up the process of our
algorithm. [18] Turning to the software side, ARM-based microprocessors inherit a library
of functions called CMSIS DSP that implements common signal processing functions [19]
that could be used to build our algorithm. However, for the STM32, we will mainly focus
on exploiting hardware accelerators.

Finally, if we were to choose the STM32H7 as our MCU, we would need to consider adding
a separate module to provide Bluetooth connectivity, as it does not come with built-in BT
or Wi-Fi modules. We have been looking for modules to integrate with the STM32H7 and,
thankfully, STM has many options to make this possible; however, this will be further
discussed in a different chapter.

3.8.5.3 NXP i.MX RT1170

Our final consideration for our MCU is the RT1170 from NXP Semiconductors. This is
the best DSP suited MCU of all our options, as it possesses an ARM Cortex -M7 as its
main processor running at a stunning 1 GHz and an ARM Cortex -M4 as a secondary co-
processor running at 400 MHz The MCU also comes with a total of 2 MB on-chip RAM,
which should be more than enough memory for our purposes, but can still be extended.
[20] This MCU is less available than the ESP32 or the STM32 and is selling for $25.82
(111 In-Stock pieces as of October 2025, in DigiKey), making it the most expensive out of
the three.

Having the ARM Cortex -M7 means that it shares the same advantages as the STM32H7,
but the .MX MCU does not come with CORDIC of FMAC on board, meaning that any
sort of optimization for DSP workload would be directly tied to software, specifically the
CMSIS-DSP library dedicated for ARM processors. But the advantage of this MCU is that
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we could leave the heavier tasks to the -M7 processor and let the -M4 processor handle
everything else. The RT1170 comes with two 12-bit ADC and one 12-bit DAC, so adding
external converters should be a consideration if we choose this MCU.

In terms of Bluetooth capabilities, the RT1170 stands on the same side as the STM32H7:
an external module would be required to achieve wireless connectivity.

3.8.5.4 ESP32-S3-WROOM-1U-N16R8

As a part of the ESP32-S3 family, this model contains features that will help make this
project successful. Since it shares the same processor as the standard version of the ESP32-
S3 it has the same max frequency. Since it follows the same trend as the ESP32-S3 series
it does include the same environment for DSP integration as the standard version as well.
However, regarding the different versions of the ESP32-S3-WROOM-1U models the
reason why we chose this specific model was because it provided the most ROM, Flash
memory, and SRAM. These values are 384 KB, 16 MB, and 8 MB respectively. In addition,
this specific model does include a 2 x 12-bit ADC which supplements the microphone
usage we will need for acoustic measurement. Finally, unlike the standard ESP32-S3, it
meets the minimum pitch spacing requirement needed to solder efficiently.

3.8.6 Summary & Selection

The following table summarizes the different MCUs we have described in detail in the
previous sections.

Table 3.8.2 - MCU Comparison Summary

Category ESP32-S3 | STM32H735ZGT6 i.MX NXP ESP32-S3-
RT1170 WROOM-
1U-N16R8
Processor Tensilica Arm Cortex - M7 | Arm Cortex - M7, Tensilica
Xtensa LX7 Arm Cortex -M4 | Xtensa LX7
Frequency 240 MHz 550 MHz 1 GHz, 400 MHz 240 MHz
(max)
Bluetooth, Yes No (Module Req.) | No (Module Req.) | No (Module
non-BLE Req.)
DSP ESP-DSP | CORDIC, FMAC, CMSIS library ESP-DSP
Library CMSIS library Library
ADC 2x 12-bit | 2x 16-bit, 1 x 12- 2 x 12-bit 2 x 12-bit
bit
DAC No 2 x 12-bit 1 x 12-bit No
Programming C/C++, C/C++ C/C++ C/C++,
Assembly Assembly
Price $1.85- $12.35-14.60 $25.82 $6.00 - 6.56
4.14
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After careful consideration, we decided that the ESP32-S3-WROOM-1U-N16R8 would be
the best option moving forward for our MCU. Although it doesn’t contain the necessary
Bluetooth standard we need, as well as a DAC, these peripherals can be easily implemented
to our board, furthermore, the DSP library is sufficient to the create algorithm needed for
equalization. Although not a deciding factor, its 6.56 price tag makes it the second cheapest
option.

3.9 Phone Communication with MCU

Our system has two means of communication with the mobile app, Bluetooth and USB
connection. The idea behind this is to give users the freedom of choice to play music in the
two most popular connection modalities. Bluetooth modality gives users freedom to play
music from a distance while keeping their phone nearby. The USB connection allows users
to play higher quality music, such as lossless audio. The USB connection also provides a
backup option in the case that the Bluetooth connection fails, since USB connection is
hardwired.

3.9.1 Communication Technologies

There are multiple ways we can communicate with the MCU from our mobile app. Of these
choices the main three that stand out are Wi-Fi, Bluetooth, and a hardwired connection.
The hardwired connection is something the group has unanimously agreed upon as it offers
a fast and reliable connection to the system, furthermore, the hardwired connections allow
for lossless audio to be sent to the system, the highest quality audio available for music
streaming. The real investigation is between a Wi-Fi connection and a Bluetooth
connection.

The foundation of Wi-Fi technologies lies in the domain of radio frequency (RF) signals.
With RF signals, two or more devices can connect to the same internet and share
information with each other wirelessly. The benefits of Wi-Fi compared to Bluetooth are
the data transfer rate, as Wi-Fi has a large bandwidth, range, compatibility with other
devices connected to the internet, and security [21]. The challenging part of utilizing Wi-
Fi would be finding a way to get the MCU connected to Wi-Fi. The ESP32 would be a
great option to implement this function as it already has Wi-Fi capabilities, however, since
we have chosen the STM for our design, an external module would be required, this ends
up being the downside to choosing Wi-Fi. Furthermore, even after setting up a Wi-Fi
module, we would need to find a way to connect the device to the internet without using
Bluetooth.

Bluetooth is another RF technology that is widely used in many devices today. Audio has
a huge role in Bluetooth, as many audio devices already use Bluetooth to play a user’s
music. The benefits of this over WiFi are the ease of implementation, power consumption,
and compatibility with our specific project [22], as Bluetooth offers a direct connection,
whereas on Wi-Fi, the devices must communicate through an access point [22]. The ease
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of implementation comes from the idea that the system can have a button on it to set it to
pair mode, and we would not find a way to connect the device to anything other than a
phone. Again, the ESP32 would make this easy to implement as it has a Bluetooth module
on the chip, however, we can settle for an external module as the MCU can communicate
to 1t.

Table 3.9.1 - Bluetooth vs Wi-Fi Comparison

Specification Bluetooth Wi-Fi
Range - +
Data Transfer Rate - +
Power Consumption + -
Ease of Implementation + -
Security - +
Connection Direct Indirect

Although Wi-Fi seems like a better choice in terms of range, data transfer rate, and security,
Bluetooth is the option we are going with because of the ease of implementation and power
consumption. Bluetooth is also more than capable of meeting our transfer rate goals as it’s
already used widely in audio applications.

3.9.2 Bluetooth Connection

3.9.2.1 Technology Comparison

Expanding on the topic of Bluetooth, started in the previous section, a few key parts must
be understood. The first part is that Bluetooth sends data over the frequency band from 2.4
GHz to 2.4835 GHz [22]. The second is that there are two types of Bluetooth, Bluetooth
Low Energy (BLE) and Classic Bluetooth [Source]. These two types must be compared to
determine our part. Another part that must be understood is that Bluetooth utilizes
frequency hopping [23]. The final part is that Bluetooth data is sent in packets [23].

By using the 2.4 GHz to 2.4835 GHz range, Bluetooth is susceptible to interference as
many other wireless electronics work on this frequency band, such as Wi-Fi [23]. This
means that precautions must be taken to ensure that the interference is minimized. This is
achieved naturally in the communication protocol with frequency hopping [23]. Frequency
hopping is the process of switching the communication frequency used pseudo randomly.
This switch is driven by the master device in the connection, the user’s phone in our system,
and happens in between the transmission and reception of packets.

Packets in Bluetooth are groups of data that are sent with each other. The Packet contents

and size vary by Bluetooth technology and transmission goal. These packets can be used
to connect two devices or send data back and forth to devices that are already connected.
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The differences between BLE and Classic Bluetooth lie in the channel scheme, power
consumption, latency, and data transfer; Classic Bluetooth also has two different types,
Basic Rate (BR) and Enhanced Data Rate (EDR) [24]. Channel Scheme is the least
important to our design so discussion on this topic is limited.

In BLE, the idea is to minimize power consumption and latency, while using less
communication channels and decreasing data transfer rates. BLE also reserves three
channels for discovery allowing for easier connectivity. To minimize output power, BLE
utilizes a low output power of 10mW to transmit data and is sent into an idle state when
transmission is not required [24]. In terms of latency, BLE only needs about 3ms to be
ready to send data packets. Where it falls short is the data transfer rate at about 0.27 Mbps
[24], far too small for audio applications.

Classic Bluetooth has the opposite tradeoffs. This form sacrifices latency and power
consumption for more communication channels and higher data transfer rates. The latency
of such devices is about 200ms total between when we know the data needs to be
transferred to the reception of the data and the power required to transmit data is about
100mW, with no idle states [24]. However, Bluetooth BR and EDR support data transfer
rates up to 0.7 Mbps and 2.1 Mbps, respectively [24]. This means that EDR can transmit
audio signals.

A newer Bluetooth technology, Bluetooth 5, aims to meet the needs of many different
designers and merge the benefits of both BLE and Classic Bluetooth. Bluetooth 5 is a
technology that incorporates the low power benefit from BLE while allowing designers to
cater to the technology to range or speed [24]. In terms of our design, we are more worried
about the data transfer rate and Bluetooth 5 can achieve data transfer rates of up to 2 Mbps,
keeping up with Bluetooth EDR [24]. This technology is also more energy efficient than
Classic Bluetooth as it builds on BLE. The latency of this technology is at worst 40 ms and
20 ms under ideal conditions [25].

Table 3.9.2 - Bluetooth Technology Comparison

Specification Bluetooth BR Bluetooth BLE Bluetooth 5
EDR
Connectivity - - + +
Power - - + +
Latency - - ++ +
Data Transfer - + - +
Rate

After reviewing the different Bluetooth technologies, it is apparent that Bluetooth 5 is
going to be our best option, but Bluetooth EDR can also be used since we are not worried
about latency, because our device is designed to play music and not audio for a home

48



theater, and power requirements as we will be connecting to a wall outlet. Since Bluetooth
5 is better in all categories compared to Bluetooth EDR, Bluetooth 5 will be the focus,
however, if a Bluetooth EDR module is better suited for our design, we will not pass on
the opportunity to use the technology. Furthermore, the Bluetooth module we choose must
have advanced audio distribution profile (A2DP), aptX, or Advanced Audio Coding (AAC)
to be able to stream music to the system [26].

3.9.2.2 Component Comparison

The STM32H735xG that we selected as our MCU does not include a Bluetooth module on
the chip, as a result, an external module must be chosen to be placed on the PCB. There is
an abundance of such modules made by various companies that are readily available for
order on DigiKey. The modules we have chosen to investigate are the BM83 by Microchip,
BM64 by Microchip, and FSC-BT1026D by Feasycom. The latter two were found using
ChatGPT to research Bluetooth modules with audio capabilities without Al was extensive
with little to no results.

3.9.2.2.1 BM83

The BMS3 is a Bluetooth module, qualified to Bluetooth v5.0, specifically designed for
audio applications. This module features noise reduction and echo cancellation built in.
Additionally, the device uses I2C or I12S to transmit the audio signal from the phone to the
MCU and UART to allow the MCU to control the device. The specifications of the module
are as follows, up to +11 dBm transmission power, -90 dBm receiver sensitivity for 2 Mbps
EDR transfer, and an integrated antenna.

3.9.2.2.2 BM64

The BM64 is another Bluetooth module specifically designed for multi-speaker audio
applications. The module is qualified to the Bluetooth v5.0 specification and supports
A2DP. The device features noise suppression as well as echo cancellation. To
communicate with the MCU the BM64 uses UART and to transmit the audio signal 12C or
12S is used. Additionally, the device can be configured with a Windows GUI or by the
MCU. The specifications for the device are up to 15 dBm typical transmit power, up to -
90 dBm receiver sensitivity for 2 Mbps EDR data transfer rate, and an integrated antenna.
It is apparent that the BM64 and BM83 are very similar parts.

3.9.2.2.3 FSC-BT1026D

The FSC-BT1026 is the final Bluetooth module that we investigated for our design. This
device, unlike the previous two discussed, meets the Bluetooth 5.1 specification and is an
extremely powerful module as it can support speakers on its own. Instead of using the
A2DP protocol for audio handling the FSC-BT1026 uses the aptX technology, which offers
higher quality audio streaming. This aptX is handled by a Qualcomm audio DSP. The
module is capable of up to +9 dBm transmission power, -100 dB BLE receiver sensitivity,
3 Mbps transfer rates, and an integrated antenna. The device communicates using UART,
12C, SPI, and USB 2.0. There are far more features for this module that are going
untouched.
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3.9.2.2.4 Comparison
Table 3.9.3 — Bluetooth Module Comparison

Specification BMS83 BMo64 FSC-BT1026
Transmission +11 +15 +9
Power (dBm)
Receiver Sensitivity -90 -90 -100
(dBm)
Transfer Rate 2 2 3
(Mbps)
Antenna PCB PCB PCB or External
Capabilities Supports our design | Supports our design | Extremely overkill
Price $12.20 $18.13 $14.46

3.9.2.2.5 Summary

While the FSC-BT1026 looks like the best option in the comparison, the features not
discussed are extensive and we do not need most of them. For that reason, the BM64 is
going to be used in our design.

3.9.3 USB Connection

To achieve a hardwired connection, to a phone, we must consider a USB connection as
most modern phones are equipped with USB-C ports for charging and data transfer, rather
than the auxiliary cables of the past. This kind of connection is already common in audio
systems like Apple CarPlay, so it is only natural to consider this as a viable option for our
project. Even most smartphones of the past, that are not equipped with USB-C, are able to
transfer data through the charging port which has a standard USB-A connection on the
opposite end of the cable. The main point of consideration for the USB interface is the data
transfer rate, as to be able to transmit lossless audio the data transfer rate of lossless audio
is 1411 kbps or more [27]. Below we will discuss various options for the USB connection.

The USB-A was the only connection type considered because of its ability to implement
with many different phone connections, like apple’s lightning port, android phone’s USB-
B connections, and the modern USB-C ports. A USB-C port would also be capable of
supporting our system’s needs, however, to provide the maximum number of users with
the ability to hardwire to the device, the USB-A port is the best option.

The USB standard is the most important consideration in choosing a specific connection,

as the standard used dictates the connectors data transfer rate. However, after further
research, every USB standard from 1.1 and on can transfer data at a sufficient rate [29].
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Table 3.9.34 - USB Technology Comparison

Standard

Connectors Supported

Data Transfer

USB 1.1

USB-A

USB-B

12 Mbps

USB 2.0

USB-A

USB-B

USB Micro A

USB Micro B

USB Mini A

USB Mini B

USB-C

480 Mbps

USB 3.0

USB-A

USB-B

USB Micro B

USB-C

5 Gbps

USB 3.2 Gen 1

USB-A

USB-B

USB Micro B

USB-C

5 Gbps

USB 3.2 Gen 2

USB-A

USB-B

USB Micro B

USB-C

10 Gbps

USB 3.2 Gen 2x2

USB-C

20 Gbps

USB 4

USB-C

40 Gbps

USB 1.1 is not going to be considered as the transfer rate is close to the minimum for
lossless audio, whereas all other standards have much greater transfer rates when compared
to the minimum for lossless audio. Furthermore, USB 3.2 Gen 2x2 and USB 4 are not going
to be considered as the connector requires USB-C [29]. This leaves USB 2.0, USB 3.0,

[28][29]

USB 3.2 Gen 1, and USB 3.2 Gen 2 to be used.

Any part that matches the standards discussed above can be used for our system, so these
parameters were selected in the filters on DigiKey along with horizontal mounting, as the
plan is to have the USB port come out one of the sides of the system. The “Exclude Tariffed
Products” option was also selected to avoid any additional cost to the group. The selected
part for our design was the 87520-0010BLF. This part meets the USB 2.0 standard, has 4

contacts and is rated for 1500 mating cycles.
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3.10 DAC/ADC vs CODEC

Data conversion is one of the focuses on this project, as the main input to our system will
be audio signals that will go through a processing phase done through software, and will
then be converted back to analog signals. With this in mind, we considered that having
high-resolution converters (both A/D and D/A) is crucial to deliver the user a satisfactory
and pleasant sound. One of the constraints that we faced when selecting the MCU was that
many of the options that we took into consideration did not come with high-resolution
DACs. Even though the ADCs are not as high as we could have, many microcontrollers
implement them using 16-bit resolution which is good enough to deliver good audio
quality, but we want to aim for better experience. This is why we decided to add external
modules that would help achieve this. When researching different options. We encountered
two scenarios: we could either add an external DAC module to meet the 16-bit standard of
the built-in ADCs, or we could add a CODEC module to bypass both the ADC and DAC
that come with the MCU. The focus of this section is to discuss the advantages and
disadvantages of choosing between these two options.

