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Abstract
This paper proposes a low-cost, portable method for the amplification and use of human
electroencephalography (EEG) data to produce music. The amplitude of the EEG data,
reflective of mental state, was mapped to the musical characteristic of pitch such that an aural
representation of the mind was created. Note duration was also considered such that greater
changes in EEG signal level corresponded to shorter note durations while small changes were
mapped to longer durations, thus producing music tempo that mirrors changes in subject arousal.
Though specifically intended for use as a creative tool for musicians, the ties binding the brain
and the music it creates opens possibilities for various clinical applications.

Introduction
Electroencephalography (EEG) is the measurement of electrical activity on the scalp due to the
firing of millions of neurons in the brain. The voltage potentials associated with these neural
firings are typically on the order of tens of micro volts and in turn require amplification of
10,000 to 100,000 to be observed. Although usual EEG measurements taken from the scalp fall
into the frequency range of (1-20) Hz, activity has been observed extending over 100Hz.
The EEG frequencies of interest are loosely grouped into various bands, with each band
corresponding to (or sometimes predicting) a certain mental or physical activity as well as a
location on the scalp. Delta waves, the lowest frequency waves, are found up to 4Hz and are
normally associated with sleep in adults as well as attention. Theta waves span (4-8) Hz and are
usually indicative of lethargy or immobility. Alpha waves (8-13) Hz are associated with a
relaxed state and are usually prominent in coma patients. Beta waves (13-30) Hz are prominent
during times of prolonged concentration, while Gamma waves (30-100+) Hz are usually
associated with high level mental tasks.
EEG measurements are normally taken by placing electrodes at points of interest. A primitive
setup can be constructed with three electrodes; one as an active electrode placed where a high
level of activity is expected, one reference electrode placed at an area of low expected activity,
and one ground electrode. The active and reference electrodes are fed to the input of a
differential amplifier which amplifies the differential voltage between the active and reference
electrodes [1].
Musical Instrument Digital Interface (MIDI) is a standard which provides a means for
communication between various electronic instruments and computers. MIDI signals carry
messages that define control signals for many audio parameters including pitch and volume, as
well as information to synchronize multiple pieces of equipment.
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The advantage of using MIDI is that it permits the control of many other musical instruments by
one user controlled instrument. Because MIDI is a digital platform, many full sized instruments
can be supplanted by smaller modules or computer generated tone banks resulting in virtually
limitless possibilities for the user.
Musicians and producers of music alike are constantly on the lookout for new and unique ways
to create sound. Traditionally, much of the onus falls on the musician to translate some thought
or idea into a muscle movement to play an instrument, or to sing a note. Using EEG data as a
controller for MIDI provides a direct link between music and mind, thus eliminating the
conscious translation step. The somewhat random nature of the EEG signal was considered
because it allows for a progression of musical notes that may otherwise have never been
considered. The use of the MIDI standard adds to the creative spirit of this endeavor by giving
the user the option to hear their compositions on virtually any type of instrument, from strings
and piano to percussion. The user could even create a custom MIDI bank for a truly
personalized sound. Finally, the MIDI platform lends itself well to the proliferation of
computers in music recording and production, making further processing and textural
modification seamless [2].

Approach/Methods/Results
Armed with a basic knowledge of EEG signal specifications, along with a general knowledge of
the MIDI specification, a series of tasks needed to be executed in order to accomplish the
conversion from brain activities to music composition.

Signal
Acquisition

Amplification

A/D
Conversion

Filtering

Mapping

Synthesizing

Figure 1: Signal Processing Overview, from beginning to end. Several steps were taken in order to produce the musical
output at the end of the synthesizing stage.

1)
2)
3)
4)
5)
6)

Connect active, reference, and ground electrodes to human subject.
Amplify difference between active and reference electrode.
Filter amplified output to remove unwanted frequencies outside the range of interest.
Convert analog signal into digital signal.
Map signal amplitude to musical note.
Send note to MIDI synthesizer for playback.
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Electrode Selection and Placement
One of the most crucial components of the design was the selection of the EEG electrodes.
Several factors were considered prior to purchasing electrodes for use in the project.
The first point of consideration was the type of electrodes used. Electrodes can be classified into
two main categories, surface and subdermal. Within the surface category, there are several
different sub-categories including adhesive, cup disc, and flat disc type electrodes.

