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Digital Filter Design for Audio Processing

ABSTRACT

The goal of this research project was to
delve into digital signal processing with audio
files by learning the basics and then applying
them to the two specific areas of equalization
and delay/reverberation. Through the use of the
engineering mathematics program MATLAB, it
was possible to digitally create, apply, and
analyze these effects. Original sound files were
compared with their modified versions and the
respective graphs were used to determine the
effects of the filters, as well as the optimal
parameters for the best filters.

INTRODUCTION

Digital signal processing is the use of
computer (or, more generally, digital) algorithms
to alter a stream of data, and thus the
information being represented by the stream. It
is the extension of analog signal processing into
the digital realm.

The uses of digital signal processing are
many-fold in a modern, computer-driven society.
Filters may be used to scrub audio data streams
to increase the reliability of RADAR for defense
systems. They may al so
Afcut o specific
make it more pleasant to the ear. Even the
echoes and reverberations heard in many
popular songs are the products of post-recording
digital signal processing. Digital signal
processing is not only restricted to audio. It may
be used to remove noise from digital pictures
and television images.

We used MATLAB to design and
implement digital audio filters on sound files we
created.

frequency

BACKGROUND INFORMATION

MATLAB

MATLAB is an engineering mathematics
program. Unlike other similar programs, such as
Mathematica, MATLAB is focused more on
numerical computation than on algebraic
analysis. This makes it much more suited for
manipulating data than other programs.

MATLAB also offers a variety of
functions for analyzing and manipulating large
collections of data (which is what a digital signal
amounts to on a computer). Using the built-in
functions of the MATLAB programming
language and several functions provided by
Professor Orfanadis of the Rutgers University
Electrical and Computer Engineering
Department, it was much easier to design and
implement our digital filters than if we had
programmed them in another language, such as
CorJava. (1)

ANALOG VERSUS DIGITAL

As said before, digital signal processing
may be thought of as the extension of the ideas
al’lle 8t.egh(ﬁnunsoof aﬁatl)O% %ggatl procegsing into
the |g6ta realm.
ranges i'n

an audio fil

Analog signals are representations of
streams of data in a medium that is continuously
variable with time. Stated differently, these
streams of data may represent different values
at different times, with an arbitrarily small
(practically non-existent) amount of time
between different values. These signals are
usually electric, and the data is represented by
some variable electric quantity (most usually
voltage). They are processed by changing the
pre-chosen quantity as prescribed by some
algorithm.

Digital signals are representations of
analog signals using discrete points of data with
some amount of time between them where the
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values may not change. The accuracy of the
digital representation of an analog signal can be
increased by decreasing the amount of time
between data points. Each data point is called a
sample; by increasing the number of samples
per second, one may increase the fidelity of the
digital stream. Digital streams are processed by
changing the individual samples, as prescribed
by some pre-chosen algorithm. (2)

DIGITAL FREQUENCIES

A stream is said to have a sampling
frequency, fs, if there are f; samples per second.
Changing the fs of a stream during playback will
change the perceived natural frequencies of the
stream. An audio CD normally has a sampling
frequency of 44,100 samples per second. The

digital frequency, fy, is equal to E for some

natural (continuous) frequency, f,. Since time
has no meaning in a completely digital (discrete)
system, Asampl es dyisar e
therefore, the digital analog of f,. The Nyquist
interval is the minimum number of samples per
second required to accurately represent an
analog signal of a given maximum frequency,

fmax. It is mathematically equal to 2*f_ .. This is

the reason that most audio CDs have a
sampling frequency of 44,100 Hertz (Hz), or
samples per second; the approximate upper
bound of human hearing is about 20,000 Hz, or
approximately one-half of 44,100 Hz.