3.10.1 16-bit vs 24-bit Resolution
Before jumping into any conclusion, we first want to go over the differences between these
two types of resolution. When converting an analog signal to a digital representation, the
number of ways in which data can be represented greatly impacts the resulting digital
interpretation. When sampling an analog signal, the resolution of the converter determines
how much of that signal we can extract to represent it in a digital manner. The more of
these “interpretations” we have, the better the original signal will be conserved. In a 16-bit
resolution system, we can represent the analog signal in 2!° = 65,536 different ways. In the
audio industry, this is usually referred to as “CD quality” and marks the minimum
resolution required to interpret the original signal with minimum to no data loss. On the
other hand, with a 24-bit resolution we can interpret the same signal in 16,777,216 different
values; this clearly shows the advantage of using 24 bits versus using 16. This resolution

is known as “Studio quality” because many will choose this resolution to record their
music. [SOUNDGUYS]

3.10.1.1 Advantages and Disadvantages of 24-bit Resolution
Advantages:

e Better audio quality
e Better dynamic range (144dB vs 96dB)
e Less signal loss
Disadvantages:
e Files take 50% more size

e Required space and cost increase
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3.10.1.2 Advantages and Disadvantages of 16-bit Resolution
Advantages:

e Good enough for most listening environments
e Smaller file sizes

Disadvantages:

e May introduce noise
e Less signal representation

On paper, 24-bit resolution seems to win over 16-bit, but the decision between these two
comes down to the target audience intended with this project. While the advantages are
clear, it is also worth mentioning that not many people distinguish the difference between
these two resolutions. We also must consider the hardware limitations we face; utilizing an
MCU means that we have limited storage and memory size. We plan on expanding the
memory capacity with an external memory module that will be later discussed.
Nevertheless, as stated before, using 24-bit resolution would increase the need for storage
by 50%, which we cannot afford due to the constraints mentioned above. At the same time,
most people cannot identify the difference between a 16-bit and a 24-bit audio file; only a
very well-trained ear can notice it, which takes years in most cases. Finally, 24-bit
resolution is usually implemented when recording audio, and, for the purposes of our
project, we do not intend to do this. So, even though we will not limit our research to 16-
bit converters, our system will not be using more than that.

3.10.2 CODEC

A CODEC is a hardware device, usually in the form of a microprocessor, that is used to
compress and decompress data by implementing both analog to digital (ADC) and digital
to analog (DAC) converters. In the case of audio, a CODEC is used to convert the analog
audio signal into its digital representation and then decompressed back to be played in a
sound system. In the case of our project, the CODEC would be used to override both the
ADC and DAC converters from our MCU. However, adding an audio CODEC module to
our system would increase the size of the board, as well as the wiring/routing. At the same
time, most of these devices implement the same number of ADCs as DACs. This is not a
problem, but our only analog input will be the calibrated microphone, meaning that adding
extra ADCs would be pointless.

3.10.3 DAC
Adding a single Digital to Analog Converter would simplify our design, as we would only
need to worry about connecting it to our MCU, in both hardware and software ways. In
terms of space, it varies depending on the number of channels the DAC implements, but in
most cases, they are significantly smaller than CODECs, so placing and routing them
would not pose a big issue. By adding a DAC, we are limiting our reach to modules that
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implement up to 16-bit resolution; however, as stated in section 3.10.1, we do not plan on
going above this resolution.

3.10.4 Summary & Conclusion

After we decided to not push our final resolution to 24-bit, and considering the capabilities
of the built-in ADC in our MCU, the best choice we can make is to add a DAC module and
not a CODEC. We realized that implementing the latter would require more routing, space,
and programming; due to the time constraints of our project, getting an external DAC is a
better choice as it fits our needs and capabilities. In the following section, we will go
through a list of candidates for the DAC that will go on our board and choose the one that
best accommodates the project’s vision.

3.10.5 DAC Module Comparison and Selection

The choice for the DAC depends on many factors. The two most important specifications
we will take into consideration are bit resolution and the number of channels. The first one,
as was previously stated, will ideally be between 16 and 24 bits. Even though we prefer
16-bit resolution for better file space handling, we will not turn down the possibility of
using a 24-bit, as it can still be used as a 16-bit. The downside to this decision is that we
would be paying for something that we would not be using. The second aspect of the DAC
is the number of channels it implements. This is of high importance, as our system will
need to drive sound to three different speakers; so, a multi-channel (preferably more than
4) DAC will be selected. We also do not want to choose the module with the highest
number of channels because, in a similar way to using 24-bit resolution, we would be
spending money on channels that will be left unused. Other factors, such as SNR or THD,
are still important, but due to the advanced technology that is used to design these modules,
we do not need to worry about these factors so much. The following table summarizes our
candidates for the DAC.

Table 3.10.1 - DAC Module Part Comparison

Specification | DAC8555IPW AD1934R\IYBSTZ_ ADSE%AE?%MZ- DAC8574IPW
Resolution
(bits) 16 24 16 16
Channels 4 8 4 4
SNR (dB) 95 108 N/A 94
THD (dB) -85 -94 -80 -65
Max.
operating 50 M 27.6 M 50 M 3.4 M
Frequency
(Hz)
Interface SPI, DSP SPI, 12S SPI, DSP 12C
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) 33.66 (6.6 x 15.965 (3.10 x 33.66 (6.6 x
Area (mm©) 5.1) 84.64 (9.2 x9.2) 5.15) 5.1)
Stock Low (~500) High (> 2,500) Low (~800) Low (~300)
Price ($) 15.18 11.42 17.72 23.03

After analyzing the options above, we think the best DAC for our system will be the
AD1934WBSTZ-RL. Even though we do not plan to extend our resolution to 24-bit, the
module provides an option to scale it down to 16-bit, so the remaining 8 bits would be left
unused. The number of channels we need for our system follows a similar idea, since we
would only be using 3 of the 8 channels the DAC provides.

3.11 Power Supply Unit (PSU)
3.11.1 PSU Requirements

When considering our PSU requirements, we must abide by the guidance given in the data
sheets of our selected components. This information is organized on the table below to give
a quick understanding of the power requirements for each component and the system.

Table 3.11.1 - Power Requirements

Component Voltage Current Power
Consumption

MCU 4V 620 mA 2.5W

Mids/Highs 26V 4.7A 122.2W

Amplifier (x2)
Subwoofer 36V 8.5A 306W
Amplifier
Bluetooth Module 3.2V -4.2V 59 mA 247.8 mW

LiDAR (x2) 4.3V -52V 50 mA 215mW - 260mW

Microphone 15V - 48V 4 mA 60mW — 192mW
DAC 3.6V 169 mA 608.4mW
Total N/A N/A 554.21W

As seen in the table above, our system requires 554.21W to support the design. With this
we will need to find a power supply that meets this level and then some to offer ample
headroom. The goal of this project is to have the system powered by a wall outlet, so the
focus of options meets this goal.

3.11.2 Power Supply Options

There are only a few power supply options available that fit our budget, and they are all
from Mean Well USA Inc. The PSUs are the LRS-600-48, LRS-600N2-36, LAD-600C,
and LAD-600CU, with price tags of $59.90, $64, $77.90, $89.30. The LAD units share the
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same data sheet; the only difference is the CU option has UART capabilities for monitoring
the system.

The LRS-600-48 unit can withstand 300VAC surges for 5 seconds, has short circuits,
overload, overvoltage, and over temperature protection. The unit is also capable of
operating up to 65C and has a built-in fan. The output of this unit is 48V and 12.5A with
929% efficiency. The LRS-600N2-36 is like this but has an output of 36V and 16.6A with
92% efficiency. The N2 model also has a 200% peak power capability, which can offer
ample headroom in the case that the instantaneous output power of the amplifiers exceeds
expectations.

The LAD models have the same protections as the previous model discussed with the
addition of battery charging and protections to pair with the added feature. The unit can
withstand the temperature range of -20C to +60C. The units can output 41.5V and 11.45A
at 91% efficiency.

Table 3.11.2 - PSU Comparison Table

LRS-600-48 LRS-600N2-36 | LAD-600C LAD-600CU
Output Voltage 48 36 41.5 41.5
™)
Output Current 12.5 16.6 11.45 11.45
(A)
Efficiency (%) 92 92 91 91
Temp Range -20 to +65 -20 to +65 -20 to +60 -20 to +60
©)
Distinguishing Fan Fan and 200% Battery UART and
Features peak power Charger Battery
capability Charger
Price $59.90 $64 $77.90 $89.30

3.11.3 Summary

The power supply we chose for our design is the LRS-600N2-36 as the 200% peak power
capability is a good feature to pair with our amplifiers and the fan will keep the unit cool
in the case operating temperatures exceed expectations. Additionally, the 36V output is
about the exact output needed for the subwoofer amplifier. Lastly, the unit is the second
cheapest option that was compared.

3.12 Technology Research and Comparison

The development of the graphical user interface (GUI) and mobile application requires
careful selection of frameworks, programming languages, and supporting tools. Multiple
options exist for building cross-platform applications, native mobile interfaces, and
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embedded system dashboards. The following subsections summarize research into the
most relevant technologies, along with a comparison of their strengths and limitations for
the automated sound system project.

3.12.1 Cross-Platform Frameworks
Cross-platform frameworks enable a single codebase to be deployed across both Android
and 10S operating systems, reducing development effort while ensuring consistency in
design and functionality.

e Flutter (Google) Flutter uses the Dart programming language and compiles native
code for both 10S and Android. It offers a widget-based UI system, high rendering
performance, and native-like responsiveness. Flutter also provides strong support
for data visualization, making it suitable for rendering EQ plots, sliders, and live
system feedback [31].

e React Native (Meta) React Native employs JavaScript/TypeScript and integrates
with native APIs to deliver platform-specific features. It benefits from a large open-
source ecosystem and strong community support. However, it may suffer from
performance limitations in graphically intensive applications compared to Flutter
[32].

e Xamarin (Microsoft) Xamarin uses C# and the .NET framework to build cross-
platform applications. While it provides deep integration with Microsoft tools, it
has a steeper learning curve and fewer community-driven libraries for advanced
data visualization.

For the automated sound system, Flutter presents the most balanced option due to its strong
support for graphics, responsive performance, and active development ecosystem.

3.12.2 Native Mobile Development
Native development offers direct access to platform-specific APIs and maximum
performance.

e Android (Java/Kotlin) Android Studio supports development in Java and Kotlin,
providing direct access to device hardware, Bluetooth, and Wi-Fi APIs. Native
Android offers high performance but requires a separate codebase from 10S.

e 10S (Swift) Xcode with Swift provides native integration for iPhones and iPads.
Swift is optimized for performance and security but, like Android development,
requires maintaining a distinct codebase.

Although native development yields performance advantages, the requirement to maintain

two independent applications increases development time and complexity, which is
impractical within senior design constraints.
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3.12.3 GUI Libraries and Design Standards

To ensure consistency and usability, the GUI follows established design guidelines and
leverages for proven component libraries.

e Material Design (Google) — Provides a standardized UI/UX framework with
responsive design principles, accessibility features, and customizable components
[33].

e Cupertino (Apple) - Mimics native iOS design aesthetics for seamless integration
on Apple devices.

e (Custom Components - For unique visualizations such as EQ frequency plots,
custom graphics libraries such as Charts in Flutter or D3.js in React Native can be
integrated.

For this project, Material Design is prioritized to ensure platform consistency and minimize
training requirements.

3.12.4 Backend Integration Strategies
The GUI and mobile application must communicate with the embedded system in real time.
Several communication strategies were evaluated:

e REST APIs - Widely adopted, stateless communication method over HTTP(S).
Best for configuration commands and historical data requests.

e WebSockets - Enables persistent bi-directional connections, reducing latency for
continuous updates (e.g., real-time EQ feedback).

e MQTT (Message Queuing Telemetry Transport) - A lightweight publish-subscribe
protocol optimized for [oT applications with low bandwidth [34].

WebSockets are selected as the primary strategy for low-latency communication,
supplemented by REST APIs for configuration tasks.

3.12.5 Security Considerations
Mobile application security is essential for preventing unauthorized access and protecting
system data. The following standards and best practices are applied:

e OAuth 2.0 Authentication - For secure user access and role-based permissions [35].

e TLS Encryption - Ensures that all wireless communication is encrypted.

e Secure Storage APIs - Sensitive data such as user profiles and presets are stored
using platform-secure keychains or encrypted local storage [36].

3.12.6 Testing Tools

Testing ensures that the GUI and mobile application function correctly across devices and
operating systems.
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e Appium - Open-source framework for automated testing across iOS and Android.

e Espresso (Google) - Android-specific testing framework with strong integration in
Android Studio.

e XCTest (Apple) - Native testing framework for 10OS applications.

Given the cross-platform choice of Flutter, Appium is selected as the primary testing tool
to ensure comprehensive automated Ul validation.

3.12.7 Technology Comparison

A comparative summary of the most relevant technologies is shown in Table 3.2.1.

Table 3.12.1 - Comparison of GUI & Mobile App Development Technologies

Category Flutter React Native Native Xamarin
(Android/iOS)

Language Dart JavaScript/TypeScript | Kotlin/ Swift | C#/.NET
Performance | High (native | Moderate (JS bridge) Maximum Moderate
compiled) (native)

Cross- Yes Yes No Yes
Platform
Libraries & Strong Large open-source Platform- Limited
Ecosystem | visualization support specific only
support
Development Single Single codebase Dual codebase Single
Effort codebase required codebase
Best Use Data Social & general- High- Enterprise
Case visualization, purpose performance | integration
IoT apps apps
Project Fit Excellent Moderate Poor (time Low
constraints) (limited
support)

3.12.8 Summary

Based on the evaluation, Flutter is selected as the primary framework for developing the
GUI and mobile application. Its widget-based rendering engine allows for responsive and
visually rich interfaces, which are essential for representing EQ graphs and real-time
system monitoring. The combination of Flutter with Material Design guidelines,
WebSocket-based communication, and Appium testing ensures that the application will
meet project goals for usability, performance, and security while remaining feasible within
project constraints.
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3.13 Test Signal

Our algorithm will depend on the signal captured by our calibrated microphone, which will
be produced after a test signal is played through the speakers. Each type has different
characteristics, which is going to affect how the logic behind the algorithm is built. The
signals that we considered for this project are the following:

e White Noise
e Pink Noise
e Sine Sweep (logarithmic vs linear)

The test parameters for all signals are going to be the same. That is, the duration of the
signal will be 10 seconds (reduces memory/storage complexity while still giving us
sufficient time to analyze the response), the frequency range is going to be 20 Hz — 20 kHz
(human hearing spectrum), and the sampling frequency will be 44.1 kHz. In the following
sections we will compare the possible test signals.

3.13.1 White Noise

White Noise is characterized by distributing the same amount of energy at each frequency
level. This means that, when white noise is played, it will be able to reproduce all
frequencies in the range with the same intensity. [37] It is known for being a simple test
signal, because it does not involve sweeping through the spectrum over time or changing
the energy at any level. The advantage of this signal is that the analysis turns out to be
simpler than others because of its linear characteristics. However, the problem with having
all the frequencies play at the same time is that we do not have a direct way to identify how
much of the sound belongs to the signal and how much to noise. This makes the spectral
analysis a bit more difficult, since we would have to implement other methods to predict
how much noise is present and how to minimize it.

3.13.2 Pink Noise

Like White Noise, Pink Noise is characterized by injecting more energy into the lower
frequency bands. As opposed to White Noise which distributes equal energy across each
frequency, Pink Noise distributes equal amounts of energy over octaves (interval between
frequencies), making it look as if the lower frequencies have more energy than the higher
ones. [38] This is usually referred to as a logarithmic approach to White Noise, which is a
linear approach.

3.13.3 Sine Sweep (Log vs Linear)

The third and last way we could test our system is with a sinusoidal sweep. This sample
differs from the previous two because it reproduces all the frequencies in a frequency range
one by one over a specific amount of time. This means that, the longer the sample, the
slower the sweep will be and vice versa. Sine sweeps are usually preferred in a professional
setting because they give a clear, less noisy representation of all the frequency levels. There
are two types of sweeps: logarithmic and linear. These two methods are derived from White
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and Pink noise, since their characteristics are similar. A sweep allows the signal to produce
each frequency with more energy, as it does not need to be distributed over all the
frequencies at once, giving it an advantage over White or Pink noise. [39]

Chapter 4 — Standards and Design Constraints

4.1 Design Standards
4.1.1 Bluetooth Standard

Bluetooth has become a standard since its introduction in hopes of replacing the RS-232
standard at the time for serial cables. Bluetooth was a low power consumption remedy for
wirelessly connecting devices in short range of one another. Since its inception with
Bluetooth 1.0 we have now evolved into Bluetooth 6.0. With each iteration being
introduced, they tend to focus on security updates, effort into updating the CODEC and
ultra-wideband technology, and faster speeds.

