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Abstract (250 words or less):

My project is the Super Speaker, and its purpose is to improve low-quality speakers by using digital signal processing (DSP) to
cancel out imperfections in the speakers’ sound.

I have always had low-quality speakers, and | envied my friends who had higher-quality speakers. The average person spends
1,045 hours each year listening to music, and 82% of people have upgraded or changed services or devices to improve sound
quality. High-quality sound enhances the music-listening experience. According to a study by Williamson, South, and
Mullensiefen, people who listened to higher-quality sounds felt more emotions and listened for longer.

The Super Speaker improves speaker quality without breaking the bank:

1) The program plays pure sine waves evenly spaced in the audible range (20Hz — 20,000Hz) and records the played signal.
2) The program takes a Fast Fourier Transform (FFT) of the recordings.

3) The program takes a power spectrum of the FFT to obtain the spectral power (volume) of the played signal.

4) The program adjusts the low amplitude spectral frequencies up and the high amplitude spectral frequencies down to equalize
each signal’s response to the speaker.

5) The program inputs these adjusted points into a cubic spline. The cubic spline outputs a smooth continuous curve that can
adjust any frequency.

6) A FFT is taken of the playable sound, and the cubic spline curve is multiplied by the signal.
7) To produce a playable sound, the program takes an Inverse Fast Fourier Transform (IFFT) on the transformed signal.
8) The low-quality speakers play the transformed audio signal.

| implemented this project in Python using numpy, scipy, matplotlib, asyncio, and sounddevice.

I hereby certify that the above statements are correct and the information provided in the Abstract is the result of one
year’s research. I also attest that the above properly reflects my own work.
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