EEG Electrode

Surface

Adhesive
Gel

Disc

Flat

Subdermal

Needle

Cup

Figure 2: EEG Electrode Hierarchy, top down. The cup disc electrodes proved to
work extremely well, even using unshielded cabling [3].

Due of the nature of the project, subdermal electrodes were deemed unnecessary and adhesive
gel electrodes required additional expensive wiring, thus narrowing the choice to disc-type
electrodes.
The second point of consideration was the material composition of the electrodes. The five major
categories of electrodes based on material composition include gold (plated on silver), platinum,
tin, pure silver, and silver/silver chloride.
Electrode
Composition

Gold

Platinum

Tin

Low drift,
long time
constant

Silver

Silver/Silver
Chloride

Largest drift,
shortest time
constant

Lowest drift,
longest time
constant

Figure 3 Material Composition of electrodes, Ag/AgCl electrodes have the lowest
potential drift and the longest time constant making them the ideal choice for this
project [4].
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Among the available options, the silver/silver chloride electrodes were selected for their low drift
potential and long time constant. Due to cost limitations, disposable EEG electrodes were
purchased.

Table 1: Specifications for electrodes used in the project. These Ag/AgCl electrodes were disposable and meant for single use
only. Each package of electrodes consisted of 10 individual electrodes with safe-lead connectors [5].

Manufacturer
Product Number:
Size:
Type:
Composition:
Length:

Rhythmlink
DAGD152600
10 mm
Cup
Ag/AgCl
1.5 meters

Once the design and construction of the circuit were completed, various locations on the body
and forehead were tested for the optimal placement of the three required electrodes.
Active
Electrode

Reference
Electrode

Ground
Electrode

Forehead,
center

Ear, lobe

Ankle

Forehead,
temple

Neck,
back

Knee

Forehead,
temple

Wrist

Figure 4: Electrode Test Arrangements. The above
combinations were rigorously tested over several days to
determine the optimum electrode configuration.

After analyzing the various combinations of electrode placements, the optimal placement was
found to be:

Active
Electrode

Forehead,
center

Reference
Electrode

Forehead,
temple

Ground
Electrode

Wrist

Figure 5: Optimal Electrode Placement. The optimal placement was
determined to be an active electrode on the center of the forehead, a
reference electrode on the temple of the forehead, and a ground
electrode located on the wrist.
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Amplification Stage Design
Several factors were considered during selection of amplifiers for the gain stages of the circuit.
Due to the relatively high impedances of the electrodes, typically around 50 kΩ, the amplifier
required an extremely high input impedance to minimize signal attenuation. In addition, with the
EEG signal not often exceeding 10 µV peak-to-peak, a very large gain on the order of 100 dB
was necessary to boost the signal to a usable level.

| |

One of the greatest concerns in amplifying such low voltage signals was the introduction of
spurious noise at 60 Hz from power sources. This noise is several orders of magnitude larger
than the actual EEG signal and must be attenuated as to not interfere with actual signal of
interest. As a result, the common mode rejection ratio of the amplifier plays an important role in
the removal of such noise. To satisfy the requirements of the amplifier stage, the Analog Devices
AD620 instrumentation amplifier was selected for the first and second gain stages of the circuit
based on its high input impedance, high gain capability, and excellent common mode rejection
ratio.
Table 2: Analog Devices AD620 Figures of Merit [6].

Manufacturer:
Product Number:
Input Impedance:
Gain:
Common Mode Rejection Ratio:

Analog Devices
AD620ANZ
10 GΩ
1-10,000, variable
>130 dB

To achieve the 100 dB of gain that was needed, two instrumentation amplifiers were needed. The
first instrumentation amplifier was configured with a gain of 5000 (74 dB) to achieve the bulk of
the gain while operating well within its tolerances. By setting the gain of the second
instrumentation amplifier to 20 (26 dB), the total gain of the two stages met the requirements of
the amplification stage.