4.1.1.1 Bluetooth 1.0

As mentioned before Bluetooth 1.0, which was released in 1999, and was the answer to
the, even outdated at the time, RS-232 serial cable standard. Bluetooth 1.0 allowed
peripherals to connect wirelessly to devices, all while being lower power. [40]

4.1.1.2 Bluetooth 2.0-2.1

In 2004 Bluetooth 2004 was released featuring an enhanced data rate or EDR. It allowed
the speed of Bluetooth to climb up to 3 Mbps, which allowed things like wireless audio.
This update also brought along the ability to connect to multiple devices at once. Another
area of improvement was the longer range of transmission of 30m, which was three times
more than its predecessor. With Bluetooth 2.1 a new connection method known as secure
simple pairing, or (SSP), was implemented. [40]

4.1.1.3 Bluetooth 3.0

Arriving in 2009 Bluetooth 3.0 established a significant boost in performance speed due to
an optional feature known as High-Speed. This allowed transfer rates to reach speeds of 24
Mbps, however the data transfer in these cases took place over Wi-Fi instead of Bluetooth.
This was a potential issue because it required the devices to have Wi-Fi capabilities.
Because of this, this iteration of Bluetooth was never widely adopted. [40]

4.1.1.4 Bluetooth 4.0 — 4.2

The main attraction for Bluetooth 4.0 was that it implemented Bluetooth low energy or
BLE. This accommodated for devices with bursty data, while Bluetooth 4.2 built upon
improving security and privacy with smart homes in mind. [40]

4.1.1.5 Bluetooth 5-5.4

Released in 2016, Bluetooth 5.0 allowed BLE links to be twice as fast as the previous
iteration, going up to 2 Mbps. In addition, this standard led to the ability to sacrifice speed
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for increase in range between devices. With Bluetooth 5.1 in 2019, the introduction of
direction finding, allowed precise tracking. In 2019 with Bluetooth 5.2 and the LE Audio
standard, we saw the integration of a new low complexity communication CODEC, which
allows for superior audio quality. With Bluetooth 5.2 the standard also introduced audio
broadcasting. Bluetooth 5.3 and 5.4 were released in 2021 and 2023 respectively and
ensured stability and connection enhancements. With Bluetooth 5.4 there was the coming
of periodic advertising with responses which allowed a Bluetooth beacon to broadcast
messages to as many as 7,000 devices at one time. [40]

4.1.1.6 Bluetooth 6.0

The new standard of Bluetooth 6.0 sees the introduction of Bluetooth channel sounding
which allows a device to accurately measure the distance between two users. This is done
by round trip time, or RTT, and phase-based ranging, or PBR, for the accuracy of the
distance measurement. [40]

4.1.2 USB Standards

USB or Universal Serial Bus is an industry standard developed by USB Implementers
Forum (USB-IF) and has been used as a method of sending and receiving data between
two linked devices, and in addition can be used to distribute power. Through the life of the
USB, there have been many addendums to the standard, as there have been seven iterations
of the standard, not including the variety of ports the USB has seen implemented into their
technology.

4.1.2.1 USB 1.0

The first of the USB standard came in 1996 and was introduced to replace parallel ports,
PS/2 connectors, and SCSI connectors, among many others rivaling connection methods
that were prevalent at the time, it came with data transfer rates of up to 1.5 Mbps at low
speed, and 12 Mbps at full speed. It is also worth noting that USB 1.0 offered hot-swapping
and self-configuration. This standard used type-a and type-b ports. [41]

4.1.2.2 USB 1.1

The next iteration of the USB standard came in 1998 and has also been known as the “Full
Speed USB” and was created due to issues regarding the launch of USB 1.0. In USB 1.0,
1.1, and 2.0 these standards use a protocol when spoken to protocol, which means they do
not communicate with the host unless the host makes a request. In terms of data transfer
speeds, it matched the speeds found in USB 1.0 but could also operate at slower speeds for
lower bandwidth devices. This standard used type-a and type-b ports. [42]

4.1.2.3 USB 2.0

Due to the much wider need for data transfer speeds, caused by a tech boom in the late

1990’s and into the early 2000’s, the USB 2.0 standard was created. With an upgrade of

data transfer rates of 480 Mbps, but bus limitations capping the speed at 280 Mbps it

offered a substantial upgrade to the previous 1.0 and 1.1 standards. To help build the

reputation and widespread use of USB 2.0 was given backwards capability with and would
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still operate at the previous 1.5 or 12 Mbps speed. In addition, the use of USB being used
as a power source as became a more common design and could supply up to 500 mA and
5V. Due to these changes, this iteration of the standard was named “High Speed”. [42]

4.1.2.4 USB 3.0

Released in 2008, USB again renovated their technology to support data transfer up to 5
Gbps but attained speeds closer to 3 Gbps. By doubling the four connection lines in the
USB 2.0 standard it allowed bi-directional transfer, moving it from the previous spoke
when spoken to transfer logic. Since by 2008 power transfer through USB became more of
a common practice, they also increased power transfer capabilities from the previous
500mA to 900mA but still produced 5V. In addition, USB 3.0 is still backwards compatible
with USB 2.0. [42]

4.1.2.5 USB 3.1

Like USB 3.0, USB 3.1 was released in 2013 and offered many of the same characteristics
minus the doubling of the data transfer rate up to 10 Gbps. It was given the SuperSpeed—+
moniker. [42]

4.1.2.6 USB 3.2

Arriving in 2017 USB 3.2 was established and replaced the previous 3.0 and 3.1 standards.
They added data transfer capabilities up to 20 Gbps and capitalized on what is called the
dual lane transfer channel found in USB-C connector ports. This allows for 10 Gbps in
each direction over the two wire pairs. [42]

4.1.2.7 USB 4.0

Finally in 2019, the most current USB standard arrived at 4.0. This standard sees the data
transfer rate increased again with speeds of up to 40 Gbps, while increasing the power
output maximum to roughly 240W. [42]

4.1.3 Flutter Standards

The Flutter framework, which was developed by Google, provides a complex SDK for
creating high performance, cross-platform applications using a single codebase. Flutter
projects can scale rapidly, so adhering to consistent coding and architectural standards are
critical to maintain performance, readability, and collaboration throughout a project’s
lifecycle.

4.1.3.1 Coding Style and Formatting

Flutter follows an official “Effective Dart Style Guide”, which establishes convention
standards for formatting, naming, and structuring code to encourage uniformity and clarity.
Developers should use lower CamelCase for variable names, methods, and functions.
Whereas for classes and enumerations developers should use Upper CamelCase [44]. File

and directory names are written in snake case to maintain consistency across the codebase.
[45].
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All code should be formatted automatically using the built in “dart format” tool or the
integrated IDE formatter tool committing to a repository [46]. Automated formatting
ensures that the cpde reviews focus on logic and design without any indenting or spacing
inconsistencies. Additionally, descriptive function and variable names should clearly
communicate their purposes without the need for excessive comments [47]. This standard
improves comprehension and long-term maintainability.

4.1.3.2 Folder Structure & Modularity

Developers should maintain a clear and consistent folder structure in the projects.
Maintaining these is an important aspect of Flutter development. Venkat GSVS [47]
recommends grouping related components such as screens, widgets, models, and services
into dedicated directories. This organization supports any concerns over separation. This
allows UI design, state logic, and data management to be developed independently.

Additionally, using a feature-based directory structure, such as features/login &
features/settings, allows easier scaling and revision as the project evolves. This also aligns
with Google’s internal Flutter architecture guidelines that emphasize self-contained
reusability and efficient collaboration among a team.

4.1.3.3 Architectural Patterns & Widget Management

Flutter follows a declarative model of UI with widgets and automatically refreshes the Ul
upon any change in application state with the press of "R" in the terminal. So, to keep it
simple, Google suggests models like Model-View-ViewModel (MVVM) or Business
Logic Component (BLoC) to separate application presentation from application logic [48].

Widgets should be designed to be lightweight and reusable. Complex widgets can be
broken down into smaller widgets, making it easy to read and render them faster on the
screen [47]. Developers should avoid using "StatelessWidget" for static UI elements and
use "Stateful Widgets" to implement stateful interaction. Declaring widgets as const when
their configuration is immutable further optimizes rendering and reduces unnecessary
rebuild [47].

4.1.3.4 Performance & State Management

Flutter’s real-time rendering engine requires strict performance discipline. Blocking the
main UI thread with synchronous operations can cause dropped frames. Asynchronous
programming using "Future" and "async/await" must be employed for network calls, file
I/O, or computation-heavy tasks [47]. Intensive calculations should be moved to isolates,
enabling parallel processing [49].

Another key standard is to avoid global or “hidden” application state. Venkat GSVS [47]
cautions against using singletons or global variables for data management. Instead,
structured state-management frameworks such as Provider, Riverpod, or BLoC should be
adopted to ensure predictable state flow and easier debugging.

64



4.1.3.5 Flutter Design Standards Summary

Flutter design standards guide developers toward sustainable and maintainable codebases
that meet both functional and performance requirements. By following these standards, the
team can ensure the following:

o Consistent naming, formatting, and directory conventions [44], [45], [46].

e Modular feature organization and clear separation of concerns [47].

o Widget-centric architecture using stateless and constant widgets [47].

e Responsive Ul through asynchronous operations and an optimized build process
[47], [42].

Adhering to these standards ensures a clean, efficient, and scalable Flutter application.

4.2 Design Constraints

4.2.1 Power Constraints
4.2.1.1 Power Budget and Supply Limits

For our power supply, we need to produce enough instantaneous power, roughly 600W to
supply the MCU, 2 LiDAR sensors, the DAC, and each of the speaker amplifiers. In
addition, our power supply unit must be able to deliver this power while adhering to the
3.6V, 4V, 26V, and 36V voltage rails, all while maintaining thermal stability. By
implementing a 20% — 25% safety margin, we would be providing enough headroom for
the power supply units capacity. Since we are planning on using a wall outlet as the source
of power, we would need a robust AC to DC conversion stage while still adhering to UL
and IEC safety standards for audio equipment.

4.2.1.2 Voltage Regulation and Power Distribution

By including high voltage rails such as the 26V — 36V rails, while having components that
require much smaller rails such as the MCU, and DAC which require 3.3V — 5V rails we
must limit the amount of interference or ripple between these rails. By designing a multi-
rail power distribution network, we would be able to operate at different voltage levels and
noise tolerances but still account for system efficiency. We would need to ensure we are
not creating ground loops due to the mixed-signal system, by setting star-ground points
and separating power ground and signal ground. In addition, we need to make sure high
current traces are kept short and separate from analog and digital traces.

4.2.1.3 Efficiency vs. Quality

By utilizing class D amplifiers which have built-in thermal regulation we may introduce
switching noise into the DAC lines. The efficiency of class D amplifiers comes at the cost
of signal reconstruction. In this case the constraint becomes balancing power efficiency
with total harmonic distortion, and electromagnetic interference. This type of interference
can cause hisses and harmonic distortion in quiet audio passages. By implementing a low
pass LC filter, we can remove high frequency pulse width modulation components while
still allowing the full audio band to pass through
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4.2.1.4 Transient Current

Since we are dealing with large amplifiers we could experience several amps of inrush
current at startup. This is caused by amplifiers having dynamic loads from when every low
frequency pulse or bass note is exerted from the speaker, making the amount of
instantaneous current draw in the amplifier to increase. These swings can reach two to three
times the amplifiers’ average current consumption. This would lead to clipping, distortion,
logic errors on the MCU and ADC inaccuracies. The constraint would be that the system
and power supply need to be able to handle the transient rushes without tripping,
implementing a staged power-up sequence could fix this issue. Furthermore, we need to
design the PCB to absorb and smooth out these transient load variations. We could also
incorporate decoupling strategies such as implementing reservoir capacitors, low-ESR and
high frequency bypass capacitors, localized decoupling, and star topology power
distribution.

4.2.2 Audio Constraints

When designing an automated audio system, understanding and mitigating audio
constraints is critical to ensuring consistent sound performance across varied acoustic
environments. Audio design constraints define the physical and digital limitations of sound
reproduction and processing. These constraints include acoustics in different audio
settings, technical capabilities, audio enclosures, and audio latency constraints. These play
critical roles in defining audio performance in any audio system

4.2.2.1 Room Acoustics Constraint

The acoustics in the room significantly affect the way in which sound waves interact with
enclosed spaces. Hard materials such as concrete, glass, and tile tend to cause unwanted
echoes and standing waves, while softer materials such as carpet and curtains help absorb
sound and minimize reflections [50]. These factors affect the tonal balance of the audio
being produced.

Constraint: The system must include an adaptive digital signal processing (DSP)
calibration algorithm capable of adjusting frequency response to compensate for acoustic
variations between reflective and absorptive environments.

4.2.2.2 Speaker Placement Constraint

Speaker placement is related to the imaging in stereo, low-frequency performance, and
clarity of spatial location in audio sources. The placement of speakers in corners or close
to walls can lead to boundary gain, which is an amplification in low-frequency
performance, and incorrect alignment can cause interference resulting in phase cancellation

[51].

Constraint: The system must maintain balanced sound reproduction regardless of speaker
location. The DSP algorithm should include equalization compensation for near-wall or
asymmetrical placement, allowing consistent playback performance in multiple
configurations.
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4.2.2.3 Crossover Frequency Constraint

Crossover frequency defines how sound energy is divided among the speaker’s drivers
(woofer, midrange, and tweeter). Poor crossover design can create spectral overlaps that
cause distortion or frequency gaps that reduce clarity [52].

Constraint: The DSP algorithm should perform crossover filtering tasks in the digital
realm to keep the resulting frequency response curve level. The ability to change crossover
filtering points via software should be considered to suit different speakers.

4.2.2.4 Speaker Enclosure and Size Constraint

Speaker cone diameter and enclosure volume influence the system’s frequency response
and efficiency. Larger woofers produce deeper bass, however, require larger enclosures.
Whereas smaller speakers facilitate portability with reduced low-frequency extensions
[53]. Enclosure designs, namely sealed, ported, and passive radiators, further impact
transient responses and harmonic distortions.

Constraint: The enclosure needs to capitalize on internal air space and damping to
reconcile larger dimensions with portability and sonic fidelity. Vibrations and resonance
can be damped with internal bracing and absorption materials.

4.2.2.5 Audio Hardware Resource Constraint

The microcontroller and DSP hardware have limited computational capacity for real-time
signal processing. Audio equalization, filtering, Bluetooth streaming, and microphone
analysis all share the same processing resources [54].

Constraint: DSP algorithms must remain computationally efficient and execute within
available clock cycles and memory. The total processing latency per audio frame must
remain below the maximum allowable delay for real-time operation.

4.2.2.6 Audio Latency Constraint

Latency, the delay between input (microphone or command) and output (speaker), is
another critical constraint. Excessive latency can cause echo, feedback, or misalignment
between the GUI and the audible response.

Constraint: The total end-to-end latency, including ADC/DAC conversion, DSP
processing, and wireless transmission, should not exceed 20 ms to preserve real-time
responsiveness [55].

4.2.2.7 Psychoacoustic and Frequency Response Constraint

Human hearing exhibits non-linear sensitivity to frequency and loudness, described by
Fletcher-Munson equal-loudness contours [56]. At low listening levels, bass and treble
frequencies are perceived as quieter.
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Constraint: The system must apply psychoacoustic correction curves to ensure perceived
tonal balance across volume levels, maintaining a consistent user experience whether the
sound is quiet or loud.

4.2.2.8 System Integration Constraint

The interface between the Flutter-based GUI and the embedded DSP system must ensure
reliable synchronization. Control commands, equalizer presets, and feedback values are
transmitted wirelessly, and packet delays or jitters can disrupt real-time adjustments [57].

Constraint: The Bluetooth Low Energy (BLE) or Wi-Fi communication stack must
maintain an average command latency under 100 ms, ensuring seamless user interaction
and immediate system response to GUI input.

4.2.3 Software Compatibility & Integration Constraint

When it comes to an embedded audio solution consisting of a Flutter-based mobile
application, a Digital Signal Processor, and a Microcontroller Unit, ensuring software
compatibility and data integrity in communications is essential to ensure consistency in the
functioning of the hardware and software interfaces of the project. The project should
facilitate the timely exchange of command signals, audio updates, and status information
without any glitches in communications.

The Flutter app communicates with the MCU via the UART, I?C, and SPI interfaces. These
interfaces function in different aspects of the process: UART for asynchronous command
communication, I?C for low-speed control of peripheral devices, while SPI handles high-
speed data exchange between the MCU and the DSP [58]. The communication process
between the sensors, MCU, and the Flutter app involves multiple aspects to be considered.
Synchronization among these communication buses ensures deterministic execution,
preventing latency accumulation or command overlap during data transactions.

To preserve user experience and maintain control accuracy, all command transmissions
from the Flutter GUI to the MCU must occur deterministically, with a maximum allowable
latency of 100 ms between user input and system response. Additionally, since firmware
updates and configuration data are transmitted over the same serial channels, memory
allocation on the MCU must be carefully managed. Firmware image size must not exceed
the available on-chip flash memory capacity to avoid system instability or partial writing
failures [59].

