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ABSTRACT

In early 2009, the creation and manipulation
of digital sound files is ubiquitous. Musical
recordings frequently incorporate
synthesizers into their instrumentation. The
home theater systems for sale in local
electronics stores boast of the most recent
technologies which employ digital signal
processing to enhance the sound tracks of
DVD movie recordings. As students of
digital signal processing, we proposed to use
MATLAB to investigate how some of these
manipulations can be accomplished. This
paper covers our projects details of recording
music from instruments and comparing them
with  Synthesized digital files. The
manipulation of the files via pitch-shifting in
MATLAB and addition manipulation and
representation via a  MATLAB-based
equalizer are also controlled. The project's
successes and shortcomings are presented in
the discussion with appropriate references to
literature.

1. INTRODUCTION

David, an amateur violinist, is intrigued
with the qualities of a pitch that gives a violin
its unique sound. Why does a note played on
the violin sound clearly different from the
same note played on a trumpet, or piano? If
these qualities can be identified, and more
importantly, quantified, then we should be
able to emulate the tonal qualities of a violin
using MATLAB by manipulating a digitally
produced frequency, for instance, A 440. In
the creation of our synthesizer, David will
focus his efforts on digitally reproducing the

natural sound of the violin. As part of this
effort, he will record notes played on the
actual instrument and apply filters to the
digital recording using MATLAB in order to
isolate and analyze the various components
of the sound. Using this data and with
information gathered by researching literature
on violin acoustics, he will lead the group’s
attempt to have the synthesizer emulate the
sound of the instrument. We expect this will
involve manipulating a digitally-created
fundamental frequency by adding in various
harmonic frequencies. It may possibly
involve using other signal manipulations as
well (to be researched), to more precisely
generate a wave pattern which will match the
violin’s acoustics. To measure our success,
we will use MATLAB to quantify
mathematically the correlation between the
original recorded tone and the synthesized
tone. Of course, the true test will be whether
the synthesized tone truly sounds like the real
instrument.

Matthew, also a musician, is interested in
applying various digital effects to music.
Using MATLAB, the group will attempt to
add echoes, reverse echo effects, and
arpeggiation (multiple pitch shifted delays) to
recordings, then analyze the results. Since the
synthesizer will generate notes of different
target frequencies, it makes sense in the
context of this project for a pitch shifter to
simply instruct the synthesizer to generate the
additional frequencies to harmonize with a
melody. On the other hand, a harmonizer that
works on a raw digitized audio signal must
perform a much more computationally



intensive task, which can also result in some
undesirable artifacts, such as additional
frequencies, distortions or noise. Matthew
intends to compare the quality of synthesizer
generated harmonies against those generated
by pitch-shifting a raw signal. The generation
of harmonies from raw signals can be done
by using MATLAB, as well as a physical
effect unit owned by Matthew, which can
perform fixed interval pitch shifting as well
as Intelligent Pitch Shifting (IPS). IPS
generates harmonies that are always
musically correct in a given musical key. The
principle behind IPS is that in order to stay
within a musical key, the amount of the pitch
shift has to vary according to the original
note. For example, in the key of C major, the
3" note is E, which is 2 whole tones above C.
If the original note is D, the harmonized note
would be an F, which is only 1'% tones higher
than D. If we used a constant interval of two
whole tones, D would be harmonized with an
F# which is not in the key of C major.

In this project, musically correct harmonies
can be generated easily because the melody
and key will be known in advance, so we can
once again compare the synthesized result
against using an Intelligent Pitch Shifter on
the raw output.

Kireet’s efforts will focus on building an
equalizer in MATLAB to balance the inputs
from various instruments in a recording. The
equalizer will receive various inputs; namely,
frequencies, which will be targeted to
improve or distort the sound. Up to 6 bands
(such as treble and bass) will be available in
order to increase/decrease volume, noise, or
intensity of the input frequencies. The
equalizer will feature graphic sliders for the
bands and will indicate appropriate decibel
ranges. Time permitting, custom presets such
as “Rock”, “Dance”, and “Metal” may be
introduced.

The group proposes to work together to
research and implement in MATLAB
techniques to accomplish these
manipulations.
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