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Abstract  —  Music is an art form that can be expressed in 

many forms and is derived from various origins. The choice 
to design a guitar amplifier is to explore both music and 
technology. When appreciating music, it is not always 
apparent what is producing the notes, chords, and rhythms 
that are enjoyed. Exploring the technological side of this art 
form is the main objective of this project. The guitar 
amplifier project can be broken into four main systems these 
include the power system, analog effects, digital effects, and 
the user interface. These four systems encompass a wide 
variety of design concepts and challenges. 

Index Terms  —  Analog Design, Digital Design, Power 
Amplifier, Bluetooth. 

I. INTRODUCTION 

    In order to research, test, and finalize a design requires 
numerous electrical and computer engineering skills. A 
main feature of the guitar amp is that it has two built in 
effects systems. There is an analog effects channel and a 
digital effects channel. These require the knowledge and 
application of many electrical engineering concepts. The 
purpose of the having the analog and digital independent 
will give a nice contrast to each other. Typically, there is a 
distinction between the digital and the analog effect 
systems, the choice to include both will be a unique 
feature of the design.  
   The power system requires many electrical engineering 
concepts. It is a custom design and requires the knowledge 
of designing multiple stages that will come together to 
power the amplifier. The system includes the power 
supply, pre-amplifier, and post-amplifier. The system is 
vital to hearing the output of the guitar and to ensure there 
is low noise.  
   The last component of the guitar amplifier is a custom 
user interface. This will be used to control the digital 
effects system. The design will cover software engineering 
concepts at both the low and high levels. The musician 
will select the effects from the interface and will be able to 
control certain aspects of the effects, giving the user more 
control over the sounds.  

   The guitar amplifier housing contains two main 
elements. The first element is the cabinet, which contains 
the speakers. The second element is the head, which 
contains the main electrical system. The type of guitar 
amplifier that was chosen be designed was a “practice” 
amplifier. This would keep the overall cost down but still 
proved a high quality sound. Overall the guitar amplifier is 
a challenge that our group was willing to take on. It 
provided a medium to apply many different design 
concepts and examine how they could all come together 
into one.  

II. PROJECT SPECIFICATIONS 

   This design project will satisfy the follow specifications: 
 

• Output power rating: 50 Watts 
• Frequency Response: 5 Hz - 100 kHz 
• Distortion THD: 0.1% (1 kHz at 30 Watts) 
• Input impedance: 500 kΩ 
• Output impedance: 4 - 8 Ω 
• Signal to noise ratio (S/N): 80 dB 
• Bluetooth Range: Less than 50 meters 
• One and a half feet to two feet tall for cabinet 
• One and a half to two feet wide for cabinet 
• Six analog effects  
• Eight digital effects 

III. DESIGN OVERVIEW 

   A functional block diagram of the system was 
constructed to dictate the flow of information through the 
system and highlight how each system will interact with 
each other. It describes the big picture of the design that 
will be explored in detail throughout the report. The first 
step of the diagram shown in Figure 1 is the input; this 
comes from the guitar. After the guitar is played the 
signals goes to either the digital or the analog effects 
block. If the digital portion is utilized then the user 
interface comes into play. Both effect blocks require the 
power’s supply as well as a wireless component for the 
user interface. After the guitar input has been processed 
either by the analog or the digital block it is passed 
through the pre amplifier. This will have volume and tonal 
control. The next block is the power amplifier; it is what 
regulates the power that drives the last block, the speaker.    
The power supply provides the power to the pre amplifier, 
power amplifier, analog effect, digital effect, and the 
wireless component to share data between the PC and the 
digital effects. 
 
 



 
Figure 1: System Block Diagram 

IV. SUBSYSTEM ANALYSIS 

 A. Guitar Output  
 
   The guitar’s output is dependent upon the changes 
mainly on the finger positions on the fretboard. When the 
player varies their finger position it controls the 
frequencies that are output. The mechanical vibrations of 
the strings are received through the pickups and converted 
to an electrical signal. The pickups are embedded on the 
guitar. Plucking the low E string produces the following 
waveform. 