Constraint: The system software must maintain deterministic communication across
UART, I?C, and SPI interfaces, ensuring that API commands execute within 100 ms and
firmware updates remain within MCU memory constraints.

4.2.3 Financial Constraint

As a part of a project that is not funded by a company, we, the group members, are
responsible for funding the entirety of the project. However, as much as we budget for the
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components, we must remind ourselves of the cost and performance trade-off. By electing
to pick the highest quality components every time, we run the risk of being way over budget
and not able to complete the entirety of the project. On the other hand, if we elect to choose
the cheapest components available, we run the risk of being unable to produce a high-
performance product. The trade-off is one that cannot be taken lightly. Our response to this
constraint can be seen as our breakdown of why we choose each component, including
comparisons of all specs required to meet our specifications while still being within our
budget.

4.2.4 Time Constraint

With taking Senior Design, we are tasked with creating a project and doing research in a
two-semester time. Although this may seem like a lot of time, there is a complexity level
required for the project that requires each member of their team to be proactive in terms of
commitment time. In addition, when determining the scope of the project and deciding
what technologies we would like to implement we must be mindful of whether that task
can be completed within our allotted time. Meeting frequently and going to meetings with
an agenda helps speed the level of progress being achieved in each meeting and brings us
closer to our goal. By practicing positive time management our group can meet the
deadlines set in place by the class and can meet the demands and specifications for the
project.

Chapter 5 — Application of ChatGPT and Other

Platforms

5.1 Overview

ChatGPT and other Al platforms are new tools that engineers can use to benefit their
learning, research, and design. These tools have started to find their way into the lives of
many people, not only engineers, as they can be used as a friend, resource, search engine,
etc. to help the user achieve any goal they have. However, these resources are only a few
years old and have some significant drawbacks to their use, which will be discussed in
detail later in the chapter.

With Al being so easy to use, many people are beginning to rely on it to complete many of
their delegated tasks. This can be both a blessing and a curse, as Al is not completely
reliable and must be fact checked. As a result, the group has come up with a set of rules
and expectations for the use of Al, specifically ChatGPT, as it is the most popular Al
model.

The content of this chapter will dive into a brief history of Al, the pros and cons of Al, the
subsequent rules and expectations we have set for ourselves when it comes to using Al,
and examples of how the resource has benefited (or harmed) each member of the group
during our investigations.
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5.2 Brief History of Al

The concept of artificial intelligence (AI) dates to the mid-20th century, when researchers
began exploring whether machines could replicate aspects of human reasoning and
decision-making. In 1950, Alan Turing published “Computing Machinery and
Intelligence”, introducing the famous Turing Test; a method to evaluate whether a machine
could exhibit intelligent behavior indistinguishable from that of a human.

The early Al researchers, like John McCarthy, Marvin Minsky, Allen Newell, and Herbert
Simon, worked on the first programs that could solve problems using logic during the
1950s and 1960s. The term “Artificial Intelligence” was first coined by McCarthy during
the Dartmouth Conference in 1956, and it is marked as the birth of Al

The following decades saw a period of stagnation, often referred to as “Al winters.” The
early forms of Al were too computationally expensive for the technology available at the
time and offered little learning ability, making it difficult to apply in real-world situations.
The 1980s and 1990s witnessed a revival of interest in artificial intelligence driven by
improvements in computer capabilities and storage, leading to the emergence of expert
systems. This refers to software that contained human knowledge expressed through a rule-
based system.

The beginning of modern Al began in the 2010s, driven by the emergence of machine
learning (ML) and deep neural networks. The concept enabled computers to train on big
datasets instead of depending on algorithms programmed by human developers. The
availability of graphics processing units (GPUs), cloud computing, and big data enabled
rapid training of large models for image recognition, speech synthesis, and natural
language processing.

The release of ChatGPT and other LLMs in 2022 introduced another milestone in the
domain of AI for the masses. ChatGPT, for example, combines natural language
processing, reasoning, and generation, enabling users to engage conversationally with Al
for education, research, and design. Ultimately, over the past three years, Al has
transitioned from a niche research discipline to a mainstream technological tool embedded
in many fields, including engineering, software, healthcare, and business.
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Figure 3. Chronicles of Al: From Turing's Test to Today's Tech Titans

Figure 5.2 [1] (still need perms)

5.3 Advantages & Disadvantages of Al

Al tools such as ChatGPT, Copilot, and Gemini have become valuable resources for
engineering students and working professionals. These tools provide immediate assistance
with brainstorming, coding, documentation, and research. However, with the benefits,
there are notable limitations and issues that these tools may generate.

Advantages:

e Efficiency and Speed — Computers can process information much quicker than
human capabilities. This helps the engineer complete work related to
documentation, coding, and analysis.

e Knowledge Accessibility — The immediate accessibility of various technical
knowledge domains enabled by ChatGPT and other LLMs systems act as an on-
demand learning assistant; especially those connected to the Internet.

e Idea Generation — The role of artificial intelligence in aiding design thought
processes, problem-solving solutions, or writing templates may speedup the initial
stages of a project.

e Error Detection and Debugging — In programming-related work, artificial
intelligence may analyze data and code to detect syntactic or logical mistakes and
offer solutions almost immediately.

e Improved Communication — The capabilities of Al increase the effectiveness of
communication in reports, presentations, and business communications.

Disadvantages:

e Accuracy and Reliability — The outputs from the models may at times be erroneous
or antiquated. All outputs should be checked against confirmed sources.
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e Over-Dependence — Over-reliance on the capabilities of Al may result in reduced
levels of critical thinking and problem-solving capabilities.

e Data Bias and Limitation — As the training data of an Al model includes data
collected from the internet, biased data may affect the outcome.

e FEthical and Academic Integrity Concerns — Use of Al without disclosure in
academic or professional settings may pose authorship/plagiarism and/or integrity
considerations.

e Lack of Contextual Judgment — These systems and technologies tend to lack real-
world understanding. The system may misinterpret an ambiguous set of instructions
or fail to consider certain limitations even when specifically mentioned in the
prompt.

If it is used properly, Al can be an important addition, rather than a replacement for
engineering knowledge. The objective here should be the inclusion of Al in such a manner
that it increases both efficiency and intelligence and at the same time retains human control.
To ensure that Al functions as an addition and rather than a subtracting factor in
engineering research and design, the team needs to adhere to certain rules of use.

5.4 Rules and Expectations of Group Al Usage

To ensure the integration of such artificial intelligence resources as ChatGPT and other
forms of generative technology is used as an educational supplement and not as a
replacement within the realm of student academic and intellectual activity, a set of
principles and rules within these groups has been created. These principles were designed
to ensure academic integrity as well as technical knowledge and personal accountability
throughout our Senior Design project.

5.4.1 Purpose of Guidelines
The goal of these guidelines is to ensure that Al tools are used in such a way that they
increase productivity and understanding and do not act as substitutes for individual effort.
The team appreciates the benefits and privilege of using Al tools in the domains of writing,
coding, as well as research.

5.4.2 Accepted Uses of Al
The following tasks may be performed by Al tools:

e Research Assistance — Gathering background information, standards, or component
data to support design decisions.

e (Coding and Debugging Support — Offering examples of code syntax or algorithms
to refer to, followed by testing by the team.

¢ Brainstorming/Ideation — This entails the generation of design possibilities or ideas
for visualization that the group can work on.

e Technical Summarization — Shortening complex technical information to facilitate
comprehension and a better understanding.
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In each of these instances, the role of Al is to supplement human capacity rather than
substitute for engineering judgment, experimentation, and decision-making.

5.4.3 Unacceptable Uses of Al

To maintain academic integrity and ensure that all deliverables represent true teamwork,
the following uses of artificial intelligence are prohibited:

e Uncredited or Blind Submission — Plagiarizing Al writing without reviewing or
citing it in reports or presentations.

e Fabrication of Data or Results — The use of Al to generate experimental data, test
results, or system measurements that were not actually validated.

e Bypassing Design Responsibility — Delegating the design of the Al system to the
algorithm on technical design decisions such as circuit design.

e Academic Dishonesty — Passing off an Al's effort as original work by human
students or as an answer to assignments that will be graded.

5.4.4 Verification and Accountability
All AT generated content included within the project documentation needs to be checked
and validated by at least one member of the team.

In instances where the Al system assists in design, the role of the system should be properly
cited either in the Appendix.

5.4.5 Team Ethic and Learning Value

The group stresses that the implementation of Al should be used as an educational
facilitation technique and not as a shortcut. The eventual use of the Al should be as an
approach by each member of the team to apply it to gain better insight into new concepts,
alternative solutions, and/or to better our understanding of theoretical principles. Through
these rules, we can facilitate transparency, fairness, and educational value within its
operations while properly utilizing Al as an emerging technique within the engineering
design process.

5.5 Xander Levine’s Al Use

5.5.1 Flutter Build/Debug Assistance
Please refer to Appendix E for this prompt/conversation [la] [1b]
Task: Resolve Android Gradle lock issue and establish rapid Ul iteration (hot reload) for
emulator.
Al contribution: Provided steps to terminate stale Gradle daemons, clear build caches,
and enable flutter run to hot-reload; recommended VS Code shortcuts.

Verification. Successful rebuild on emulator; confirmed hot reload without full relaunch.
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Benefit. Shortened iteration loop for GUI changes; improved developer productivity.

Limitation observed. Some platform-specific commands required adaptation to local
environment.

Policy alignment. Acceptable per 5.4.2 (debugging aid) with hands-on verification (5.4.4)

Gradle daemons (brief): Background JVM processes Gradle uses to speed builds. When
a daemon crashes, is orphaned (IDE closed mid-build, sleep/hibernate), or multiple builds
contend, it can leave a lock file (android\.gradle\noVersion\buildLogic.lock) that blocks
new builds until daemons are stopped, and the lock is removed.

5.6 Noah Bixby’s Al Use
Please refer to Appendix E for the full prompt/conversation for each case: [2a], [2b], and
[2¢].

5.6.1 Case [2a] - MCU Buck Regulator Selection & Sizing

Task: Identify and size a high-efficiency buck regulator to convert ~34.2-39.6 V input to
the MCU logic rail (=3.6 V @ >620 mA), including component selection (L, CIN/COUT,
diode/MOSFET where applicable) and quick stability checks. (Context: 6.1.1 MCU
Regulator design.)

Al contribution: Provided a shortlist of suitable TI buck controllers/regulators, a first-pass
inductor ripple target (20—40% of IOUT), capacitor ESR considerations, and a quick
checklist for WEBENCH cross-verification and bench bring-up (probe points, load-step
sanity, thermal check).

Verification: Cross-checked values in TI WEBENCH and confirmed the LMR51625-
based solution meets the 3.6 V/0.62 A requirement with acceptable ripple; design

integrated into Section 6.1.1.

Benefit: Accelerated part screening and first-order sizing; reduced iteration time before
detailed simulation/layout.

Limitation observed: Al suggestions required datasheet validation (limits, compensation
notes) and tool corroboration; parasitic/layout still determined by bench work.

Policy alignment: Acceptable per 5.4.2 (research/debug assist) with hands-on verification
per 5.4.4.
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5.6.2 Case [2b] - Class-D Mid/High Amp Supply Details

(TPA3116D2 IVDD & Edge Conditions)

Task: Clarify the TPA3116D2’s low-voltage rail (IVDD) expectations under 50% duty
and worst-case PVDD and determine whether an auxiliary LDO/rail is needed versus
deriving locally. (Context: amplifier and power sections.)

Al contribution: Summarized typical IVDD current envelope vs. operating mode,
highlighted when a quiet local LDO can reduce control-loop noise coupling, and suggested
decoupling topology (local bulk + HF ceramics near IVDD pin) with star return to PVDD
ground.

Verification: Cross-read with TI datasheet guidance; benchtop plan added for scope
checks on IVDD ripple during burst content and clip-on transients before finalizing BOM.

Benefit: Reduced risk of intermittent amp behavior and control-rail noise; clearer decision
path on whether to keep IVDD isolated.

Limitation observed: Al lacked device-specific numeric limits; final values come from
the TI datasheet/app note and bench data.

Policy alignment: Acceptable per 5.4.2 with verification per 5.4.4.

5.6.3 Case [2¢] - 36 V Rail Strategy from 34.2-39.6 V
Source (Buck vs. Fixed-Output PSU)

Task: Evaluate options to supply a clean ~36 V system rail from a variable source (34.2—
39.6 V), comparing: (1) direct high-side buck to 36 V, (2) pre-reg + point-of-load, or (3) a
ready-made 36 V PSU.

Al contribution: Outlined trade-offs among efficiency/EMI/thermal complexity and
suggested using a COTS 36 V supply to de-risk schedule, with downstream local regulation

for sensitive loads; provided a short checklist for line/load regulation and surge behavior.

Verification: Team BOM now reflects a 36 V COTS unit (LRS-600N2-36) as the primary
rail, with local regulation where needed.

Benefit: Lowered development risk and integration time on the high-power rail;
predictable compliance and thermal characteristics.

Limitation observed: Slight reduction in peak conversion efficiency vs. a fully custom
buck; mechanical mounting and airflow now factor into PSU choice.

Policy alignment: Acceptable per 5.4.2 with documentation/bench validation per 5.4.4.

75



5.7 Jordan Riley’s Al Use

When researching Bluetooth modules, coming across modules that would meet the
requirements for our system was extremely difficult as there was no filtering option to find
the protocol required for audio streaming. This resulted in frustration and delays in our
research until ChatGPT was consulted. With the prompt found in Appendix E, [4a],
ChatGPT was able to find multiple Bluetooth modules that fit our needs. One of which was
the BM64, the part eventually chosen for our design. ChatGPT was then prompted with
[4b] and gave more examples that were available through our main parts provider,
DigiKey. The FSC-BT1026 was one of the modules that was given through this prompt,
and it turned out to be the most capable device with a long list of features. This was an
extremely powerful module but turned out to be too powerful for our application.

Most of my Al use has been to get a starting point for research and as a search engine like
how one would use google. This has turned out to be very beneficial in Senior Design as
less time is spent on finding sources of information or parts on my own. Having ChatGPT
give me options to start with, answers to questions can be found faster through sources
cited by ChatGPT. However, it is imperative that the sources are checked thoroughly for
credibility.

5.8 Matias Segura’s Al Use
5.8.1 [3a] Parallel DAC Implementation

When the STM32H735ZG was selected as our MCU, we had to consider adding an external
DAC to achieve 16-bit resolution, since the STM32H735ZG only comes with 2 x 12-bit
DACs. At one point we also considered the possibility of trying to combine these two
channels and “merge” them together to create a 24-bit DAC. We weren’t sure if this was
possible, because the datasheet did not contain very straightforward information. So, |
decided to ask ChatGPT to see if this possibility was feasible; I provided the information
for the DAC from the STM32H735ZG’s datasheet and asked if it was possible to achieve
what we wanted. The exact prompt can be found in Appendix E, [3a] along with ChatGPT’s
response. Its response helped me to realize that implementing parallel usage of the DACs
in the MCU was going to add a lot of software complexity. This led to the decision that
adding an external DAC to achieve the desired bit resolution would be a better and faster
alternative.

5.8.2 [3b] DAC Recommendation

After narrowing down the search of the external DAC module to 4 different products, I
followed up the conversation from 5.8.1 and asked the tool to summarize each DAC and
give me the best one based on characteristics. The exact prompt can be found in Appendix
B, [3b] along with ChatGPT’s response. ChatGPT’s response was very concrete and
precise, as it described in detail each DAC and suggested why it might be a good option
and why it might not. The use of Al in this case helped to summarize some details that
would have taken more time to compare between them all. It also helped to see why one
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of the DAC that was selected for comparison was not a strong option; this shows the tool’s
capability of giving a different insight than the one we could have given.

Chapter 6 — Hardware Design
6.1 Regulators

To create these regulators, we made use of the Texas Instruments WEBench Power
Designer tool, were we inputted the necessary input and output specifications, regarding
the power supply for the input and the output, which was denoted for either the MCU,
subwoofer amplifier chip, subwoofer amplifier, and the mid/high speaker amplifier.