Filter Stage Design
After amplifying the EEG signal, several filtering steps needed to be taken to remove unwanted
frequencies and further attenuate 60 Hz line noise. Without the removal of those signal artifacts,
the EEG signal would be unusable [7].
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Passive High Pass Filter, cutoff @ 2 Hz

Active High Pass Filter, cutoff @ 2 Hz

Active Low Pass Filter, cutoff @ 60 Hz

Active Notch Filter, cutoff @ 60 Hz
Figure 6: Cascaded filter topology. This series of filters
restricted the pass band frequency range from 2 Hz to 60 Hz.

Prior to the first amplification stage, the EEG signal was first passed through a passive RC high
pass filter to minimize any DC offset resulting from electrode mismatches, and any drift
resulting from ultra-low frequency artifacts. This passive stage was added to the circuit after
noticing significant drift in output of the first instrumentation amplifier, causing the output to
saturate at the supply rails.

Passive RC High Pass Filter Design
C

Input

Output

R

Figure 7: Schematic of RC High Pass Filter

Theoretical Calculations:
Transfer function:

Magnitude:
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Figure 8: Simulated frequency response of passive RC high-pass filter

After implementing the passive high pass filter, a very slow moving drift was still present,
requiring additional high pass filtering to completely eliminate it. To address this issue, another
high pass filter was cascaded after the first instrumentation amplifier. In comparing active filter
types, the Butterworth filter was selected for its minimum pass band ripple and superior roll off
in the stop band. For this active high pass filter, a second order filter was implemented.
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Second-Order Butterworth High-Pass Filter Design
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4

R1
Input

C

C

2

LM741CN

6

Output

3
7

R2

1

5

VCC
4.5V
nd

Figure 9: Schematic of 2 order Butterworth high-pass filter

Transfer function:

Cutoff frequency:
√

The 2nd order Butterworth Polynomial:
√

First the normalized component values were calculated with

= 1 rad/s, and

√

√
√

Setting the cutoff frequency to 2Hz, the frequency scaling factor was calculated:
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By setting the capacitor value to

, the magnitude scaling factor was calculated:

From here the resistor values were found:

√

√

These values were within 1% of the standard values.
With the chosen values, the cutoff frequency was calculated as:

√

√

After high pass filtering the signal, low pass filtering was required to remove unwanted
frequencies above 60 Hz. This was done for two reasons. The first being that any frequencies
above 60 Hz were not relevant to the range of frequencies most commonly attributed to EEG
signals. In addition, the analog to digital conversion of the EEG signal required the use of an
anti-aliasing filter to prevent any distortion due to un-attenuated frequencies. Due to the steep
roll off requirements of the active low pass filter, a fourth order filter design was used.
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Fourth-Order Butterworth Low-Pass Filter Design
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Figure 10: Schematic of 4 order Butterworth low-pass filter

As a starting point the cutoff frequency was set to 50Hz.
The normalized 4th order Butterworth polynomial:

From this the normalized capacitor values were found to be:

Using a frequency scaling factor
and magnitude scaling factor
the actual component
values were calculated. The magnitude-scaling factor was set to 20, and the frequency scaling
factor was calculated as follows:
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Figure 11: Simulated frequency response of 4 order Butterworth low-pass filter with 50 Hz cutoff.

2nd version:
From the previous design, it was found that the magnitude scaling factor should be calculated first,
allowing the use of standard capacitor values. Using the same normalized capacitor values and setting
to 47 nF:
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Figure 12: Simulated frequency response of 4 order Butterworth low-pass filter with 50 Hz cutoff

3rd version:
In order to maximize the frequencies of interest, 0-50Hz, the cutoff frequency was shifted to 60Hz.
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Figure 13: Simulated frequency response of 4 order Butterworth low-pass filter with 60 Hz cutoff.
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Figure 14: Measured frequency response of 4 order Butterworth low pass filter with 60 Hz cutoff.

After low pass filtering with a -3dB frequency of 60 Hz, a significant level of signal noise was
present at 60 Hz. To address this, a final filter stage was cascaded in an effort to significantly
attenuate 60 Hz line noise.