Figure 2:  Low E string guitar output 

 
 
 
 
 
B. Analog Effects system 
 
   Effect pedals are a medium to make unique sounds, 
allowing the manipulation of the sound waves coming 
from a guitar. Analog effect pedals use multiple means to 
control the sound from a musical instrument. These are 
not only limited to guitars, but to any other electrical 
instrument. For the design of this guitar amplifier, 8 
effects pedals have been implemented into it for the ease 
of the musician. Instead of incorporating each pedal 
individually, musicians are able to simply stomp on their 
preferred effect.  They are also able to mix effects by 
keeping their stomp switch in the “on” position. This 
allows the user to mix effects together to reach an 
acquired sound. From clipping circuits to feedback loops, 
effects pedal bring the guitar to another level.  The 
manipulation of the sound waves takes a clean guitar 
sound to something beyond ordinary. It’s easy to see what 
guitar effects have grown over the years. 
 

 
Figure 3: Analog Effects Block Diagram 



    There will be 6 analog effects in total for the guitar 
amplifier.  All six effects will be daisy changed to each 
other using 3PDT switches for true bypassing when the 
effect is not desired.  Three of the six effects will be 
highlighted below for briefness. 
   Octave Up - Octave pedals have become famous for 
their ability to move the octave of a guitar either up or 
down. The octave up pedal uses a full-bridge rectifier to 
make the sign wave always positive, rather than oscillating 
into the negative y-axis. This synthesized sound, our 
newly acquired octave, then gets mixed back in with the 
original signal producing the desired sound.   
  

 
Figure 4: Octave Up Schematic 
 
   As stated before, the octave up effect changes the octave 
of the guitar sound by “folding” the signal up, as to double 
the signals frequency.  In order to double the frequency a 
full-wave rectifier is incorporated into the design.  1N4149 
are small signal fast switching diodes that are used for the 
full-wave rectifier.  This is a Graetz bridge rectifier.  This 
will double the waveforms polarity thus double its 
frequency.  This is the same as going up an octave within 
a scale range.  The full-wave rectifier is the beneficial 
factor to the octave-up pedal. 
   The board has been designed to run on a 9V supply.  A 
voltage divider is integrated in the beginning of the circuit 
to provide 4.5V to the NE5532AI operational amplifiers.  
The NE5532 are high performance operation amplifiers 
that amplify the signal coming in from the guitar.  They 
are listed to be very low noise, high output-drive 
capability, high unity gain, and are rail to rail output.  This 
is ideal for the amplification purposes of the octave up 
pedal.  
   Tremolo- The tremolo is an effect that is centered on a 
signal’s frequency. One of the main factors for the tremolo 
is a positive feedback loop. As the signal comes back in 
phase, a low-pass filter is incorporated to produce 
frequencies at the subtonic level (below 20 Hz). This 
feedback loop followed by a low-pass filter produces a 
low frequency oscillator. Most tremolo low frequency 
oscillators work at frequency range of 3-10 Hz. The new 

signal coming from the low frequency oscillators then 
feeds into an opto-isolator.  As the peaks of the sine wave 
hit the opto-isolator, the resistance within it decreases. As 
the sine wave gets closer to 0, the resistance in the opto-
isolator then increases. This would have the same effect as 
turning the volume knob up and down. There is an 
intensity knob that helps controls the signal strength as to 
not cancel it out completely. 
 