6.1.1 MCU Regulator
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Figure 6.1.1 MCU Regulator Schematic

To provide the necessary power needed for the logic of our chosen MCU, a Buck converter
was designed. Assuming a 34.2V - 39.6V, and a necessary 3.6V with 620mA output, the
figure above shows the necessary regulator configuration. In this regulator the TI
LMR51625XDDCR integrated circuit was used. By rapidly switching MOSFETs and
using an LC filter it can provide the smooth 3.6V output needed. Here CIN and CINx are
bypass capacitors that reduce switching noise and stabilize the high voltage input.
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6.1.2 Subwoofer Chip Amplifier Regulator
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Figure 6.1.2 Subwoofer Chip Amplifier Regulator Schematic

Assuming a similar input as the Buck MCU regulator, this one was designed to create a
stable 12V and .040 A output. This regulator would be connected to the subwoofer
amplifier chip. Like the MCU regulator, this is also a DC/DC Buck regulator. In this
instance, we are using a different IC but sticking with Texas Instruments, using the
TPS54062DGKR model.
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6.1.3 Mid/High Speaker Amplifier Regulator
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Figure 6.1.3 Mid/High Speaker Amplifier Regulator Schematic

The next designed regulator was one that was to be connected to the actual high and mid-
speaker amplifier itself. Keeping with the same amplifier input seen in the past two
regulators this one needed a 26V and a 4.7 A output. This design is as well a DC/DC Buck
regulator. The IC used in this configuration was the Texas Instruments, or TI,
LM25085MH-2/NOPB controller. Another key detail worth noting is that this IC is non-
synchronous which means it must make use of an external MOSFET, and diode to handle
the high-power levels.

6.1.4 Subwoofer Amplifier Regulator

E:a3a33395

Figure 6.1.4 Subwoofer Amplifier Regulator Schematic
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The regulator needed for the subwoofer was created using a different set of specifications,
and because of this, it is a DC/DC boost regulator, more specifically a 4-pin switching
regulator. For this design we changed the input specs because the power supply unit we
chose is programmable so we could assume that input voltage range was between 36V to
39.6V, and for our output voltage we needed 36V and a current of 8.5A. By using the TI
LM25118-Q1 IC, a MOSFET, diode, and capacitors when the MOSFET is switching
between on/off states the inductor will store and discharge the power that has accrued, all
while the diode directs current through the capacitors. This together provides the smooth
DC voltage needed to supply the subwoofer amplifier

6.2 Amplifier Schematics
6.2.1 Subwoofer Amplifier
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Figure 6.2.1 Subwoofer Amplifier Schematic

The M1, set low, and M2, set high, pins in this configuration have it designed as a Typical
Differential (2N) Parallel Bridge-Tied Load. Since this amplifier’s frequency range is
operating at a different one than mid/high amplifier, we designed this chip to run in master
mode, meaning it runs on its own internal clock and defines its own PWM frequency. In a
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PBTL configuration the 4 sets of output are tied in pairs of two, in this case the A/B and
the C/D output channels are tied. OUT A is put in parallel with OUT C and OUT B is
put in parallel with OUT_D. Because of this we can create a differential pair that delivers
sufficient power to the subwoofer. A benefit of setting the chip in PBTL mode is that it
decreases the issues faced with electromagnetic interference, provides sufficient noise
rejection, and increases output power capability. For the selected DAC as mentioned
previously we are using SPI to configure it to the amplifier, which is where we see the
input connection of the positive terminal, INPUT A, and its negative terminal, INPUT B,
both are analog inputs and are AC-coupled with the capacitors. The /FAULT and
/CLIP_OTW connect to the GPIO input and are responsible for having the MCU monitor
the amplifier for any errors such as temperature issues, too much current, etc. /RESET pin
is connected to the MCU output and oversees resetting the amplifier in the event of fault
recovery or startup. The design for this amplifier is based on the configuration seen in

Figure 27 in the data sheet which is a typical application of this design scheme for the
TPA3251D2DDVR.

6.2.2 Mid/High Amplifier
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Figure 6.2.2 Mid/High Speaker Amplifier Schematic
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This schematic captures our design for the mid/high speaker amplifier. Like the subwoofer
design process, careful analysis of the TPA3116d2 data sheet was paramount. Unlike the
subwoofer design, this setup puts the amplifier in BTL mode, which can be seen because
of the configuration on OUTP and OUTN. In addition, we can see that through the R7 and
R8 resistors we are placing the amplifier in master mode. C27, C28, C29, and C30 connect
the outputs and bootstrap pin, providing passage for the drive voltage provided by the
FETs. The power supply is inserted by the PVCC and like the subwoofer amplifier is
decoupled for each half-bridge, while C35 and R5 decouple the AVCC pin. Another
similarity between the high/mid amplifier and the subwoofer amplifier is that before
reaching the speaker output stage power is passed through an LC network. The SDZ and
MUTE pins are controlled by the MCU and allow standby and mute through the GPIO.
The FAULTZ reports faults caused by overheating, short-circuiting, and other various to
the MCU where the MCU would then intervene. An additional design spec worth noting is
the SDZ and FAULTZ pins being grounded, as this allows the amplifier to restart once a
fault has been cleared.

Chapter 7 — Software Design

7.1 Introduction to GUI and Mobile Application

The user interface is the graphic user interface (GUI) and the mobile app through which
users control our automated sound system. They allow users to check, control, and adjust
system operations in real time — such as volume adjustment, mode changes, and inspection
of how the room's acoustics are automatically equalized. Whereas the embedded hardware
undertakes all the sensing, signal processing, and amplification, the GUI and app allow
users easily to visualize what is occurring and make changes without the need to handle
the hardware directly.

Having a good interface is a large part of why the system is usable across varying
environments; be that a home theater, a lecture hall, a classroom, or an auditorium. Without
one, the user would be left with preset settings and hardware adjustments, which is
impractical. The mobile app and the GUI fill that gap by pairing the technical performance
of the system with accessibility and usability.

7.1.1 Role of the GUI in the Project System

The GUI is the control panel of the system, displaying important data and controls in
concise, uncluttered fashion. Its main responsibilities are:

e Room-Sensing EQ Visualization — Shows frequency response before and after EQ,
allowing users to view how the system is treating the sound in association with the
room.

e Volume and Channel Control — Allows sliders and switches that can be used for
level adjustment on independent channels such as mains, subwoofers, and any other
speakers.
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e Status and Error Notifications — Informs users if the sensors detect any feedback,
distortion, or other irregularities.

The user interface design is compatible with common usability practices like ISO/IEC
25010 [7] and usability heuristics by Nielsen [8]. Essentially, this translates into sensor
data and sound data being converted into images that can easily be interpreted rather than
technical values, decreasing the likelihood of user error and making the interface natural
and simple even for non-technical individuals.

7.1.2 Significance of the Mobile Application
The mobile app provides the same functionality on smartphones, giving users wireless
control and monitoring via Bluetooth. This aligns the project with contemporary IoT and
home-smart principles, in which convenience and out-of-room access are standard
expectations.

The advantages of using the mobile app are as follows:

e Remote Monitoring and Control — Conduct EQ, modes, and volume changes
without access to the equipment.

e Portability — It makes the system usable anywhere in the coverage area.

e Dynamic Feedback — Graphs and visual indicators indicate changes immediately as
the system recognizes and adjusts to room sound.

e Custom Profiles — Users can save personalized audio presets on a per-location basis.

The app's layout and operations are the same as the GUI, meaning users don't need to learn
new controls when moving between devices. Being consistent, the system avoids causing
user confusion and looks uniform across platforms.
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Figure 7.1.3 - Mobile App Settings Page View

7.1.3 Integration with Embedded System
The mobile application and GUI communicate directly with the embedded hardware
through Bluetooth 5.0, implemented using the BM64SPKS1MC1-00M2AA module. This
module enables fast, reliable, and secure data exchange between the STM32H7ZGT
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microcontroller and the user interface while maintaining very low latency, ensuring that
system changes are reflected on the GUI almost instantaneously.

Data transmission follows standard, scalable communication protocols such as RESTful
APIs for configuration and WebSocket-like event channels for real-time streaming,
allowing efficient updates without excessive power or bandwidth consumption.

During development and testing, these same interfaces will be utilized by the team to
monitor sensor data, system logs, and DSP feedback in real time through the GUI. This
capability should significantly accelerate system validation, debugging, and integration,
enabling us to observe the embedded system’s behavior dynamically and make immediate
adjustments throughout the build process.

7.2 App Architecture and Flow

The software architecture of the sound system is built around a Bluetooth 5.0 dual-mode
framework implemented through the Microchip BM64SPKS1IMC1-00M2AA module,
which interfaces with the STM32H7ZGT microcontroller using both I*S and UART
communication channels.

This configuration enables simultaneous high-quality digital audio streaming and
bidirectional control signaling, providing a secure, low-latency bridge between the
embedded DSP hardware and the mobile application.

7.2.1 System Overview
The stack is organized into three functional layers:

e Presentation Layer (Mobile App GUI) — Displays frequency-response graphs,
control sliders, and EQ settings for real-time user interaction.

e Communication Layer (Bluetooth 5.0) — Manages wireless connectivity and
protocol handling. The I>S bus transmits digital stereo audio data between the
STM32 and the BM64, while the UART interface carries control commands such
as connection setup, playback control, and parameter adjustment.

e Embedded System Layer (STM32H7ZGT) — Performs acoustic sensing, digital-
signal-processing (DSP), and equalization adjustments, returning processed data to
the GUI
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Figure 7.2.1 — App Functional Layer Block Diagram

7.2.2 Use Case Flow

The Bluetooth interaction follows five primary stages:

1.

2.

Initialization and Pairing — The BM64 advertises device information; the mobile
app connects and authenticates using standard Bluetooth pairing.

Audio Calibration — The STM32 measures room response and generates corrected
EQ coefficients.

Audio Streaming — Processed audio is transmitted to the BM64 through I*S for
playback, while UART simultaneously handles control data.

User Adjustment — The app sends commands (e.g., volume, EQ band changes,
mode selection) via UART through the BM64 to the STM32.

Feedback and Visualization — The STM32 transmits updated DSP and system data
back to the GUI for real-time visualization. This procedure enables synchronized,
low-latency communication and ensures that interface updates correspond
accurately to hardware changes.

Simplified use case diagram is shown in Figure 7.2.2.

STM32H7ZGT

Embedded
System

Figure 7.2.2 - System Interaction Flow

7.2.3 Activity Flow

The Bluetooth-based system involves the following operational states:
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e Advertising Mode — The BM64SPKSIMC1-00M2AA goes into discoverable
mode, advertising the name of the device and the Bluetooth profiles it supports,
which are A2DP, AVRCP, and SPP. The mobile application discovers devices in
range and pairs with them.

e Connected (Paired) — After the authentication process, the BM64 initializes and
maintains the secure BR/EDR connection with the smartphone wirelessly. The
STM32H7ZGT microcontroller communicates with the BM64 via UART to
exchange audio parameter settings, control commands, and connection status
checks.

e Audio Streaming and Data Transfer — The I°S bus constantly streams the processed
audio samples from the STM32 to the BM64 to be wirelessly transmitted. On the
other hand, UART transfers real-time control and feedback messages, such as
equalizer values, play commands, or diagnostic information.

o Feedback Display — The STM32H7ZGT transmits DSP output information, system
information, and feedback via the UART channel in the BM64. The smartphone
application refreshes the graphics displays in an asynchronous manner to represent
real-time audio performance data and sensor information.

e Error Handling/Reconnection — When there is Bluetooth disconnection or signal
integrity issues, the BM64 automatically goes back to pairing mode and tries to
reconnect. The STM32 watches for the connection status pins on the BM64 and
resumes streaming after connection is re-established.

The above activity chain makes sure there is constant synchronization between the mobile

application, hardware components, and the Bluetooth module so that performance is not
interrupted even if there are temporary wireless instabilities.

ey

Figure 7.2.3 - Activity Flow Block Diagram

7.2.4 Data Handling and Synchronization

Data synchronization occurs across two independent communication paths:

I2S Bus: Streams processed digital audio samples from the STM32H7ZGT to the BM64.
Clock signals (MCLK, BCLK, LRCLK) ensure phase alignment and prevent jitter.

UART Interface: Handles bidirectional command packets and feedback messages between
the MCU and the Bluetooth module.

This separation of audio and control data prevents congestion, improves throughput, and
ensures consistent timing between user actions and audio output. The STM32 employs
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interrupt-driven UART routines to guarantee deterministic message handling during active
streaming sessions.

7.2.5 Security and Reliability
The BM64 module provides AES-128 link-layer encryption and supports Secure Simple
Pairing (SSP) for authenticated device connections. Its internal firmware implements error
correction, watchdog recovery, and automatic re-linking in the event of signal interruption.

Combined with the STM32H7ZGT’s cryptographic and DMA (direct memory access)
capabilities, the communication framework achieves stable, encrypted, and low-latency
operation suitable for real-time acoustic systems.

7.2.6 Summary
The app architecture for the automated sound system is designed around a Bluetooth 5.0
dual-channel configuration using the Microchip BM64SPKSIMCI1-00M2AA and the
STM32H7ZGT microcontroller.

Audio signals are transmitted digitally via I>S, while UART manages control and system
communication, ensuring seamless coordination between data and sound streams.

The Bluetooth architecture supports event-driven operation with minimal delay,
maintaining smooth synchronization between user input, DSP computation, and wireless
playback. With integrated DSP capabilities, low-power design, and hardware-based
encryption, the BM64 provides a robust foundation for secure, high-fidelity, real-time
communication. By maintaining a layered structure, presentation, communication, and
embedded processing, the design achieves modularity, scalability, and energy efficiency,
ensuring reliable performance and user responsiveness under realistic operating conditions.

7.3 Auto-EQ Algorithm

The Auto-EQ algorithm will be the backbone of the software flow, which will oversee
processing the signals picked up by the microphone. This algorithm will be designed in
accordance with our hardware constraints, as specific components might limit our
processing power. Therefore, we will not be able to design the most powerful Auto-EQ
algorithm, but it will be the most optimized for our hardware capabilities. As stated in the
MCU selection phase, the STM32H735Z integrates an ARM processor, which inherits a
DSP library called CMSIS-DSP. This library will help us with simplifying most of the DSP
work, as we will need to perform many functions that are related to this. Moving to the
hardware components, the microphone will be needed in the early stages of the software
flow, where we will use it to get the response of the room when exposed to a frequency
sweep. Once we gather the necessary information, the MCU will start processing the data
to produce an equalization setting that will be automatically set (we will also provide a
manual override to this, in case the user decides to adjust the EQ after or without running
the algorithm).

90



7.3.1 1% Stage: Signal Generation and Data Gathering

The first phase of the algorithm will consist of playing a test signal, picking up the room’s
response using the calibrated microphone, and creating the data that represents the
response, which will be stored in memory.

Synch ron ization
1

Figure 7.3.1 Signal Generation and Data Gathering Block Diagram

The test signal in hand will be a logarithmic sine sweep, which will be played froma . WAV
file stored in the MCU’s flash memory. Before running the test, we must synchronize the
clocks for the speakers and the microphone to avoid disparity in the measurements. In other
words, the microphone will start sampling while the sine sweep starts. It will sample the
signal with a sampling frequency (fs) of 44.1 kHz; to avoid aliasing, the sampling
frequency must be a little over twice the maximum frequency, which in this case is 20 kHz.
The time. Once we get the average, we can create the file where the room’s frequency
response will be stored for future processing. Since we are using a calibrated microphone,
we will apply calibration at the end of this stage.

7.3.2 2"d Stage: Signal Processing

Once the necessary data is gathered, we will begin processing the signal to extract the
information that will later help to design and adjust the equalizer (each band specifically).
First, we will need to compute the Fast Fourier Transform (FFT) for both the input signal
(known) and the recorded response (unknown until Stage 1) to find the representation of
each in the frequency domain. But why do we want the FFT in the first place? Since we
want to perform a spectrum analysis (analysis of frequencies) of our system, we need to
take the FFT of both signals to identify frequencies that may affect performance [61],
which will be digitally processed to provide the best sound. We can pre-compute the FFT
for the input signal to save processing time and speed up the process, since we would
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already be in possession of the file. Once we find both FFTs, our next aim will be to
minimize the noise introduced by the room.

7.3.3 Windowing, Framing, and Special Leakage Control

Room-response estimation uses short, overlapped frames. Each frame is windowed prior
to the Fast Fourier Transform to reduce spectral leakage. Windows with high side-lobe
suppression improve narrowband estimation at the cost of wider main lobes;
Hann/Hamming provide a balanced choice for general measurement. Window selection
follows established Discrete Fourier Transform windowing guidance for acoustic analysis
and measurement repeatability [62].

Implementation note. Window coefficients are precomputed; 50% overlap is used to
stabilize averaging and smoothing across frames.