Notch Filter Design
Because the signal source of interest an effective filter to eliminate as much 60Hz background
noise as possible was necessary. A high Q Twin T notch filter was chosen for this application
because it capably provides both high attenuation and adjustable, narrow bandwidth. Having a
narrow bandwidth is also of particular importance to this project because the frequency range of
the signals of interest is between (1-50) Hz.
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Figure 15: Schematic of high Q Twin-T notch filter.

The Transfer Function:

Which yields the following:
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σR

In attempting to utilize as many common component values as possible, the following
component values were chosen to test the filter topology:

Figure 16: Simulated frequency response of high Q Twin-T notch filter centered at 60 Hz.

From the simulation, it was clear that there were two rather large shortcomings with this design. First, the
bandwidth of the filter was over 20 Hz, and the notch itself was not centered exactly on 60 Hz. However,
from the filter transfer function, it could be seen that the σR and (1-σ)R resistive network controlled the
bandwidth of the filter, so this problem could be corrected. Additionally, variable resistors could be
added to the filter network to better center the notch at 60Hz.
Despite the correctable nature of the problems with the initial filter design, implementing the filter in
hardware proved to be problematic nonetheless. To achieve the capacitor values specified by the design,
more than a few unnecessarily complicated networks had to be implemented. Though the original design
was constructed to verify the functionality of the filter, it was clear that a re-design was needed.
Armed with a better knowledge of components readily available and an eye towards simplicity, the
following design was proposed:
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With these values, the filter would theoretically yield a bandwidth of

nd

Figure 17: Simulated frequency response of high Q Twin-T notch filter centered at 60 Hz (2 design)

As a first step, the filter was implemented as designed, with no variable resistors in the circuit.
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Figure 18: Measured frequency response of high Q Twin-T notch filter centered at 60 Hz.

Ideally, the bandwidth of the filter would be considerably more narrow, so as mentioned
previously, the σR and (1-σ)R resistors were made variable.
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60Hz Notch Filter Frequency Response
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Figure 19: Measured frequency response of optimized high Q Twin-T notch filter centered at 60 Hz.

Analog to Digital Conversion
In order to select the appropriate analog to digital converter, two attributes needed to be
determined.
The first parameter was the sampling rate. The usable frequency range of the analog stage of the
circuit was approximately 2 Hz to 60 Hz. Therefore, according to the Shannon-Nyquist theorem,

The minimum sampling frequency required to prevent aliasing should be larger than 120 Hz
which implies a sampling rate of 120 sps (samples per second). To ensure no aliasing, a
minimum sampling rate of 200 sps was specified.
The second attribute that needed to be determined was the resolution. Initially, the goal was to
have the capability to play the full range of notes specified by the MIDI standard as 0 through
127, which equated to 128 different notes. This would require a resolution of 27 quantization
levels, or a 7-bit ADC [8].
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Because both an analog to digital converter and microcontroller were needed for this project, the
Arduino Due was selected because of its integration of both components.
Table 3: Arduino Due Specifications [9].

ADC Channels:
ADC Resolution (bits):
ADC Speed (ksps):

16
12, natively set to 10
1000

As seen in the table above, the analog to digital converter on the Arduino Due more than
adequately met the requirements for the minimum sampling rate and resolution needed in this
project.
After the analog to digital conversion had taken place, the digital samples needed to be processed
in order to produce a usable output. The Arduino was also chosen to accomplish this task due to
the tight integration with the onboard ADC, along with the capability to send serial data out
through the USB programming interface.
Processing
At the time of writing the first iteration of the code, only one instrumentation amplifier had been
implemented in the design of the analog stage, therefore there was insufficient gain to use the
EEG electrodes as the signal input. Accordingly, a function generator was used to sweep the
frequency range of interest in order to test the code. The function generator was capable of
producing a sinusoidal waveform with a peak-to-peak voltage of 20 mV. The gain and offset
voltage of the instrumentation amplifier was adjusted until the output signal was centered on
1.65V with a peak-to-peak voltage of 3.3V.
The goal was to output one of 12 tones within one octave of a chromatic scale to a speaker based
on the value returned by the Arduino ADC. To accomplish this, the tone() function was used to
output a tone to a speaker directly connected to one of the PWM (pulse width modulated)
capable digital I/O pins available on the Arduino. The input arguments to the tone function were
as follows:
tone(pin, frequency, duration);

