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Digital Audio Effect

● Loudness
○ Volume, compressor, expander 

● Pitch/Length  
○ Resampling, time-scale modification, pitch-shifting 

● Timbre
○ Filter, EQ, Chorus, Flanger

● Spatial effect
○ Delay, HRTF, Reverberation 



Introduction

● Filters and EQ 
○ Control the frequency response of input signals
○ Types: lowpass, highpass, bandpass, bandreject (Notch), equalizers
○ Shape the spectrum of input signals

48 FILTERS AND DELAYS

an iterative pattern, whereas if the cylinder is short, we will hear a pitched tone. Equivalents of
these acoustical phenomena have been implemented as signal processing units. In the case of a
time-varying delay the direct physical correspondence can be a relative movement between sound
source and listener imposing a frequency shift on the perceived signal, which is commonly referred
to as the “Doppler effect.”

2.2 Basic filters

2.2.1 Filter classification in the frequency domain

The various types of filters can be defined according to the following classification (see Figure 2.1):

• Lowpass (LP) filters select low frequencies up to the cut-off frequency fc and attenuate
frequencies higher than fc . Additionally, a resonance may amplify frequencies around fc.

• Highpass (HP) filters select frequencies higher than fc and attenuate frequencies below fc ,
possibly with a resonance around fc.

• Bandpass (BP) filters select frequencies between a lower cut-off frequency fcl and a higher
cut-off frequency fch. Frequencies below fcl and frequencies higher than fch are attenuated.

• Bandreject (BR) filters attenuate frequencies between a lower cut-off frequency fcl and
a higher cut-off frequency fch. Frequencies below fcl and frequencies higher than fch are
passed.

• Allpass filters pass all frequencies, but modify the phase of the input signal.

The lowpass with resonance is very often used in computer music to simulate an acoustical res-
onating structure; the highpass filter can remove undesired very low frequencies; the bandpass can
produce effects such as the imitation of a telephone line or of a mute on an acoustical instrument;
the bandreject can divide the audible spectrum into two bands that seem to be uncorrelated.
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Figure 2.1 Filter classification.

2.2.2 Canonical filters

There are various ways to implement a filter, the simplest being the canonical filter, as shown in
Figure 2.2 for a second-order filter, which can be implemented by the difference equations

xh(n) = x(n) − a1xh(n − 1) − a2xh(n − 2) (2.1)

y(n) = b0xh(n) + b1xh(n − 1) + b2xh(n − 2) (2.2)
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broad-band noise having a sharp attack and exponentially decreasing amplitude. Another example
is obtained by convolving a tuba glissando with a series of snare-drum strokes. The tuba is trans-
formed into something like a Tibetan trumpet playing in the mountains. Each stroke of the snare
drum produces a copy of the tuba sound. Since each stroke is noisy and broadband, it acts like a
reverberator. The series of strokes acts like several diffusing boundaries and produces the type of
echo that can be found in natural landscapes [DMT99].

The convolution can be used to map a rhythm pattern onto a sampled sound. The rhythm
pattern can be defined by positioning a unit impulse at each desired time within a signal block.
The convolution of the input sound with the time pattern will produce copies of the input signal
at each of the unit impulses. If the unit impulse is replaced by a more complex sound, each copy
will be modified in its timbre and in its time structure. If a snare drum stroke is used, the attacks
will be smeared and some diffusion will be added. The convolution has an effect both in the
frequency and in the time domain. Take a speech sound with sharp frequency resonances and a
rhythm pattern defined by a series of snare-drum strokes. Each word will appear with the rhythm
pattern and the rhythm pattern will be heard in each word with the frequency resonances of the
initial speech sound.

Convolution as a tool for musical composition has been investigated by composers such as
Horacio Vaggione [m-Vag96, Vag98] and Curtis Roads [Roa97]. Because convolution has a com-
bined effect in the time and frequency domains, some expertise is necessary to foresee the result
of the combination of two sounds.