Chapter 8 — System Fabrication/Prototype
Construction
Chapter 9 — System Testing and Evaluation

Chapter 10 — Administrative Content

10.1 Budget and Financing
Table 10.1.1 - Bill of Materials

Component Name Price Quantity
Mechanical
Tweeters BC255C08-04 $23.95 2
Midrange Drivers Goldwood GM- $15.98 2
85/4
Subwoofer Goldwood GW- $79.98 1
10PC-4
Electrical
MCU/DSP ESP32-S3- $6.00 — 6.56 1
WROOM-1U-
N16RS8
Mids/Highs TPA3116D2DADR $3.10 1
Amplifier
Subwoofer TPA3251D2DDVR $7.81 1
Amplifier
Bluetooth Module | BM64SPKS1MCI- $18.13 1
00M2AA
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DAC AD1934WBSTZ- $11.42 1
RL
Microphone Dayton Audio $59.98 1
EMM-6
Power Supply LRS-600N2-36 $64 1
MCU Regulator | LMR51625XDDCR $2.03 1
Subwoofer TPS54062DGKR $1.93 1
Amplifier 12V
Regulator
Mid/High LM25085MH- $4.16 1
Amplifier 2/NOPB
Regulator
Subwoofer LM25118-Q1 $6.26 1
Amplifier Main
Regulator
PCB
USB-A Connector | 87520-0010BLF | $0.91 1

10.2 Project Milestones
10.2.1 Senior Design I

Table 10.2.1 - Senior Design 1 Milestones

Weeks Completed Activity
1-2 Project Idea Created and Group Member Formation
3 Project Proposal and Committee Formation
4 Project Proposal Meeting Held with the Group and
Mentor / Revision of Project Proposal
8 Midterm Report
9 Revision of Our Midterm Report
14 Final Report

93




10.2.2 Senior Design 11
Table 10.2.2 - Senior Design 2 Milestones

Weeks Completed Activity
1-3 Fabricate PCB and Begin Enclosure Construction
4-8 Integrate DSP Algorithms Onto MCU
9-12 Full System Integration and Testing
15 Showcase Final Functional Prototype
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10.3 Work Distributions
Table 10.3.1 - Work Distributions

Electrical Engineering Responsibilities
PCB Fabrication
NE Amplifier Design
Power Supply
Regulators
Electrical Engineering Responsibilities
Amplifier Design
Bluetooth Hardware
Jordan Riley USB Connectivity
Speaker Fabrication
Computer Engineering Responsibilities

DSP Algorithm
Auto-EQ Algorithm

Matias S
atias >egura Embedded Programming & Integration

Computer Engineering Responsibilities
GUI Design
UI/UX Design
Xander Levine Embedded Programming & Integration

This is a tentative table for each team member’s responsibilities. Matias’s and
Xander’s work will be related so the two will be sharing some of the other’s
responsibilities. The same principal applies for Jordan and Noah, especially with the
amplifier design.
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Function ESP32 ESP3253 ESP32P4 ANSI Xtensa ANSI Risc-V

Optimization 02 02 02 02 02

Dot Product

dsps_dotprod_f32 for

N=256 points 1047 432 1319 1311 1563
dsps_dotprode_f32 for

N=256 points with step 1 1307 1307 1314 2581 1819
dsps_dotprod_s16 for

N=256 points 437 307 208 3635 3385
FIR Filters

dsps_fir_f32 1024 input

samples and 256 1078691 443671 1606563 1353122 1606552

coefficients

dsps_fird_f32 1024
samples 256 coeffs and 276504 115499 339796 350726 415332
decimation 4

2)
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(2c¢) STMicroelectronics, “ST67W611MI Bluetooth 5.4 Module Datasheet,” ST.com,
2025. Available: https://'www.st.com/en/wireless-transceivers/st67w611ml.html
Accessed: Oct. 5, 2025.

Texas Instruments. LM25118 Wide Voltage Range Buck-Boost Controller Datasheet. Rev.
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LMR51625 and LMR51635 Functional Safety FIT Rate, FMD and Pin FMA
TPS54062 4.7-V to 60-V Input, 50-MA Synchronous Step-down Converter with Low IQ.

Texas Instruments. TPA3116D2 15-W, 30-W, 50-W Filter-Free Class-D Stereo Amplifier
Family With AM Avoidance (Rev. G). Texas Instruments, Dec. 2017
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8-Channel DAC with PLL and Single-Ended Outputs, 192 KHz, 24 Bits.
Advanced BM62/64 Features.
LRS-600N2SERIES.
Appendix D — Software Code (if necessary):
main.dart for application
'package:flutter/material.dart’;
'pages/home _page.dart’;
'pages/control page.dart’;

'pages/settings page.dart’;

(0 Ao
( SoundSystemApp());

class SoundSystemApp extends StatelessWidget {
SoundSystemApp ({super.key});

Widget (BuildContext context) {
scheme = ColorScheme. (
seedColor: Color. (
brightness: Brightness.dark,

)5

MaterialApp(

title: 'Automated Sound System',
debugShowCheckedModeBanner: false,
theme: ThemeData(

useMaterial3: true,

colorScheme: scheme,

scaffoldBackgroundColor: Colors.black,

cardColor: Color( ),

)s
home: RootShell(),




class RootShell extends StatefulWidget {
RootShell({super.key});

State<RootShell> () => _RootShellState();

class _RootShellState extends State<RootShell> {
int _index 5

bool connected false;

double volume 5

String mode 'Flat’;

String room 'Default Room';

bool bluetoothOn false;

String wifiSsid "My -Lab-Network";
double latencyMs g

Widget (BuildContext context) {

pages = [
HomePage (
connected: connected,
onToggleConnect: () => (() => connected Iconnected),
)
ControlPage(
volume: volume,
onVolume: (v) => (() => volume = v),
mode: mode,
onMode: (m) => (() => mode = m),
)
SettingsPage(
bluetoothOn: bluetoothOn,
onBluetooth: (v) => (() => bluetoothOn
wifiSsid: wifiSsid,
onWifiSsid: (v) => (() => wifiSsid = v),
room: room,
onRoom: (v) => (() => room = v),
latencyMs: latencyMs,
onLatency: (v) => (() => latencyMs = v),




Scaffold(
appBar: AppBar(
centerTitle: true,
backgroundColor: Colors.black,
title: Text(
['Home', 'Control', 'Settings'][_index],
style: TextStyle(fontWeight: FontWeight.bold),
)

)
body: pages[_index],
bottomNavigationBar: NavigationBar(

selectedIndex: _index,

onDestinationSelected: (i) => (() => _index = i),

destinations: [
NavigationDestination(icon: Icon(Icons.home), label: 'Home'),
NavigationDestination(icon: Icon(Icons.tune), label: 'Control'),
NavigationDestination(icon: Icon(Icons.settings), label:

'Settings'),
1,
)>

eq_visualizer.dart for mobile application

import ‘dart:async’;
import ‘'dart:math’;
import 'package:flutter/material.dart’;

class EqVisualizer extends StatefulWidget {
int bars;
bool running;
EqVisualizer({super.key, this.bars , this.running = true});

State<EqVisualizer> () => _EqVisualizerState();

}




class _EqVisualizerState extends State<EqVisualizer> {
List<double> levels;
Timer? _timer;
_rng = Random();

0 A
super. O);
_levels List. (widget.bars, );

OF

0 A
_timer?. 0);
(widget.running) {
_timer = Timer. Duration(milliseconds:

(O A

(int i ; 1 < _levels.length; i++) {
target + _rng. () *
_levels[i] _levels[i] * + target *
¥
})s
})s
¥
}

(covariant EqVisualizer oldWidget) {
super. (oldwWidget);
(oldWidget.running != widget.running) {
OF




Widget (BuildContext context) {
LayoutBuilder(builder: (context, c) {
W c.maxWidth;
h Cc.maxHeight;
gap 5
barW = (w - gap * (widget.bars - 1)) / widget.bars;

Row (
crossAxisAlignment: CrossAxisAlignment.end,
children: List. (widget.bars, (i) {
level = levels[i];
Container(
width: barW,
height: h * level,
margin: Edgelnsets. (right: i == widget.bars -

decoration: BoxDecoration(
borderRadius: BorderRadius. (6),
gradient: LinearGradient (
begin: Alignment.bottomCenter,
end: Alignment.topCenter,
colors: [Colors.indigo, Colors.cyan],
)>
))
)
3
)

eq_slider.dart for mobile application

import 'package:flutter/material.dart’;

[gains]

class EqSliders extends StatelessWidget {

List<double> gains;




ValueChanged<List<double>> onChanged;

VoidCallback onReset;

_labels = ['60', '230', '910', '3.6k', '14k'];

EqSliders({
super.key,
this.gains,
this.onChanged,
this.onReset,
}) (gains.length == 5, 'gains must have length 5');

Widget (BuildContext context) {
theme = Theme.of(context);
size = MediaQuery.of(context).size;

bool compact = size.height < || size.width <

double maxSliderBankHeight = compact ?

Column(
mainAxisSize: MainAxisSize.min,
crossAxisAlignment: CrossAxisAlignment.stretch,
children: [
Row(
children: [
Text(
‘Graphic EQ',
style: theme.textTheme.titleMedium?.
fontWeight: FontWeight.bold,
)>
))
Spacer(),
TextButton. (
onPressed: onReset,
icon: Icon(Icons.refresh),
label: Text( 'Reset'),




SizedBox(height: 8),

LayoutBuilder (
builder: (context, constraints) {
available = constraints.maxHeight.isFinite
? constraints.maxHeight
: maxSliderBankHeight;
capped = available. , maxSliderBankHeight);

ConstrainedBox(
constraints: BoxConstraints(maxHeight: capped),
child: Row(
crossAxisAlignment: CrossAxisAlignment.end,
children: List. (gains.length, (i) {
v = gains[i];

Expanded(

child: Column(
mainAxisAlignment: MainAxisAlignment.end,
children: [

Text (
${v. (1)} dB’,
style: TextStyle(
color: Colors.grey,
fontSize: 5
)

)s
SizedBox(height: 6),

RotatedBox(
quarterTurns: -
child: Slider(

value: v. (-
min: -12,

max: B
divisions:




label: "${v. (1)} dB',
onChanged: (nv) {
next List<double>. (gains);
next[i] nv;
(next);
s
)

)s
SizedBox(height: 6),

Text (
_labels[i],
style: TextStyle(fontSize: ),

)s
Il
)
);

}))
)s
)s
e
)s

SizedBox(height: 6),
Text (
'Adjust bands: 60, 230, 910, 3.6k, 14k Hz (%12 dB)',
softWrap: true,
overflow: TextOverflow.fade,
style: TextStyle(color: Colors.grey, fontSize: ),

home page.dart for mobile application

import 'package:flutter/material.dart’;

import '../widgets/eq_visualizer.dart';




class HomePage extends StatelessWidget {
bool connected;
VoidCallback onToggleConnect;

HomePage ({
super.key,
this.connected,
this.onToggleConnect,

})s

Widget (BuildContext context) {
ListView(
padding: EdgeInsets. (16),
children: [

Card(

child: Padding(
padding: Edgelnsets.

child: Column(

children: [

Text('System Status',
style:
TextStyle(fontWeight: FontWeight.bold, fontSize:

SizedBox(height: ),
Row (
mainAxisAlignment: MainAxisAlignment.center,
children: [
Icon(Icons.wifi,
color: connected ? Colors.green : Colors.grey,

SizedBox(width: )
Icon(Icons.bluetooth,
color: connected ? Colors.blue : Colors.grey,

I,

)s

SizedBox(height: ),
FilledButton. (
onPressed: onToggleConnect,
child: Text(connected ? 'Disconnect’ : 'Connect'),

),




SizedBox(height: 8),

Text(
connected ? 'Connected to device' : 'Not connected',
style: TextStyle(color: Colors.grey),

)>

1,
)>
)
)

SizedBox(height: ),

Card(

child: Padding(
padding: Edgelnsets.

child: Column(

children: [

Text('Room-Sensing EQ Visualization',
style:
TextStyle(fontWeight: FontWeight.bold, fontSize:

SizedBox(height: ),
AspectRatio(
aspectRatio: )
child: ClipRRect(
borderRadius: BorderRadius. (12),
child: EqVisualizer(bars: , running: true),

)s

SizedBox(height: 8),
Text('Simulated real-time bands (5-10 Hz flicker)',
style: TextStyle(color: Colors.grey)),




control page.dart for mobile application

import ‘'dart:async';

import ‘dart:math’;

import 'package:flutter/material.dart’;
import '../widgets/eq_visualizer.dart';
import '../widgets/eq_sliders.dart’;

class ControlPage extends StatefulWidget {
double volume;
ValueChanged<double> onVolume;
String mode;
ValueChanged<String> onMode;

ControlPage({
super.key,
this.volume,
this.onVolume,
this.mode,
this.onMode,

1)

State<ControlPage> () => _ControlPageState();
}

class _ControlPageState extends State<ControlPage> {
_rng = Random();
double _signal 5
Timer? _timer;

modes ['Flat', "Music', 'Custom'];

List<double> eq = [0, @, 0, 0, 0];

Map<String, List<double>> presets
1,
1,
1,




0 {

super. 0);

_timer = Timer. Duration(milliseconds: ), (L) Ao
(0O {
target + _rng. () *
_signal _signal * + target *
})s
})s

_eq = List<double>. (_presets[widget.mode] ?? _eq);

0 A
_timer?. O
super. 0);

}

(String m) {
widget. (m);
(0 |
_eq List<double>. (_presets[m] ?? _eq);
1)
¥

Widget (BuildContext context) {
ListView(
padding: EdgelInsets. (16),
children: [

Card(
child: Padding(
padding: EdgelInsets.
child: Column(
children: [
Text('Volume',
style: TextStyle(fontWeight: FontWeight.bold,

fontSize: )),




SizedBox(height: 8),
Icon(Icons.volume up, color: Colors.indigoAccent,

Slider(
value: widget.volume,
min: @,
max: s
label: '${widget.volume. O¥%',
onChanged: widget.onVolume,

)>

Text('Volume: ${widget.volume. (0)}%",

style: TextStyle(color: Colors.grey)),
1,
))
)>
)

SizedBox(height: ),

Card(
child: Padding(
padding: EdgeInsets. (16),
child: Column(
crossAxisAlignment: CrossAxisAlignment.stretch,
children: [
Text('Modes / Presets’,
style: TextStyle(fontWeight: FontWeight.bold,
fontSize: )),
SizedBox(height: 8),
Wrap(
spacing: 8,
runSpacing: 8,
children: modes. ((m) {
selected = widget.mode == m;
ChoiceChip(
label: Text(m),
selected: selected,
onSelected: () =>
);
}). OF

)s
SizedBox(height: ),




Text('Live Signal (simulated)’,
style: TextStyle(color: Colors.grey)),
SizedBox(height: 8),
SizedBox(
height: ,
child: Row(
children: [
Expanded(
flex: 3,
child: ClipRRect(
borderRadius: BorderRadius. (10),
child: EqVisualizer(bars: , running:

)s

)s
SizedBox(width: ),

Expanded(child: _SignalMeter(level:
1
))
)
1
))
)
)s

SizedBox(height: ),

Card(
child: Padding(
padding: EdgeInsets. (16),
child: Column(
crossAxisAlignment: CrossAxisAlignment.stretch,
children: [
Text('Equalizer’,
style: TextStyle(fontWeight: FontWeight.bold,
fontSize: )),

SizedBox(height: 8),
EqSliders(

gains: _eq,
onChanged: (ng) {
(O {
_€g = Nng;




(widget.mode != 'Custom') {
widget. ('Custom');
¥
_presets|[ 'Custom’] List<double>.
})s
}s
onReset: () {
(0 |
_eq [ J J J J ]:’
widget. ('Flat');
})s
})
)
])
))

)s
)s
1,

class _SignalMeter extends StatelessWidget {
double level;
_SignalMeter({ this.level});

Widget (BuildContext context) {
LayoutBuilder(builder: (context, c) {
h = c.maxHeight;
fill (h * level). (8, h).
Container(
decoration: BoxDecoration(
color: Color( ),
borderRadius: BorderRadius. (10),
border: Border. (color: Colors.whitel®),
)
child: Stack(
alignment: Alignment.bottomCenter,
children: [
AnimatedContainer(




duration: Duration(milliseconds: ),
width: double.infinity,
height: fill,
decoration: BoxDecoration(
borderRadius: BorderRadius.
gradient: LinearGradient (
begin: Alignment.bottomCenter,
end: Alignment.topCenter,
colors: [Color. (

) J J )]J

Appendix E — LLM Al Prompts & Outcomes:

[1a] Prompt: Flutter build fails with: Timeout waiting to lock build logic queue... Owner
PID: #### and a lock at android\.gradle\noVersion\buildLogic.lock. What are Gradle
daemons, why does this happen, and what exact Windows steps fix it quickly?”

[1a] Answer with ChatGPT 5: What Gradle daemons are:

Gradle daemons are background Java processes that keep the Android/Gradle build
environment “warm” to speed up future builds. If a daemon ends abnormally or is left
behind, it may leave a lock file (for example.: android.gradle\noVersion\buildLogic.lock)

that blocks new builds and triggers the message: “Timeout waiting to lock build logic
queue... Owner PID: ###”.

Why the error occurs:

* A previous build ended mid-task (IDE closed, system sleep/hibernate, crash, or reboot).
* Two builds ran at the same time from different terminals/IDEs.

* A Gradle or Android Gradle Plugin mismatch caused a daemon to hang.

* Antivirus, backup, or sync tools briefly locked files inside the. gradle folder.

Quick remediation on Windows:



1. Stop Gradle daemons for the project: open a terminal in the android subfolder
and run “gradlew --status” followed by “gradlew --stop”.

2. End any leftover Java processes: open Task Manager — Details, and end
java.exe or javaw.exe entries labeled as Gradle Daemon (or matching the Owner
PID shown in the error).

3. Remove the stale lock and clean the project: delete the file
android.gradle\noVersion\buildLogic.lock, then from the project root run ‘flutter
clean”.