Using the table below, a vector of frequencies was created to correspond to the chromatic scale
beginning with C4 and ending in B4.
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Table 4: Note to frequency conversion chart [10].

int note_pitch[] = { 262, 277, 294, 311, 330, 349, 370, 392, 415, 440, 466, 494 };

The analog input pin A0 was used on the Arduino to receive the signal from the output of the
analog stage. Because the signal spanned the entire range of the ADC, a mapping would need to
occur between the 1,024 different input values, to one of 12 different output tones.
The Arduino’s math library includes a native function map(value, fromLow, fromHigh, toLow,
toHigh), that returns a value based on the parameters input into the function.
The function was implemented as follows:
long map(long x, long in_min, long in_max, long out_min, long out_max)
{
return (x - in_min) * (out_max - out_min) / (in_max - in_min) + out_min;
}

Thus the mapping function used was as follows:
pitch_level = map(analogPin, 0, 1023, 0, 11);

In short, any value between and including 0 to 1023 was converted to a value between 0 and 11.
Then, by using pitch_level as an index to vector note_pitch, the corresponding frequency was
then sent as an argument to the tone() function.
To simplify the code, a fixed note of duration 500 milliseconds was chosen, with a 500
millisecond pause inserted after each note. This translated to a rate of one note played per
second. While this served as a general proof of concept, the note duration was decidedly too
long, and the sinusoidal input allowed for no variation in the cycling of speaker tones.
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In the second iteration of the coding stage, several additions and modifications were made to the code to
improve the musical nature of the signal output. First, the range of notes played was changed from 12
notes to 128 notes. In addition, the duration of the notes was changed to 100 milliseconds and the delay in
between notes was removed. Finally, instead of sending the output to a speaker, the notes were sent as
MIDI commands to a laptop to be synthesized into simulated notes from an instrument.

Read analog
pin and store
in variable
EEG_sample

Map
EEG_sample
value to
corresponding
MIDI note

Send NoteOff
MIDI
command to
pc

Send NoteOn
MIDI
command to
pc

Pause for 100
milliseconds

Figure 20: Polling strategy for second iteration of code.

Again, a mapping function was used to select the appropriate note. However, a vector of frequencies was
no longer needed as the MIDI specification allowed for a value between 0 to 127 to be directly mapped
onto.
Table 5: MIDI note conversion table [11].

Thus the mapping function used was as follows:
map(analogPin, 0, 1023, 0, 127);

At this point, a second gain stage using the LM741CN op amp as a non-inverting amplifier with negative
feedback had been added to the analog circuit. The EEG electrodes were now connected to the circuit and
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producing a crude waveform. However, several issues with the resulting waveform were a cause for
concern.
The first issue that was discovered was that the ability to set the required DC offset on the instrumentation
amp to force the analog EEG signal to fall within the required output level was inversely proportional to
the gain set on the same amplifier. This significantly reduced the amount of usable gain available from the
instrumentation amplifier. This was compensated by the gain of the second stage however the resulting
waveform had a fairly low signal to noise ratio (SNR).
The second issue that was discovered was that the output waveform would slowly drift from a zero dc
offset to either the positive or negative supply rails. The cause of the problem was not known at the time
so to compensate for this, the full-range of the ADC was used to map to the smaller subset of notes.
In the final iteration of code, after the passive and active high pass filters were added to the circuit, the
code was modified to reflect the following changes.
First, the stabilized analog circuit was now producing a signal with a peak-to-peak voltage of 1V and a
DC offset of 1V was purposefully introduced to accommodate the input voltage range of the Arduino
analog to digital converter. The analog voltage of the EEG signal which was between 0.5V and 1.5V
corresponded to the digital values below:
Signal minimum:
Signal maximum:
This input range of 155-465 was instead mapped to the 4th and 5th octave of MIDI scale, corresponding to
a range of 24 notes. This led to the following mapping:
map(analogPin, 155, 465, 48, 71);