2.3 Equalizers

Introduction and musical applications

In contrast to low/highpass and bandpass/reject filters, which attenuate the audio spectrum above
or below a cut-off frequency, equalizers shape the audio spectrum by enhancing certain frequency
bands while others remain unaffected. They are typically built by a series connection of first-
and second-order shelving and peak filters, which are controlled independently (see Figure 2.15).
Shelving filters boost or cut the low- or high-frequency bands with the parameters cut-off frequency
fc and gain G. Peak filters boost or cut mid-frequency bands with parameters center frequency fc,
bandwidth fb and gain G. One often-used filter type is the constant Q peak filter. The Q factor is
defined by the ratio of the bandwidth to center frequency Q = fb

fc
. The center frequency of peak

filters is then tuned while keeping the Q factor constant. This means that the bandwidth is increased
when the center frequency is increased and vice versa. Several proposed digital filter structures
for shelving and peak filters can be found in the literature [Whi86, RM87, Dut89a, HB93, Bri94,
Orf96, Orf97, Zöl05].
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Figure 2.15 Series connection of shelving and peak filters.

[DAFx book]



Applications

● Tone control
○ Synthesizers

■ VCF in Analog synth
○ Guitar Effect

■ EQ, Wah Wah
○ DJ mixer, audio Mixers

■ Filter, EQ
○ Audio Players

■ EQ

Synthesizer (MiniMoog)

Audio Mixer

Guitar Wah-Wah Pedal



Applications

● Communication
○ Speech Coding

■ Vocoder: analysis/synthesis of voice
■ Formant modeling: linear prediction coding

○ Audio Coding
■ Filterbank in MP3

○ Band-limiting
■ Control bandwidth: 8K, 16K
■ Anti-aliasing filters 

Channel Vocoder

288 SOURCE-FILTER PROCESSING

a = [1, zeros(1,p)];
end
R = R(:)’; a = a(:)’; % row vectors
g = sqrt(sum(a.*R)); % gain factor

Notice that normally the MATLAB function lpc can be used, but it does not show the expected
behavior for an input signal with zeros. M-file 8.3 fixes this problem and returns coefficients ak = 0
in this case.

Figure 8.9 shows the prediction error and the estimated spectral envelope for the input signal
shown in Figure 8.8. It can clearly be noticed that the prediction error has strong peaks occurring
with the period of the fundamental frequency of the input signal. We can make use of this property
of the prediction error signal for computing the fundamental frequency. The fundamental frequency
and its pitch period can deliver pitch marks for PSOLA time-stretching or pitch-shifting algorithms,
or other applications. The corresponding MATLAB code is given by M-file 8.4.
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Figure 8.9 LPC example for the female utterance “la” with prediction order p = 50, prediction
error and spectral envelope.

M-file 8.4 (figure8_09.m)

Nfft = 1024; % FFT length
p = 50; %prediction order
n1 = n0+N-1; %end index
pre = p; %filter order= no. of samples required before n0

[xin,Fs] = wavread(fname,[n0-pre n1]);
xin = xin(:,1)’;
win = hamming(N)’;
x = xin((1:N)+pre); % block without pre-samples

[a,g] = calc_lpc(x.*win,p); % calculate LPC coeffs and gain
% a = [1, -a_1, -a_2,..., -a_p]
g_db = 20*log10(g) % gain in dB

ein = filter(a,1,xin); % pred. error
e = ein((1:N)+pre); % without pre-samples
Gp = 10*log10(sum(x.^2)/sum(e.^2)) % prediction gain

Omega = (0:Nfft-1)/Nfft*Fs/1000; % frequencies in kHz
offset = 20*log10(2/Nfft); % offset of spectrum in dB

LPC modeling of Formant
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finally filtered by H2(z). This filter is derived from the modified spectral envelope of the input
signal or another source signal.

8.2.1 Channel vocoder

If we filter a sound with a bank of bandpass filters and calculate the RMS value for each bandpass
signal, we can obtain an estimation of the spectral envelope (see Figure 8.3). The parameters of
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Applications

● Audio analysis
○ Constant-Q transform
○ Mel-scaled filterbank
○ Cochlear filterbank in human ears

Oval 
window

Round
window

Cochlear Filterbank



Description of Filter Characteristic

● Bode Plot
○ Log scale in both amplitude and frequency axes
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Designing Digital Filters

● Approach 1: find filter coefficients that satisfy “filter specification”
○ Low-order filters

■ Fixed gain at DC (0 Hz) and the Nyquist frequency
■ Cut-off frequency and Q  

○ High-order filters (advanced topic)
■ Passband/Stopband margin
■ Width of transition band

○ Methods for high-order filter design
■ Window-based method
■ Parks-McClellan: Iterative search
■ Linear programming or convex optimization