Most digital frequencies are also
expressed as radial frequencies, meaning they
have units of radians per cycle. To convert from
a natural frequency, f, to radial frequency, fg,
one uses the equation fr=2 " 1f(2)
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Figure 1: Frequency Chart (1)
FOURIER TRANSFORMS

A Fourier transform does for sound what
a prism does for light; it breaks it up into its
parts. Just as a beam of light is made up of
many different colors, a segment of sound is
made up of many different frequencies.

CONTINUOUS TIME FOURIER
TRANSFORM (CTFT)

A Fourier transform is a linear operator
that converts a function into a continuous
function of its frequency components. The
Fourier transform is mathematically written as

H
M Q = WO Q2
H
where
00QQ i XL
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Explained in more general terms, an
audio signal can be described as the summation
of sine functions, each with its own frequency
and amplitude. A Fourier transform converts the
signal into a continuous function with frequency f
and amplitude x(f). Fundamentally, if you pass a
given frequency to the function x(f), it will output
the magnitude of that frequency in the sound
sample.

DISCRETE TIME FOURIER
TRANSFORMS (DTFT)

A functional problem with the CTFT is
that it requires a continuous function as an input.
In real-world implementations, continuous
functions are impossible to obtain. Instead,
discrete time samples are used. This requires
the use of a function that can use a discrete time
function as an input. This function is the DTFT.
Mathematically, it is a special case of the
bilateral Z-transform where the Z-transform is
evaluated around the unit circle in the complex
domain. The bilateral Z-transform is defined as

The special case is when &= G, in which case
the DTFT becomes

H
O] = e Q #e

where
€ w="Y &Y

1 = 2¢7Qy= 2

Slg

FINITE-LENGTH DTFT

One major problem with the DTFT is
that it evaluates the summation from negative
infinity to positive infinity. This, due to the fact
that computers have a finite amount of memory,
is impossible to evaluate on a computer. Itis
thus modified to the approximation

01
GO = oEQ™
€=0
where

0: & £ QW00 ROE NG "BFQ
As L increases, the difference between the finite

length DTFT and the unmodified sequence
decreases.

In practice, @0 ) is evaluated a finite
number of times, n, over one period, .ZThus,

—| 0= FD,"Q‘I 0 = 011128 !6 1

When you substitute] , into &0 ), you get the
following equation:

Page 3 of 30



Digital Filter Design for Audio Processing

Because wé¢ = 0foré 0,if¢ 0,the
equation becomes:

6 1 .
e s qem Q%
WL = oWe]Q © 0

In this format, X[K] is now a discrete Fourier
transform (DFT). In this format, N is the
resolution at which the DTFT is sampled and L
is the limit of the resolution of the DTFT. Thus, it
makes sense for N and L to be very close to
each other. N and L are almost always selected
so that N OL.

Obtaining a DFT is important because a
DFT is both discrete and finite, meaning that it
can easily be processed by a computer.

FAST FOURIER TRANSFORMS (FFT)

An FFT is a method of evaluating a DFT
on a computer system. If you were to directly
evaluate the DFT function,

T
MEl=  E]QT
€=0

it would take a time of 0 (0 ). If an FFT is used,
this is reduced to a time of G (0 log (). This
means that on a sample of 1,024 bits, the FFT is
102.4 times faster then directly computing the
DFT (2). Without the use of FFTs, Fourier
transforms would be impractical for most
applications. The most common FFT is the
Cooley-Turkey algorithm. Other FFT algorithms
include Prime-factor FFT algorithm, Bruun's FFT

algorithm, Rader's FFT algorithm, and
Bluestein's FFT algorithm.

MATLAB SPECTRUM FUNCTION

Spectrum is a function we used frequently in
MATLAB to look at the spectral envelope of a
recorded sine wave. Spectrum takes in a vector
of numbers from a .wav file and the sampling
frequency of the file. The function outputs the
FFT of the .wav file in a graph. Figure 1 is what
a sample of the raw plot of a 440 Hz sine wave
looks like.

06

()}
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Figure 2

The following example outputs the FFT of the
440 Hz sine wave.