 
Figure 5: Tremolo Schematic 
 
    Traditional tremolo circuits include the uses of positive 
feedback loops that are filtered to lower frequencies.  
Those are then used with opto-isolators to produce the 
tremolo sound most people are fond of.  The circuit 
designed uses a square wave from a LM555C timer. 
   The square wave that is produced from the LM555C can 
be controlled through its duty cycle.  That is the purpose 
of the 100-ohm potentiometer.  The change in resistance 
affects the duty cycle of the square wave being produced.  
The square wave is then fed into the LM386, changing the 
amplification of the guitar.  This is equivalent to turning 
the volume control up and down.  The 100-ohm 
potentiometer is representative of a depth knob on an 
actual pedal.  This controls the rate of the pulses, rather 
the volume modulation.  
   Once the square wave signal has been produced from 
the 555 timer, a PNP transistor (Q1) inverts the -9V 
signal.  This makes the guitar signal oscillate.  The output 
of the emitter then feeds the voltage Vs of the LM386. 
   The LM386 is a low distortion power amplifier used for 
low voltage consumption.  Figure 3.3.11 represents the 
power amplifier within the tremolo circuit.  It has an 
eternal gain of 20, but can have its value changed to 200.  
For the purpose of the tremolo, the external gain is set to 
200.  This is done by adding the 10 μF capacitor to pins 1 
and 8.  Once the signal has been fed in after the PNP 
transistor, the LM386 amplifies the signal and produces 
the desired effect.  



    Big Muff - The Big Muff was created in the late 1960’s 
by Mike Matthews who partnered up with Bob Myer from 
Bell Labs. It was a hit in the 1970’s and most musicians 
had it in their pedal line-up. Although there are multiple 
versions of the Big Muff, the decision was made to go 
with the first original version, the Triangular Big Muff. 
The Big Muff consists of four transistor stages 
 

● The first stage is considered a clean boost, which 
then feeds and drives the next two states. 

● The second and third stages are the clipping 
stages which provide the distortion effect of the 
Big Muff 

● The final stage is a tone recovery stage that 
recovers the volume lost through the second and 
third stages 

 
    NPN silicon transistors are incorporated into the Big 
Muff pedal for the four stages.  There are three knobs to 
the Big Muff: Volume, Sustain and Fuzz (Tone). All 
knobs are 100K potentiometers implemented into the 
design. The sustain knob is located after the first transistor 
stage. The tone is after the third, and finally the volume is 
on the last stage of the Big Muff circuit. Although the Big 
Muff is known for going through so many changes 
through its 40-year stance, it is one of the most well-
known guitar pedals in history. 
 

 
Figure 6: Big Muff Schematic 
 
   The Big Muff was the most intricate circuit to be applied 
to the design of the guitar amplifier.  With four stages of 
NPN transistors along with varies values of resistors and 
capacitors, the Big Muff raised a challenge.  
   The first stage uses a MMBT5088 NPN general purpose 
amplifier.  This stage is regarded as the clean booster 
stage.  The signal is amplified within the MMBT5088 and 
then is fed to the 100-kiloohms potentiometer.  This 
controls the sustain of the signal.  Sustain in distortion 
pedals works like a compressor pedal does.  The 
difference is that, it does not compress the higher signals.  
It does amplifier lower signals, but does not keep them 
from clipping.  It increases the signal amplitude very 
large, and allows for the signal to be cut off.  The change 

in sustain changes the amount of “cutting off” the 
transistor does to the incoming signal. 
    The second and third stages are equivalent and are 
considered the clipping stages.  The MMBT5088 is used.  
Both circuits have 1N4149 diodes for the purpose of 
clipping the circuit further. The potentiometer after stage 
three is the tone setting.  The tone weakens the signal 
going into the fourth stage to give it the gritty and dirty 
tone distortion effects wish to achieve. 
   The final stage is the tone recovery stage.  The last stage 
is used with the MMBT5088.  The final stage helps 
recover some of the audio gain that was lost, at 
approximately 8 dB.  Finally the signal is lead into the 
third potentiometer that controls the volume output of the 
distorted signal.   
    
C. Digital Effects system 
 
   The first step in designing the digital effects system was 
to decide how the audio data would be input, processed, 
then outputted. A general purpose processor was not 
needed so the choice to use a digital signal processor was 
made. After consternation the TMS320C5515 eZdsp was 
selected. It was the best choice in respect to cost and met 
all performance measures desired.  
   Eight effects were developed fuzz, echo, reverberation, 
robot, fuzzy tube, phase, tin can, and chorus. Echo, 
reverberation, and fuzzy tube will be discussed. 
   Echo is an effect that takes the guitars output, time shifts 
it, and plays it over the current input. This creates more 
layers to the sound. It can even give the impression that 
two players are playing when there is only one. 