As a result, any value between and including 155 to 465 was converted to a value between 48 and 71.
Because the function does not constrain values to within the bounds of the output maximum and
minimum values, the call to the map function is followed by a call to the constrain() function that is
used to bound the resulting MIDI values.
Second, the speaker functionality was added back into the code using the same frequency vector from the
first iteration.
Third, a potentiometer was added to the Arduino that was used control a new option, the ability to shift
frequencies on the fly. A mapping was created to map one of the 1,024 values generated by the
potentiometer to a number between 0 and 24, corresponding to the ability to shift the compositions up to a
maximum of two octaves, note by note.
Lastly, code was added to vary the note duration, based upon the difference in amplitude between the
current and previously sampled values read from the analog to digital converter. This difference was then
mapped to one of 4 different note durations, adding another dynamic to the music that was synthesized.
The durations were set at 150ms, 300ms, 450ms, and 600ms.
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In order to play the MIDI tones through a synthesizer, the serial interface pins on the Arduino could be
connected to a MIDI breakout board in order to use the standard 5-pin MIDI cable. Instead, for this proof
of concept device, the Arduino was connected to a laptop via the programming USB interface, and a
virtual serial port was bound to the software MIDI synthesizer using a freeware application: Serial MIDI
Converter written by Spikenzie Labs.
Code was written to set the MIDI instrument to be used along with sending the actual note on and note off
commands to the MIDI synthesizer.
To set the instrument, the following code was used:
Serial.write(0xc0);
Serial.write(0x50);

The command 0xC0 represents the change instrument operation for channel 0, and 0x50
corresponds to MIDI instrument 81 because instrument numbering begins with 1.
For sending note on and note off commands, the following function was used
void noteOn(int cmd, int pitch, int velocity)
{
Serial.write(cmd);
Serial.write(pitch);
Serial.write(velocity);
}
This function takes in three arguments, the command, the pitch, and the velocity. For the code
used, the velocity was set to its maximum value of 0x7E. The command for turning a note on
was 0x90, which also again specified channel 0. The pitch was specified as a value between 0
and 127. Turning a note off was identical to turning on a note except that a velocity of 0x00 was
specified.
The end result was a stabilized high gain, filtered EEG signal, sampled and mapped to musical
notes, and played back through a speaker and MIDI synthesizer.
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Figure 21: Real-time EEG data viewed on oscilloscope.

Cost Analysis
The complete cost of our device was $84.14. An itemized pricelist of individual components is
listed below. Passive components are omitted due to their relatively small cost.
Table 6: Itemized price list of prototype circuit.

Quantity
2
5
1
1
2
1

Item
AD620, Instrumentation Amplifier
LM741CN, Operational Amplifier
DAGD152600, Rhythmlink Cup Electrodes
Conductive Gel
AAA battery holder
Arduino Due

Unit Price
$ 6.75
$0.29
$7.25
$9.95
$1.02
$49.95
TOTAL COST

Total
$13.50
$1.45
$7.25
$9.95
$2.04
$49.95
$84.14

.

Assuming a volume of 1000 units, if this device were manufactured in bulk the price per
complete unit is drastically reduced. The Arduino Due utilizes an Atmel ATMEGA328
microprocessor, which can be purchased at a significantly lower cost as a surface mount IC. All
of the components can be soldered directly to a custom printed PCB and packaged in an
enclosure. The cost per device is reduced from $84.14 to $16.94.
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Table 7: Itemized price list for mass-produced device, having a production volume of 1000.

Quantity
2000
5000
1000
1000
1000
1000

Item
AD620, Instrumentation Amplifier
LM741CN, Operational Amplifier
Atmel ATMEGA328
Custom printed PCB, pad2pad.com
9V battery clip
125B Enclosure
COST