>>[x,fs]=wavread(6440hzsine.

>>spectrum(x,fs);
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This code outputs the graph shown in Figure 3.

Figure 3

Because the input contains only one
frequency at 440Hz, the output FFT has one
sharp spike at the 440Hz position. An input with
only one frequency never happens in practical
applications.

The next example is a more common
sound, the human voice. This is what a sample
of the raw plot of our voice sample looks like:

10
1

Arphuss

Figure 4

The following MATLAB code shows the FFT of
the voice sample.

>>[ x, fs]=wavread(6vocal s2. wayV

>>spectrum(x,fs);

This sample demonstrates the utility of
the FFT because it contains many frequencies
with different amplitudes, which would be very
difficult to see with only the raw plot.

taquancy (M2

Figure 5
FIR AND IIR FILTERS

Filters are electronic circuits that
respond to impulses, processing signals by
enhancing certain aspects and/or reducing
certain aspects. There are several different
types of filters. A finite impulse response (FIR)
filter is one in which the output signal goes to
zero in some finite amount of time. In contrast,
an infinite impulse response (IIR) filter may run
for an arbitrarily long period of time and never
have the output go to zero. The difference
between the two types of filters is that an IIR
filter is recursive; i.e., an IR filter will take its
previous output and use it as input for the next
output, whereas an FIR filter will take as input
the current sample in addition to some previous
sample. In other words, an IIR filter has internal
feedback while an FIR filter does not. Figure 6
shows an example of block diagrams for an FIR
filter and an IIR filter.

Some common FIR and IIR filters
include lgw-pass and high-pass filters, which cut
back hig vind low frequencies, while passing
low and high frequencies, respectively (hence
their names), while amplifying the passed
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frequencies. In addition, these filters also
smooth out the signal in the time domain,
making amplitude changes less pronounced.
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Figure 6

Parametric equalizers allow for an
engineer to selectively modify certain
frequencies within a digital signal. By applying a
boost (increasing the intensity of a given
frequency) or a cut (decreasing the intensity of a
given frequency) to a certain frequency range
centered around some frequency, one may be
able to eliminate noise in an audio file or make
the melody of a song more prominent (usually
by boosting the middle and high frequency
ranges).

DECIBELS

The loudness of a sound is usually

sound's loudness will increase logarithmically. It
so happens that the human hearing mechanism
also operates logarithmically, so that by doubling
the loudness of a sound in decibels, one also
doubles the apparent loudness, even though the
intensity has gone up one-hundred fold. The
formula for decibels is

‘™ =20 |Oglo W f](‘i'ﬁ')’m

Boosts and cuts are usually represented
by gains stated in terms of decibels. A gain of a
positive number of decibels will increase the
loudness of (boost) the target frequencies,
whereas a gain of a negative number of decibels
will decrease the loudness of (cut) the target
frequencies.

SHELVING

One specific equalization technique
worth mentioning by itself is shelving. A shelf
filter boosts or cuts an entire band of
frequencies at the beginning or end of the
spectrum. The maximum boost or cut is at the
extremity from which the shelf originates. The
shelf is useful because an entire set of
frequencies can be boosted or cut relatively
equally, unlike a peak boost or notch cut, where
the central frequency is affected the most.

EXPERIMENTAL DESIGN

The process of equalization is made
much easier in MATLAB by the script files of
Professor Orfanidis of the Rutgers University
Electrical and Computer Engineering
Department. The three files that he provided are
published in the appendix of this paper and are
briefly discussed here.

SPECTRUM.M

This script receives as parameters a

measuredinuni t s cal | éslthefide ci b evkcforcontaining the waveform data and the

intensity (which is technically pressure on the
eardrum) grows linearly, the measure of the

intended sampling rate for that waveform. After
performing the FFT operation on the data, it

Page 6 of 30



Digital Filter Design for Audio Processing

outputs a graph showing the spectral envelope
of the waveform. spectrum is especially useful
for determining which cuts and boosts to apply
to a stream and for reviewing the results of a cut
or boost after application.