Figure 7:  Echo Network 
 
   The echo algorithm has two main parameters, the 
amount of the signal that is repeated and the delay 
between input signal and the echo. The delay is created by 
a scalar value. When it is set to a high value the echo can 
be heard clearly. When it is decreased to low value the 
echo is very close to the input in time and sounds similar 
to a mild reverberation effect. The size of the echo array 
can be changed to save more of the time shifted input. 



   Reverberation is similar of the echo effect but it still 
creates a unique sound that makes it stand out from it. 
Reverberation adds fullness to the sound. It is 
implemented by taking a time shifted output and playing it 
over the newest input. 
 
 
 
 
 

Figure 8:  Reverberation Network 
 
   The reverberation algorithm has two main parameters, 
the amount of the delayed output that is repeated and the 
delay between input signal and the delayed output. The 
delay is created by a scalar value. When it is set to a high 
value the reverberation effect can be heard clearly. When 
it is decreased to low value the effects is very mild. The 
size of the reverberation array can be changed to save 
more of the time shifted input. By increasing the size of 
the reverberation array the effect starts to resemble the 
echo effect. 
   Fuzzy tube is a modulation effect. It takes a clipped 
guitar input and modulates it with the guitars input. The 
clipped input is generated from the fuzz algorithm. The 
flowing wave form was collected to demonstrate the 
clipping. 

 
Figure 9:  Clipped waveform 
 
   After the input is modulated with this waveform it’s 
amplitude is then reduced and it is outputted. The 
modulation effects create the most drastic change in 
sounds from the original guitar output.   
 

D. User Interface 
 
   Creating interaction between the TMS320C5515 and the 
user was accomplished by integrating a custom interface 
designed using the Java IDE Netbeans. The design allows 
the user to select from a list of effects which, to an extent, 
can be modified through various parameters 
corresponding to each effect. It was decided that only one 
effect would be modified at any such time since mixing 
two or more distorted signals would create an agitated 
noise. The design therefore considers each effect 
separately as it is processed. A few of the effects will not 
be alterable which was reinforced visually to the user by 
disabling all necessary parameter buttons when  
specific effects are clicked. As shown in figure x, the 
effect chosen is accentuated by the green, and 
modifications can be made only to the enabled parameters. 
The mute button was chosen precisely to show green all 
the time since it would always be available for the user, 
regardless of the effect indicated. The default setting when 
opening the GUI is set to declare no effect chosen and all 
parameters are shown as greyed out/disabled. Once an 
effect is selected, its compatible parameters are enabled. 
The user must select the “update current parameters” for 
any changes to be heard in the signal. This button is 
necessary any time an effect is desired, whereas it is 
disregarded for the “none” button. 
 

 
Figure 10:  Reverb effect shows when clicked only two 
parameters (depth, N) are enabled  
 
   The jSSC (java serial port communication) library was 
used to communicate between the laptop (Bluetooth 
dongle) and the DSP board (using the RN-42). First, the 
name of the serial port was detected. Next, the serial port 
was opened, and the following parameters were set 
(115200 baud rate, 8 data bits, 1 stop bit, and no parity.) 
After opening the port, data was written and read to/from 
the port successfully. The final step in configuring the 
pairing between the GUI and the DSP was to set an event 
mask and a serial port event listener for the related com 
port.  



   The final program to be successfully flashed on the DSP 
was based on the CSL_UART_INTexample, where the 
UART parameters were updated to match those specified 
for the RN-42. It was discovered that the USB drivers for 
Java and CCS were contradicting; Therefore, the plan to 
flash the program to run as a standalone application was 
necessary in order to verify the BT connection, since trial 
and error yielded unsuccessful results when trying to test 
the USB connection first.  
   Substantial testing in CCS verifies that the program is 
successfully running while in debug mode. The potential 
problem is mentioned extensively on TI’s E2E Support 
Forum, where many posts regarding the flashing issue are 
simply left unanswered, or barely addressed. The 
TMS320C5515 board has been in production since 2010. 
Despite this ample period of time, these frequent issues 
are still unexplored.  
 