Unit Price
$ 4.30
$0.22
$1.63
$0.93
$0.43
$4.25
$16.94

Total
$8,600.00
$1,100.00
$1,630.00
$930.00
$430.00
$4,250.00
$16,940.00

Future Directions
Future plans include increasing the complexity of the music produced, as well as testing the
plausibility of clinical applications. By adding a Fast Fourier Transform to the Arduino code,
frequency of the EEG signal could be mapped to additional musical attributes (loudness, timbre,
etc.) of the output. This would increase both the complexity of the music and influence of the
subject’s brain activity on the output. Using multiple electrodes, each controlling different MIDI
instruments, a virtual musical ensemble could be constructed. Active electrodes could also be
utilized to increase the precision of the input signal.
Recent research has focused on the prediction of seizures though non-linear changes in EEG data
minutes prior to the onset of an epileptic seizure [12]. This departure from normal activity could
potentially be detected and sound an alarm to serve as an early warning. Research has shown that
sensory stimulation of patients can reduce the duration of acute coma [13]. This circuit may
create a positive feedback system such that the music created by a coma patient’s mind further
stimulates their brain. Other recent studies suggest that an individual’s pain sensitivity can be
determined though analysis of EEG data, allowing this device to potentially serve as an alarm
system to notify a surgeon when a patient is experiencing pain [14].

Conclusion/Summary
The design goals of this project were to implement a low-cost, portable system to create music based on
EEG data. The realized design was capable of playing MIDI instruments in addition to producing an
analog speaker output. Through rigorous design, simulation, and testing of component stages, as well as
careful software coding, a satisfactory prototype was created.
Throughout the design process, several unexpected issues arose, including finding proper placement of
the electrodes, drift of the output signal, and an excessive DC offset in the input signal. Finding
appropriate electrode placements was a function of trial and error as well as functionality. Ideally, the
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active electrode would be placed in an area where high brain activity is expected, while the passive
electrode would be placed at an area of lower expected activity. However, keeping the reference
electrode stable in areas of low activity such as behind the ear or neck proved to either be uncomfortable
or yielded inconsistent results. Finally, it was determined that the best observed EEG signal was attained
by placing the active electrode on the upper-middle of the forehead with the reference residing at the
temple. It was hypothesized that the signal drift could be due to very low frequency components in the
signal, so the passive RC high pass filter was added before the input of the instrumentation amplifier.
The observed results confirmed the hypothesis as the drift issue was eliminated. In addition to alleviating
the signal drift, this filter eliminated much of the DC offset issue that was observed. To further stabilize
the output, the active high pass filter was added.
Having a system in place which creates an aural cue to brain activity opens the possibility for biomedical
applications in addition to its functionality as a novel instrument and creative tool. Potential applications
include an early warning system for the onset of seizures, an alert system for surgeons to detect if a
patient is in pain, and a positive feedback system for coma patients such that the music created further
stimulates their brain.
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Appendix
Arduino Code
EEG v3.0

// DEFINE CONSTANTS
const int analogPin = A0; // the pin that the potentiometer is attached to
const int shifter_in = A1;

// INITIALIZE INTEGERS
int shift=0;
int note_old=0;
int note_diff=0;
int duration=0;
int speaker=0;
int note_pitch[] = { 262, 277, 294, 311, 330, 349, 370, 392, 415, 440, 466, 494 };
void setup()
{
// Set MIDI baud rate:
Serial.begin(38400);
delay(10000);
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// Set instrument
Serial.write(0xc0);
Serial.write(0x50);
}

void loop() {
// Read inputs
int sensorReading = analogRead(analogPin);
int shift = analogRead(shifter_in);
// Maps inputs to outputs
int note = map(sensorReading, 140, 465, 48, 71);
note = constrain(note, 48, 71);
speaker = map(sensorReading, 140, 465, 11 , 0);
speaker = constrain(speaker, 0, 11);

note_diff=abs(note-note_old);
duration=map(note_diff,0,23,1,3);
duration = constrain(duration, 1, 3);
shift = map(shift, 0, 1023, 0 , 24);

// Play notes
noteOn(0x90, note+shift, 0x7e);
tone(2, note_pitch[speaker]*(shift+1)/8, duration*150);
// Delay for note duration
delay(duration*150);
note_old=note;

//Note on channel 1 (0x90), some note value (note), silent velocity (0x00):
// Turn off notes
noteOn(0x90, note+shift, 0x00);
noTone(2);
}
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// MIDI noteon function. Sends MIDI commands out through serial port.

void noteOn(int cmd, int pitch, int velocity) {
Serial.write(cmd);
Serial.write(pitch);
Serial.write(velocity);
}
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