4. Rebuild: run “flutter pub get” and then ‘‘flutter run”.

Prevention:

Avoid closing the IDE or terminal while Gradle is building; do not start multiple builds
at once; prevent the computer from sleeping during builds; keep Flutter, the Android
Gradle Plugin, and the Gradle wrapper at the versions recommended by the Flutter
channel. If lock issues recur, it is safe to run “gradlew --stop” before starting a fresh

build.

[1b] Prompt: Please explain what a Gradle is
[1b] Answer with ChatGPT 5: Gradle is the build system that Android projects use.

In plain terms: it’s the tool that assembles your Android app. When you run your Flutter
app on Android, Flutter hands work off to Gradle, which:

e downloads and manages dependencies (libraries, plug-ins)

o runs the Android Gradle Plugin to compile Java/Kotlin code

e packages resources and assets

e produces the APK/AAB you install on the emulator/phone

e caches results and keeps a background “daemon” process to make later builds
faster

You’ll see Gradle files like build.gradle (or build.gradle.kts) in the android/ folder, and
the “Gradle wrapper” (gradlew) that ensures everyone builds with the same Gradle
version. The “stale Gradle daemon” issue you hit is just that background process getting
stuck and holding a lock until you stop it and clean things up.

[2a] Prompt: What is the IVDD for the TPA3116D2DADR at 50% duty cycle

[2a] Answer with ChatGPT 5. Since “IVDD at 50% duty cycle” is not directly given, you
may:

1. Estimate current draw via output power and efficiency assumptions (since Class-
D has > 90% efficiency typical in datasheet). Texas Instruments+1



https://www.ti.com/product/TPA3116D2/part-details/TPA3116D2DADR?utm_source=chatgpt.com

2. Measure it on your own in your setup: At 50% duty cycle (i.e., approximate 50%
power output), measure supply current from the main PVCC rail and any internal
logic supply rails.

3. Contact the manufacturer (Texas Instruments) or review detailed electrical
characteristics full table in the datasheet revision “Rev G” to see if VDD
appears in a more complete table.

[2b] Prompt: If the power generator is producing 34.2 to 39.6 volts and our sub-woofer
amplifier needs 36 volts do we need a regulator or what other options can we use

[2b] Answer with ChatGPT 5:

Table 10.3.2 A Graph ChatGPT Laying Out All Suggested Options to My Query

) .. . Recomme
Option Type / Method Operation Maintains 36 [Efficienc Pros Cons nded Use
Range V Stable? y Case
Works When
?ﬁlrlo 58 voltage
1. Buck- input Slightly Ssg\tags
Boost DC-  |Active switching |30 —45 V | Yes (both range, |higher below 36
DC regulator that input —» |under and efficient, |cost, adds |, .
. ~90-95% V; ideal
Converter  |steps voltageup [36 V over input compact |small for audio
(Recommen |or down output conditions) modules |switching svstems
ded) available [noise YSIe]
c.c. need.lng
LTC378 Cgrvlvséitem
0) p
When
voltage
o No boost; |rarely dips
>
2. Buck ffﬂgigﬁha ¢ 1_1136utV_) Partially Cheap, |output below 36
(Step-Down) & p (only when |~92-97% |efficient, |[drops if |V and amp
only steps voltage |36 V ) .
Converter input >36 V) simple |generator [tolerates
down output 236V brief
undervolta
ge
Inefficient Low-
Series pass >38V . L power or
) . . . Simple, [dissipates
3. Linear transistor input —» | Yes (only if o test setups,
BN . ~60-85% [low heat (e.g.,
Regulator maintaining 36 V input > 36 V) noise 20 W+ at not for
constant output  |output 6 A), large subwoofer
- ATg amps

heatsink




. o . Recomme
Option Type / Method Operation  Maintains 36 [Efficienc Pros Cons nded Use
Range V Stable? v
Case
I\Ler:friltor When
4 Generator Tune generator No extra %v ‘th generator
A' dustment output + add Set output | Only if converte adiustable voltage
Justn filtering and ~36 V generator ~100% |, Justa! |can be
* LC Filter transient +5% stable minimal regulation, finel
+TVS . no Y
suppression parts . controlled
protection
. and stable
from dips
When you
can
5 Slight generator Reduces [More slightly
Combination |tuning + buck 34—4.0 M Mostly ~92% converte |setup . tune
Approach converter nominal r stress |complexit genere_ltor
bp and heat |y and still
want stable
regulation

[2¢] Prompt: What do swil 2, ldrvl 2, csg 1, res 1, sw2 2, sw2 1, hdrv2 1, Ivdr2 1,
hdrvl 1, swl 1, ldrvl 1, rcs 2, csg 2, mean in this schematic

(referencing this schematic)




[2¢] Answer with ChatGPT 5:

ChatGPT 5’s Response
. Typical L
Signal Meaning Description
The connection between the high-side and low-side
SW1 1/SW1 2/ Switch Nodes MOSFETs for each phase. They carry the pulsating
SW2 1/SW2 2 waveform that feeds the inductor. SW1_x — Phase
1 node; SW2 x — Phase 2 node.
HDRVI 1/ |High-Side Gate These are outputs from the driver IC controlling the
HDRV? 1 Drive Outputs high-side MOSFET gates for phase 1 and phase 2.
- They switch between VIN and SWx.
LDRVI1 1/
LDRV1 2/ | Low-Side Gate | Drive the low-side MOSFETs in each half-bridge
LDRV2 1/ Drive Outputs (connected to ground).
LDRV2 2
These are the negative (return) pins of differential
Current Sense current sense amplifiers or sense resistor
CSG_1/C8G_2 Ne(Z‘(;ZZ?’n/ ut connections. Often labeled CSG (Current Sense
& P Ground) in controllers.
Correspond to the voltage across current sense
Current Sense )
. resistors for each phase (used to regulate current or
RCS 1/RCS 2 Resistor / . N .
- | positive Input detect load). “RCS” might refer to the resistor or to
P the node that senses its voltage.
These are usually mirrored outputs for multi-FET
LDRV1 2/ |Duplicate Low- |configurations per phase or parallel FETs. The “ 17
LDRV2 1/etc. | Side Drives and “ 2” suffixes often correspond to duplicated
components in the same phase (for load sharing).

[3a] Prompt: Based on the following information, can I use the channels in parallel to

process one signal?

The two 12-bit buffered DAC channels can be used to convert two digital signals into
two analog voltage signal outputs.

This dual digital interface supports the following features:

* two DAC converters: one for each output channel

* 8-bit or 12-bit monotonic output




* left or right data alignment in 12-bit mode

» synchronized update capability

* noise-wave generation

* triangular-wave generation

* dual DAC channel independent or simultaneous conversions

* DMA capability for each channel including DMA underrun error detection
» external triggers for conversion

* input voltage reference VREF+ or internal VREFBUF reference.

The DAC channels are triggered through the timer update outputs that are also connected
to different DMA streams.

[3a] Answer with ChatGPT 5:

Short answer: Yes — you can use both DAC channels in parallel to process one
signal, but Zow you do it matters a lot. You have two useful modes:

1. Duplicate/drive-strength mode (same sample on both DACs simultaneously)
both DACs output the same value at the same time, then you combine the analog
outputs with proper circuitry (summing op-amp or resistor network) if you need
more drive or a different voltage swing. Use the DAC’s synchronized update so
both channels change together.

2. Interleaved/time-interleaving mode (alternate samples to increase effective
sample rate) feed odd samples to DAC1 and even samples to DAC2 and trigger
them alternately. Combine the analog outputs with a summing/hold arrangement
or low-pass filter to reconstruct a single high-rate waveform. You must trigger
channels independently and precisely (timers/DMA per channel) so the timing
offset is well controlled.

Below I’ll cover practical constraints, a checklist, and a short implementation plan
you can follow.

Key constraints & gotchas



e You cannot simply tie the two DAC outputs together — that risks contention
and incorrect voltages. Always combine outputs through an op-amp
summer/buffer or passive resistor network into a buffer op-amp.

e Settling time / update glitch — DAC outputs have finite settling time and update
glitch energy. For interleaving, the DAC settling time must be significantly
shorter than the interleaved sample period, otherwise samples will be corrupted.

o Timing accuracy — interleaving requires deterministic, phase-accurate triggers.
Use separate timers (or one timer with compare channels) with phase offset, or
staggered timer events. The datasheet phrase “dual DAC channel independent or
simultaneous conversions” indicates independent triggering is supported.

o Reference selection — both channels must use the same VREF (external VREF+
or internal VREFBUF) to avoid scale mismatch.

e Gain/offset mismatch — each DAC will have slightly different offset/gain. For
precise reconstruction you must calibrate (measure per-channel offset/gain and
correct in the digital domain).

e« DMA streams — you have DMA per channel and DMA underrun detection —
use one DMA stream per DAC for interleaving or synchronized DMA transfers
for duplication.

o Filtering / reconstruction — after analog summation or interleaving, you will
need a reconstruction/anti-imaging low-pass filter to remove step images and
smooth the waveform.

o Noise/triangle generators — those built-in generators are channel-local and not
helpful for combining channels into one high-rate signal (unless you have a
specific waveform synthesis idea).

Practical checklist (before you try)

1. Read the MCU DAC datasheet section for:

o DAC settling time and glitch specs.

o Maximum update rate per channel.

o  Whether simultaneous update forces identical update timing (it does —
used for duplicate mode).

2. Decide mode: duplicate (same sample simultaneously) or interleave (alternate
samples).
3. Hardware: design an analog combiner:

o For duplicate: simple resistor average followed by buffer op-amp to
prevent loading.

o For interleave use a small summing resistor network and a low-pass
reconstruction filter + buffer; alternatively use a fast sample-and-hold or
op-amp that can be configured as a multiplexer/buffer.

4. Configure timers and DMA:

o Duplicate: use one DMA feeding both channels or feed each channel the
same stream and use synchronized update.

o Interleave: configure separate DMA streams and timers (or same timer
with two events with 50% phase offset). Ensure precise phasing.



5. Calibration: measure ADC/oscilloscope output and correct offset/gain mismatch
in the sample feed.

6. Verify on scope: check timing alignment, glitches, and reconstructed waveform
quality.

Example implementation plan (interleaving)

e Prepare your sample buffer: split full-rate sequence into two buffers (even
samples — DACI, odd samples — DAC2).

o Configure DAC channels for 12-bit right-aligned mode (or whichever you prefer).
Use same VREF.

e Setup Timerl -> trigger DAC1 at Fs/2, Timer2 -> trigger DAC2 at Fs/2 but
phase-shifted by half the period (or use Timer with two compare channels
separated by half period).

o Configure DMA stream A to move buffer] — DAC1 and DMA stream B buffer2
— DAC?2. Enable DMA underrun detection so you catch starvation.

e On the analog side, sum both DAC outputs through matched resistors into a rail-
to-rail op-amp buffer and then a 1-pole (or higher order) reconstruction filter with
cutoff < Nyquist of the effective output.

o Calibrate per-channel gain/offset by outputting known values and measuring the
combined analog output; apply digital corrections.

When duplicate mode is useful

e When you want the same analog waveform on two destinations (e.g., two analog
inputs of different subsystems).

e When you need more drive: feed each output to an op-amp configured as non-
inverting buffers and tie their outputs only at a buffered node (not directly).

Short recommended circuit ideas

¢ Resistive summer + buffer: DAC1 — R — node; DAC2 — R — same node;
node — op-amp buffer (unity) — reconstruction filter. Use R values sized to
avoid heavy loading of DAC outputs (e.g., 10k—100k then buffer).

e Op-amp summing amplifier: use precision op-amp configured as summing amp
so you can apply per-channel weighting if desired.

Final notes / recommendations

o Ifyour goal is simply higher resolution, don’t try to combine two DACs in
analog. Instead, increase bit depth in the digital domain or use a single higher-
resolution DAC. Combining two DAC:s to increase resolution is fragile due to
mismatch and noise.



o Ifyour goal is higher sample rate, interleaving is feasible if timing and settling
constraints are satisfied.

e Verify everything on the bench (oscilloscope + load) and plan for per-channel
calibration.

If you tell me which STM32 family / exact MCU you’re using and what your end
goal is (higher sample rate, more drive, alternate waveform sources, higher
resolution, etc.), I’ll sketch a concrete timer+DMA configuration and a simple op-
amp circuit you can build.

[3b] Prompt: Which one of these is the best considering we do not necessarily need 24-
bit resolution, and we want at least 4 channels? Also let me know if any of these are not
suitable. DAC8555IPW AD1934WBSTZ-RL AD5664ARMZ-REEL7 DAC8574IPW

[3b] ChatGPT 5 Response:

Chapter 11 Detailed comparison (why each is/isn't suitable for your use case)
Chapter 12 AD1934 (Analog Devices) audio part, 8 channels

o Whatitis: 8 DAC channels in a single chip, made for multichannel audio
(pro/AV). Accepts digital audio formats used in audio systems (I>S/TDM/word-
clock/MCLK) and has audio-centric features (oversampling, filters, good SNR).
Analog Devices+1

o  Why it fits: You have an STM32H735ZG with SAI/TDM — AD1934 can be
driven directly by that interface, simplifies timing, provides audio-grade digital
filters and clocking options, and gives spare channels (you only need 3 now).

o Tradeoffs: It’s 24-bit by design (fine even if you only use 16-bit data), requires
proper MCLK/BCLK/WS clocking and analog output filtering, and is a more
audio-centric (slightly higher integration) part than a simple voltage DAC.

Verdict: Highly suitable and probably the best fit if you want an audio-optimized,
multichannel solution.

Chapter 13 DACS8555IPW (Texas Instruments) 4-ch, 16-bit, SPI, low-glitch voltage
outputs

o What it is: 4-channel, 16-bit buffered voltage-output DAC with SPI/QSPI
interface, very low glitch behavior, rail-to-rail outputs, designed for precision
multichannel voltage outputs. Texas Instruments+1

o  Why it fits: It satisfies your “>4 channels” and 16-bit requirement; SPI interface
can be fast enough to stream audio if you implement a high-speed SPI routine



https://www.analog.com/media/en/technical-documentation/data-sheets/ad1934.pdf?utm_source=chatgpt.com
https://www.ti.com/lit/gpn/DAC8555?utm_source=chatgpt.com

(and if timing/synchronization constraints are managed). Low glitch is good for
audio artifacts.

o Tradeoffs / cautions: Not an audio (I>S/TDM) DAC — it lacks audio
oversampling filters, PLLs for clock jitter management, and common audio-
format conveniences. The MCU must generate channel updates (synchronous
multi-channel timing and DMA usage needed). Also check aggregate SPI
bandwidth and MCU CPU/DMA load for your sample rate and channels.

Verdict: Suitable if you plan MCU-driven PCM via SPI and can handle the timing/DMA
and analog reconstruction yourself. Good choice if you want a straightforward, 16-bit
voltage DAC.

Chapter 14 AD5664ARMZ (Analog Devices) 4-ch, 16-bit, SPI, external VREF

e  Whatitis: AD’s nanoDAC family: quad, 16-bit, buffered voltage outputs, SPI
interface (requires external reference to set full-scale). Analog Devices+1

o Why it fits: Matches the DAC8555 channel count and resolution. It’s low power,
tiny package, guaranteed monotonic, and is a very common choice for
multichannel voltage output tasks.

o Tradeoffs / cautions: Like DACS8555, it’s a general-purpose voltage DAC, not an
audio I>’S/TDM part. You’ll need an accurate external reference (unless you
accept lower absolute accuracy) and manage update timing from the MCU.

Verdict: Also suitable for MCU-driven 16-bit audio if you want AD’s nanoDAC features
— choose it if you prefer ADI parts and can provide VREF.

Chapter 15 DAC8574IPW (Texas Instruments) — 4-ch, 16-bit, I>’C

o What it is: Quad 16-bit buffered voltage DAC with I*C interface and on-chip
reference option. Texas Instruments+1

Why might it be tempting: Simple two-wire bus, internal reference, rail-to-rail
outputs. Good for control voltages or slow updates.

e Why it’s not great for streaming audio: [°C bandwidth and protocol overhead
make it a poor choice for continuous, synchronous audio samples on four
channels at full audio sample rates (e.g., 48 kHz). Timing and channel alignment
are cumbersome. Unless you intend very low sample-rate updates (e.g.,
control/slow signals), avoid I*C DACs for PCM audio streaming.