E. Pre amplifier system  
 
    Pre Amplifier circuit design is vital to the success of the 
overall amplifier design because the Pre amplifier is the 
first stage of the whole system.  Any noise generated in 
this stage will be amplified after signal getting into the 
second stage.  First, using good quality of IC’s is 
important since the main components are two Op Amps 
IC’s.  Secondary, low variations of resistors and capacitors 
should be used.  For resistors, precise 1% metal films 
resistors and 5% capacitors will be used.  Third, the power 
supplies to the Op Amps must be as stable and smooth as 
possible.  AC ripples reduction is accomplished by parallel 
connected capacitors along the power supply pins of the 
two Op Amps.  The circuit descriptions for the three 
stages of the pre amplifier are explained as the following. 
   Band Pass Filter - The input to the pre amplifier circuit 
is the signal coming out from either analog or digital 
effects modules.  R1, C1, R2, and C2 complete an initial 
band pass filter in such a following way.  R1 and C1 form 
a low pass filter.  The cutoff frequency can be obtained by 
fc = 1 / (2πR1C1) = 1.6 MHz.  C2 and R2 form a high 
pass filter.  The cutoff frequency is fc = 1 / (2πR2C2) = 4 
Hz.   
   First & Second Stage Op Amp - The first and second 
gain stages use two same op amps IC’s of OPA-134 from 
TI.  They are connected in noninverting configuration for 
having large input impedance.  Also the signal is further 
filtered by the active filters completed by both OPA-134’s 
configurations.  The low pass filter is established by R4 
and C3, as well as R9 and C8.  The cutoff frequency for 
this LP filter is determined by fLC = 1 /  (2πR4C3)  = 
19.5 kHz.  The high pass filter is established by R5 and 
C4, as well as R10 and C9.  The cutoff frequency for this 
HP filter is determined by fHC = 1 / (2πR5C4) =  30 Hz.  

C10, C11, C12, and C13 are bypass capacitors to 
minimize the power supply noise.   
   Gain & Tone Control - The equalization circuit used in 
this pre amplifier is the “tone stack” used in early Fender 
tube amplifiers.  The treble capacitor C5 is on top of the 
stack.  C5 and the combination of three potentiometers 
VR1, VR2, and VR3 complete a high pass filter.  The bass 
capacitor C6 is in the middle of the stack.  R6, C6 and the 
combination of VR2 and VR3 complete a low pass then a 
high pass filter.  The mid capacitor C7 is at the bottom of 
the stack.  As the bass circuit, R6, C7, and VR3 complete 
first a low pass then a high pass filter to let the mid 
frequency through.  Finally, adjusting the VR4 will 
determine the loudness by adjusting the input to the 
second Op Amp.  Due to the human’s ears logarithm 
reaction to the loudness, a log scale of potentiometer VR4 
should be chosen.   
   The complete final pre amplifier circuit schematic is 
shown in Figure 11. 
   

 
Figure 11: Pre Amplifier Schematic 
 
F. Power amplifier system 
 
   The successful design of power amplifier will depend on 
the stability of the circuit.  In order to make it stable, the 
bias for transistors should be stable.  It is accomplished by 
using negative feedback from output to input.  Also, one 
must consider the temperature rises during the operation.  
The power transistors will generate great amount of heat.   
Attaching heat sinks is the most common method to 
dissipate the heat.  Due to the amount of output power of 
this project, a fan is not necessary.  In addition, the bias 
transistor for the power transistors will be attached on the 
same heat sinks.  So its temperature parameters will have 
the same changes as those power transistors.  The circuit 
descriptions of the four stages of the power amplifier are 
explained as following.   
   Input Stage - Transistor pair of Q2 and Q3 form a 
differential circuit input stage.  The input signal (output 
from the pre amplifier) is fed into Q2, while the output 
signal is fed back into Q3 through R9.     Transistor Q1 
provides constant current for Q2 and Q2.  The value of the 
constant current source can be calculated by (VD1-VBE) / 
R3 = (12 - 0.55) / 5.6 = 2 mA.  C2 and R2 form a RF filter 