MAGRESPONSE.M

This script receives as parameters two
vectors i a and b i which contain the
coefficients for descending powers of z for the
denominator and numerator (respectively) of the
transfer function "Q(@). It then plots them as
though the unit impulse were filtered using the
transfer function and displays that graph. This
script is useful for determining the overall
behavior of a specific cut or boost, or that of all
of the cascaded cuts and boosts in the final
filter.

PARMEQ.M

This script takes as parameters three
gain values (all in magnitude gain, not decibels)
and two frequency values (in radians per
sample). parmeq returns a matrix that contains
two vectors i a and b i which contain the
coefficients for descending powers of z for the
denominator and numerator (respectively) of the

transfer function for the filter specified by the
parameters of the script.

The first gain value, GO, specifies which
value to cut or boost from. For the purposes of
this paper, GO will remain 1, meaning that there
is a net change on the signal of 0 dB or, more
simply, there is no net change on the signal. The
next parameter, G, specifies what amount of
gain to apply to the frequency band specified
later. The third gain parameter, GB, specifies the
amount of gain to be applied at the edges of the
bandwidth. For all non-shelf filters created in this
paper, a constant of 1/ 12 is used, and for
shelved filters, the bandwidth gain in decibels
applied is equal to one half of the gain of the
boost or cut.

The two frequency values specify the
band of frequencies to which the filter will be
applied. The first, w0, is the center frequency of
the boost or cut. The second, dw, specifies one-
half of the bandwidth of the filter.

GUITARDISTORT.M

The first of two parametric equalization
filters we created is defined in a script called
guitarDistort. The filter operates on an audio
signal represented in the file guitarDistort.wav.
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Figure 7: figuitardi stort.wavo (top

The raw signal (represented in the
middle graph of figure 7) has a heavily saturated
bass within the frequency band of approximately
80 Hz to 200 Hz. The band also has peak
magnitudes that rival those of the frequencies in
the middle band, where most of the melody
comes from. The saturation of this band is
probably due to the white (random) noise that
was overlaid onto the signal of the guitar during
recording, which means that we can cut the
bass slightly. At the same time, the bass
frequencies offer both character and melody to
the sound that the signal represents, and
cannot, therefore, be completely removed from
the signal. To correct for the prominence of the
bass frequencies, we applied a 12 dB cut
centered at 150 Hz to this band, which removes
a good deal of muddiness from the final signal.

Upon applying the bass-cut filter, we
realized that the middle frequencies (which have
peaks in the range of approximately 200 Hz to
600 Hz) now seemed overbearing. The only
option was to cut these as well, since restoring
the bass to its original intensity would cause the
sound to once again become muddy. We
decided to design the cut such that the target
frequencies would remain more intense (in
terms of decibels) than the bass frequencies, but

bott om) magnitude response

range as the other bands of frequencies. The cut
applied is 4.5 dB, centered at 300 Hz.

We finally noticed that the distortion
effect was not as full as it should be, due to the
filtering we applied. To correct this, we applied a
6.8 dB boost with a bandwidth of 2,000 Hz
centered at 2,500 Hz to amplify the white noise
in that region. The band chosen was selected
specifically so that the boost would neither affect
any of the areas of melody nor amplify any of
the very high audible frequencies, which would
result in a very distracting, high-pitched sound in
the final audio representation.

PIANOMARIO.M

Our second parametric equalizer is
defined in a script called pianoMario. The filter
operates on an audio signal represented in the
file pianoMario.wav.

Similar to the guitarDistort filter, we
recognized the bass frequencies to be slightly
overbearing. We also noticed from the spectral
envelope graph that there were some low-
intensity, low-frequency disturbances. To fix
both of these problems, we applied a low-shelf
filter with a bandwidth of 220 Hz and a

so that they would be cut magnitudelfe3dB.ame fintensityo
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