Verdict: Not recommended for real-time multichannel PCM audio streaming. Use only
for control or very slow update use-cases.


https://www.analog.com/media/en/technical-documentation/data-sheets/ad5624_5664.pdf?utm_source=chatgpt.com
https://www.ti.com/product/DAC8574?utm_source=chatgpt.com

Chapter 16 Recommendation (concrete)

Given you don’t need 24-bit, but you do want >4 channels and you’ll be using the
STM32’s ADC for the mic:

1. If you want audio-format convenience, best audio timing, and lowest
integration pain — choose AD1934 (8ch audio DAC). It’s the cleanest way to
stream multichannel audio from STM32 SAI/TDM with minimal MCU timing
gymnastics. Analog Devices+1

2. Ifyou prefer a simpler 16-bit voltage DAC (MCU updates channels over SPI)
and want to keep hardware simpler/cheaper, pick DAC8555IPW (TI) or
ADS664ARMZ (ADI). Between those:

o DACSS555: low-glitch, robust, no external VREF required (use internal
architecture), good if you prefer TI and want very low transient artifacts.
Texas Instruments+1

o AD5664: small package, low power, requires external VREF (gives you
control over FS accuracy). Analog Devices+1

3. Avoid DAC8574 for streaming audio — I?C is not appropriate for synchronized
PCM audio across multiple channels at typical audio sample rates. Use it only for
slow updates. Texas Instruments

Chapter 17 Practical notes if you pick a voltage-DAC (DAC8555 / AD5664)

e You’ll have to implement synchronous updates for the 4 channels, so channel
sample alignment is correct — use MCU DMA + SPI at a sufficiently high clock
rate. Calculate required SPI clock: e.g., for 4 channels x 48 kHz % 16 bits = 3.072
Mb/s plus framing overhead — so SPI at e.g. 10-20 MHz should be fine.

o Implement an analog reconstruction filter per channel (RC or LC) and follow
recommended layout/decoupling to minimize noise.

o Watch settling time specs (DAC856/5664 have different settling times). AD5664
has ~4 us settling; DAC8555 ~12 pus in some modes — verify if you plan very
high sample rates.

[4a] ChatGPT 5 Prompt:

Give me a list of bluetooth modules that my group can use that has an integrated antenna
and has one of the A2DP, aptX, AAC protocols that allow us to stream music to the
System


https://www.analog.com/media/en/technical-documentation/data-sheets/ad1934.pdf?utm_source=chatgpt.com
https://www.ti.com/lit/gpn/DAC8555?utm_source=chatgpt.com
https://www.analog.com/media/en/technical-documentation/data-sheets/ad5624_5664.pdf?utm_source=chatgpt.com
https://www.ti.com/product/DAC8574?utm_source=chatgpt.com

Answer:

Great — since your group is working on a music-streaming system and needs a Bluetooth
audio module with an integrated antenna and support for streaming audio via A2DP
(and ideally the higher-quality codecs like aptX or AAC), here’s a set of recommended
modules plus some key selection criteria you should evaluate.

You (Jordan) can pick one that fits your board design (power budget, interface, audio
outputs, etc.). Because you have audio electronics experience (subwoofers, amplifiers,
etc.), you’ll appreciate the nuance in codec and interface support.

What to check / specification checklist
When evaluating a Bluetooth audio module for your streaming system, ensure it meets:

1. Profiles: A2DP (Advanced Audio Distribution Profile) for stereo audio
streaming. Wikipedia+2Infineon Community+2

2. Codecs: Support for at least SBC (mandatory for A2DP) but preferably aptX
and/or AAC for better fidelity. Microchip Technology
Incorporated+3Mouser+3Ezurio+3

3. Integrated antenna: Look for modules with built-in PCB chip or “on-board”
antenna (eliminating need for external antenna or RF tuning).

o This simplifies your mechanical/PCB layout and keeps complexity lower
for a senior-design-type implementation.

4. Audio output interface: Analog vs digital (I*S, PCM). If you are integrating into
your amplifier/subwoofer system, you’ll want to match the output type (e.g.,
differential line out, stereo analog, or IS to external DAC).

5. Certifications / RF compliance: If this eventually be productized, modular
certification helps.

6. Control interface: UART, I?C, or SPI for controlling module (pairing,
configuration) — since you’re used to microcontrollers, you’ll appreciate a
module with a clean command set.

7. Power / footprint: Since you’ve done speaker buildouts, you’ll want something
that fits your available space, power rails (5 V vs 3.3 V), and fits the audio path
cleanly.

Recommended Modules

Here are eight modules that match your criteria (integrated antenna + A2DP + aptX or
AAC support). I’ll highlight key features for each so you can compare.


https://it.wikipedia.org/wiki/Advanced_Audio_Distribution_Profile?utm_source=chatgpt.com
https://www.mouser.com/new/microchip/microchip-bm62-64-modules/?srsltid=AfmBOopyMeaV4isEdUr7LOjdQkmNkSTZztyt_CKLUhEQBf5vRwouE5VP&utm_source=chatgpt.com
https://www.mouser.com/new/microchip/microchip-bm62-64-modules/?srsltid=AfmBOopyMeaV4isEdUr7LOjdQkmNkSTZztyt_CKLUhEQBf5vRwouE5VP&utm_source=chatgpt.com

Dayton Audio KAB-23 Bluetooth 5.0 aptX HD Receiver Board
$19.98 Parts Express + others

Microchip BM64 Bluetooth Stereo Audio Module

$14.40 DigiKey

TS3008 Bluetooth 5.0 aptX/AAC Audio Module

$8.75 OzRobotics.com

FSC-BT1026D aptX/AAC Bluetooth Audio Receiver Module
$7.50 OzRobotics.com

TS64215 Bluetooth 4.2 aptX Audio Module

$7.65 OzRobotics.com

CSR&8670 Bluetooth V5.0 Audio Module AAC/aptX

$20.49 Walmart - Seller

Bluetooth 5.0 aptX Audio Module TS8675

$18.15 OzRobotics.com

Bluetooth 5.1 aptX Audio Module TS3031

$8.95 OzRobotics.com

Here’s a summary of each:

e Dayton Audio KAB-23 Bluetooth 5.0 aptX HD Receiver Board: A receiver board
rather than just a module — integrates Bluetooth 5.0 + aptX HD + built-in
antenna. Good if you want a board you can drop into your system quicker.

e Microchip BM64 Bluetooth Stereo Audio Module: A highly capable module
supports A2DP, AAC, and has integrated antenna as noted in the datasheet
(“stand-alone module with onboard antenna and BLUETOOTH stack’). Mouser

e TS3008 Bluetooth 5.0 aptX/AAC Audio Module: Based on Qualcomm QCC3008,
supports A2DP v1.3.1, aptX, AAC, and has PCB antenna. TINYSINE AUDIO



https://www.mouser.com/new/microchip/microchip-bm62-64-modules/?srsltid=AfmBOopyMeaV4isEdUr7LOjdQkmNkSTZztyt_CKLUhEQBf5vRwouE5VP&utm_source=chatgpt.com
https://www.tinysineaudio.com/products/bluetooth-5-0-aptx-audio-module-ts3008?utm_source=chatgpt.com

e FSC-BT1026D aptX/AAC Bluetooth Audio Receiver Module: A dual-mode
(Bluetooth classic + BLE) audio module supporting A2DP, aptX, AAC. Good
codec support for high fidelity streaming. Oz Robotics

o TS64215 Bluetooth 4.2 aptX Audio Module: A more cost-sensitive option:
Bluetooth 4.2 but still supports aptX; useful if budget is constrained and you
accept slightly older spec.

e (CSR&8670 Bluetooth V5.0 Audio Module AAC/aptX: Good mid/high-end SOC
audio module; strong codec support including AAC & aptX; good for your audio-
electronics domain.

e Bluetooth 5.0 aptX Audio Module TS8675: Another module emphasising
Bluetooth 5.0 with aptX support—nice if you want more futureproofing.

e Bluetooth 5.1 aptX Audio Module TS3031: Latest spec (5.1) with aptX support; if
you’re designing something to be state-of-the-art, this is strong.

Recommendation & Selection Tips for Your Project

Since you (Jordan) already have hands-on experience with audio electronics (subwoofers,
amplifier classes A/AB, etc.), you’ll want to match the module to your system design.
Here’s how I’d pick:

o Ifyou want fast integration with less RF layout risk: pick a module with onboard
antenna and already certified (e.g., BM64 or TS3008).

o Ifyou aim for high audio fidelity (you mentioned audio electronics, THD, etc.):
favour the modules supporting aptX (or aptX HD) and AAC.

o Ifyou’re budget-conscious (student project / senior design): maybe pick the older
Bluetooth 4.2 aptX option (TS64215) but accept trade-offs in range or
futureproofing.

o Ensure your audio output aligns: Does the module give analog stereo output
(line-out) or digital (I>S)? If you go to your amplifier, choose accordingly.

e Also check how the module interfaces with your microcontroller or host (UART
commands, ready-made breakout, etc.).

e Note the antenna placement and PCB footprint: integrated antenna is easier, but
you’ll still need to consider clearance around the antenna for good RF
performance (since you’re building the system housing).

e Power rail: some modules expect 3.3 V, some 5 V; match to your system’s power
rails and ensure your power supply can handle audio plus module draw.

If you like, I can pull together full datasheet links, pinouts, breakout-board options,
and even filter by footprint/price (for your budget and PCB size constraints) for your
team. Would you like me to dig those?


https://ozrobotics.com/shop/bluetooth-audio-receiver-module-supports-aptx-bqb/?srsltid=AfmBOorgO-oz_Wq4oSr6FBnuKNlDUbpE9yJEYHonYFlMqOFujrxxdkfq&utm_source=chatgpt.com

[4b] ChatGPT S Prompt:

Can you place an emphasis on parts available on DigiKey

Answer:

Great — focusing on modules available via DigiKey (which you and your team can order
easily) that meet your audio-streaming criteria (integrated or on-board antenna viable,
A2DP support, optional aptX/AAC) here are top picks along with commentary tailored
for your senior-design audio system. I’ll highlight their key specs (that matter for your
system design) and implications for your amplifier/subwoofer build.

© Recommended DigiKey-available modules
10T747 IDC777-1 Bluetooth 5.3 Audio Module
$31.27 DigiKey

10T747 IDC767-1 Bluetooth 5.3 Audio Module
$31.27 DigiKey

Feasycom FSC-BT1026D Bluetooth 5.1 Audio Module
$14.46 DigiKey

Feasycom FSC-BT1026D (alt listing)

$14.46 DigiKey

Seeed Bluetooth Module (basic)

$12.90 DigiKey + others

Murata LBEE5ZZ2XS-846 Bluetooth RF TXRX Module

$31.78 DigiKey
Silicon Labs SLWSTK6101D Bluetooth Module

$186.50 DigiKey



FDK HY 0020 Bluetooth LE V5.4 Module
$14.04 DigiKey
Here are brief summaries:

o [0T747IDC777-1 Bluetooth 5.3 Audio Module: High-end audio module
supporting aptX Lossless, aptX HD, AAC, plus A2DP Sink/Source. Certified
stack. Excellent if your system aims for near “audiophile” wireless streaming.
DigiKey+1

e I0T747IDC767-1 Bluetooth 5.3 Audio Module: Similar family to the above;
audio-optimized, aptX, AAC support; gives you high performance. [OT747

e Feasycom FSC-BT1026D Bluetooth 5.1 Audio Module: More mid-tier but still
meets aptX & AAC and A2DP profile; good balance of cost and features for your
project. FCC Report

e Feasycom FSC-BT1026D (alt listing): Same part basically; inclusion just
underscores availability via DigiKey.

e Seeed Bluetooth Module (basic): More budget-oriented; you’d need to check
codec support (aptX/AAC) carefully, likely not full high-end.

e Murata LBEE5ZZ2XS-846 Bluetooth RF TXRX Module: Great RF module but
doesn’t emphasise high-quality audio codecs; only choose if you plan to add your
own audio path and accept default SBC/A2DP.

e Silicon Labs SLWSTK6101D Bluetooth Module: Evaluation/starter kit category;
might be overkill for simple streaming module.

e FDK HY0020 Bluetooth LE V5.4 Module: Bluetooth LE focus — likely doesn’t
support aptX/AAC for A2DP stereo streaming (LE Audio is evolving, but for
your current stereo system you probably want Classic A2DP + aptX/AAC).

@ My Recommendations for Your Team

Given your system (you’ve built subwoofers, amps, you’re designing an audio streaming
front-end) here are what I’d emphasize:

Pick modules with aptX and/or AAC support

Since you care about fidelity beyond just “wireless sound”, aim for modules that
explicitly list: aptX (or aptX HD/Lossless) or AAC codec support. For example, the
Feasycom FSC-BT1026D lists aptX, aptX HD, aptX Low Latency, and AAC. FCC

Report+1
This ensures you’re not stuck with the basic SBC codec (which all A2DP devices

support, per the spec). Wikipedia+1


https://www.digikey.com/en/product-highlight/i/iot747/idc777-ble-audio-module?utm_source=chatgpt.com
https://www.iot747.com/product/idc767/?utm_source=chatgpt.com
https://fcc.report/FCC-ID/2AMWO-FSCBT1026/5376197.pdf?utm_source=chatgpt.com
https://fcc.report/FCC-ID/2AMWO-FSCBT1026/5376197.pdf?utm_source=chatgpt.com
https://fcc.report/FCC-ID/2AMWO-FSCBT1026/5376197.pdf?utm_source=chatgpt.com
https://de.wikipedia.org/wiki/A2DP?utm_source=chatgpt.com

Since you want to stream music to your system, this module becomes the “front end”
between phone/tablet and your amplifier/subwoofer.

Integrated antenna & RF layout considerations

For RF performance, integrated (on-board) antennas simplify the PCB & enclosure
design. The IDC777/IDC767 mention “Integrated Antenna, Small form factor” in their
datasheet. Linkwave - Driving [oT Innovation

The Feasycom part has single-ended antenna connection or built-in balun. You’ll need to
check footprint/CAD and make sure your system’s metal enclosure doesn’t block the
antenna. The datasheet shows the antenna block. FCC Report

Since you already do amplifier buildouts, you’ll appreciate paying attention to RF
clearance, ground plane under antenna, etc.

Audio interface to your amp/subwoofer

Check how the module outputs audio: analog (line out) vs digital (I>S/PCM). For your
system: if you have a DAC or amplifier already, you might prefer analog line-out stereo.
If you have a high-end DAC and want full flexibility, digital interface is better.

For instance, IDC777 supports both analog & digital interfaces (12S, PCM). Linkwave -
Driving [oT Innovation

Ensure the module’s audio output can drive your amplifier input (gain, signal level, noise
floor) and matches your routing practices (balanced/unbalanced, etc.).

Budget vs discipline
Since this is a senior-design project, you’ll want to balance cost vs performance.

e Ifyou pick the high-end IDC777/IDC767 modules, you may pay a higher BOM
cost (say ~$30 each). But you get “future-proof” capability.

o If budget is tighter, the FSC-BT1026D gives a strong trade-off and still supports
aptX/AAC.

o If cost is really limited, you can pick a more basic module (Seeed’s or Murata’s)
but you may be limited to SBC or mono audio or simpler interface.

Certification and production readiness

Because these modules are pre-certified (Bluetooth/FCC/CE) you reduce the burden of
RF certification in your project, which is helpful. For example, the IDC777 datasheet lists
FCC, RED, MIC, KCC certifications. Linkwave - Driving IoT Innovation

Since your school project may not require full product cert, but good to note if you want
to scale to a prototype production.

Interface/Control-wise


https://linkwave.co.uk/wp-content/uploads/2024/01/IDC777-Datasheet6.pdf?utm_source=chatgpt.com
https://fcc.report/FCC-ID/2AMWO-FSCBT1026/5376197.pdf?utm_source=chatgpt.com
https://linkwave.co.uk/wp-content/uploads/2024/01/IDC777-Datasheet6.pdf?utm_source=chatgpt.com
https://linkwave.co.uk/wp-content/uploads/2024/01/IDC777-Datasheet6.pdf?utm_source=chatgpt.com
https://linkwave.co.uk/wp-content/uploads/2024/01/IDC777-Datasheet6.pdf?utm_source=chatgpt.com

Make sure the module has a convenient host interface (UART or 12C) for configuration
(pairing, controlling audio path, volume, status). The IDC777 uses “AudioAgent”
firmware with UART commands. MikroElektronika Downloads

You (Jordan) being comfortable with microcontrollers should appreciate having a clean
command set to integrate into your control logic (e.g., switching sources, tracking
connection status, volume control, LED indicator).

My Top Pick for Your Project

Given your team is building a music-streaming system for sub-woofer/amp, and you have
good audio electronics background, here’s what I’d pick:

e Primary candidate: Feasycom FSC-BT1026D — gives aptX/AAC, A2DP, dual
mode, good price, good features.

e Ifyou want premium: I0T747 IDC777-1 — for “audiophile-wireless streaming”
scenario, especially if you use high-end amp/sub and want high fidelity.

o Ensure audio path: Choose whichever supports analog line out stereo or digital
interface your existing amp/DAC expects.

o Budget fallback: Choose one of the simpler modules with A2DP only (SBC) if
audio fidelity is less critical.

If you like, I can pull together a full comparison table of ~5 modules from DigiKey
(with part numbers, cost, footprint, antenna type, codec support, audio interface) and
highlight which PCB/footprint to pick for your team’s layout (so you can drop into your
PCB and not redo mechanical). Do you want me to generate that table?


https://download.mikroe.com/documents/datasheets/IDC777-1_Command_Manual.pdf?utm_source=chatgpt.com