with the cutoff frequency equal to 154 kHz by using fc = 1 
/ (2RC).  The input impedance of input stage is about 50 
kΩ. 
   Voltage Amplifier Stage (VAS) - Transistor Q5 is a 
common emitter amplifier to provide the effective voltage 
gain for the output stage.  The output of Q2 from the 
differential amplifier input stage comes into the base of 
Q5.  The output of Q5 goes into driver Q8 and Q9.  C7 is 
for Miller compensation.   
   Output Stage - Transistor Q4 provides the biases for Q8 
and Q9.  The trim pot TR1 and a couple of resistors form 
an adjustable bias for Q4.  Adjusting TR1 can change the 
Q-point of Q4, in turn change the DC bias for Q8 and Q9.  
Since power transistor Q10 and Q11 operate in high 
temperature, their parameters would change during 
operation.  To minimize this temperature effect, Q4 will 
be mounted on the same heat sink with Q10 and Q11 so it 
has same temperature change effect.  This will keep 
providing proper biases for Q8, Q9.  Transistor Q8 and 
Q10 as well as Q9 and Q11 form two complementary 
Darlington pair, thus this is a push-pull operation.  Power 
amplifier circuits are vulnerable to instability.  It is mainly 
caused by both phase shifts introduced by the feedback 
loop and imperfections of components.  The most 
common result of these unwanted effects is high 
frequency oscillation.  This circuit can provide oscillation 
prevention in the following ways.  A simple low pass RC 
filter (C2, R2) preceding the input stage is designed to 
filter out RF.  C4 is a HF feedback capacitor used for 
decreasing gain at higher frequencies and therefore 
prevent oscillation.  C8 and C10 are capacitors to 
eliminate noise from power supply.  R23 and C9 form a 
Zobel network which used to compensate for the speaker’s 
inductance.   
 

 
 Figure 12: Power Amplifier Schematic 
 
   Circuit Protection - To protect a false condition, usually 
a short circuit load, there should be some types of circuit 

protection in output stage.  A usual way to do this is by 
inserting a current limiting circuit before the drivers of 
power transistors.  This allows time for a fuse to blow.  
Transistor Q6 and Q7 provide such a short circuit 
protection.  Should a short circuit load occur and when the 
output current increase to 3.33A, the voltage drop across 
R21 reaches 1.10 V.  Q6 will be conducted through R16 
and R19 voltage division network.  This will drain the 
current from the base of Q8, and the current at the emitter 
of Q10 will be minimized.  
   The complete final power amplifier circuit schematic is 
shown in Figure 12.   
 
G. Power supply system  
 
  The primary winding of the transformer T1 is connected 
to 115 VAC through the double poles single throw 
(DPST) switch and line fuse F1.  The reason to use double 
poles switch is guaranteed to cut off the hot line even 
when the plug is in backward.  Line fuse F1 is a slow blow 
fuse.  T1 is the single primary and single secondary 
windings with center tap.  BR1 is the bridge rectifier for 
full wave rectification.  C1 and C2 are filter 
capacitors.  C3 and C4 are noise bypass capacitors.  R1 is 
the bleeding resistor, which is in series with a LED.  Fuse 
F2 and F3 are rail fuses.  Regulator IC’s LM7805, 
LM7809, LM7815, and LM7915 are connected in 
parallel.  The input to those IC’s is the 30 VDC.  Each 
output is again filtered by C5, C6, C7, and C8.  The 
finished circuit for the power supply illustrated below in 
Figure 13. 

 

Figure 13: Power Supply Schematic 



V. CONCLUSION 

 
   Overall the project was a success. The guitar amplifier 
with analog and digital effects encompassed many 
engineering challenges that were overcome by the group. 
All subsystems came together to make one main system 
that meet the group’s goals and expectations.  
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