○ Fitting a filter to measured frequency response
■ Linear prediction coding (LPC) 

filter specification



Designing Digital Filters

● Approach 2: digitizing analog filters which is already well-developed
○ Low-order filters

■ Use the “prototype” analog filters 
○ High-order IIR filters: Butterworth filter, Chebyshev filter, Elliptical filter

● We will focus on designing low-order filters (first and second order) in 
this course
○ Mapping user parameters to filter coefficients  



One-pole One-zero Filters

● Three coefficients (𝑏!, 𝑏" and 𝑎") can be obtained from the following 
conditions
○ Fixed gain at DC and Nyquist frequency

■ Lowpass filter: 𝐻 𝑒!" = 1 = 1 (DC) , 𝐻 𝑒!# = −1 = 0 (Nyquist)
■ Highpass filter: 𝐻 𝑒!" = 1 = 0 (DC), 𝐻 𝑒!# = −1 = 1 (Nyquist)

○ User parameter
■ Cut-off frequency when the gain is -3dB à 𝐻 𝑒!$

%
= &
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𝐻 𝑧 =
𝐵(𝑧)
𝐴(𝑧) =
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Lowpass filter

● Fixed gain at DC and Nyquist frequency and cut-off frequency 
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Highpass filter

● Fixed gain at DC and Nyquist frequency and cut-off frequency 

𝐻 𝑧 =
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One-pole One-zero Shelving Filter

● Equalizers that adjust gain in the low or high frequency range  
○ User control: 1) gain and 2) crossover-frequency
○ Crossover frequency is set when the gain becomes a half in dB  

The cascade of bass and treble 
shelving filters renders flat 
response.  

Gain

Crossover frequency 

Bass Shelving Filter Treble Shelving Filter 

Gain



Bass Shelving Filter

● Equalizers that control gain in the low frequency range

Crossover Frequency (𝜔!)= 1kHz

Gain=18dB 
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Treble Shelving Filter

● Equalizers that control gain in the high frequency range

𝐻 1 = 1,  𝐻 𝑒!$! = 𝐺 ,  𝐻 −1 = 𝐺

𝐻 𝑧 =
( 𝐺 tan 𝜔(

2 + 𝐺) + ( 𝐺 tan 𝜔(
2 − 𝐺) * 𝑧'&
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2 − 1) * 𝑧'&
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Biquad (two-pole two-zero) Filters

● Five coefficients (𝑏!, 𝑏", 𝑏#, 𝑎" and 𝑎#) can be obtained from the following 
conditions
○ Fixed gain at DC (0 Hz) and Nyquist frequency
○ User parameters

■ Cut-off frequency
■ Resonance
■ Bandwidth (sharpness of peak)

● Mapping user parameters to filter coefficients 
○ Reson filter can be used but it is quite complicated
○ The art of analog filter design is highly advanced and so we take advantage 

of it à transform analog filters into discrete-time version

𝐻*+ 𝑧 =
𝐵(𝑧)
𝐴(𝑧) =

𝑏" + 𝑏& * 𝑧'& + 𝑏% * 𝑧'%

1 + 𝑎& * 𝑧'& +𝑎%* 𝑧'%



Digitized Resonant Low-pass Filter

● Transfer Function
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Digitized Resonant High-pass Filter

● Transfer Function
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Digitized Band-pass filter

● Transfer Function
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Digitized Notch filter

● Transfer Function
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Digitized Equalizer

● Transfer Function
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Wah-Wah Effect 

● Emulate a human-voice-like sound using resonant filters 
○ Bandpass filters or resonant lowpass filters model “formant”
○ The formant frequency ranges between 400 Hz and 2000 Hz, and it is often 

controlled by a foot pedal
■ https://www.youtube.com/watch?v=NW9Yq99FeTU

○ Implemented with a cascade of bandpass filter and resonant lowpass
■ http://www.geofex.com/article_folders/wahpedl/voicewah.htm

Wah-Wah Effect Diagram (DAFx book)

https://www.youtube.com/watch?v=NW9Yq99FeTU
http://www.geofex.com/article_folders/wahpedl/voicewah.htm


Wah-Wah Effect 

Dunlop 535Q CryBaby

Ampltiude response



Auto-Wah Effect

● The center frequencies can be also controlled automatically by several 
controllers 
○ Envelope follower

■ Compute the trajectory of amplitude envelope 
○ Low frequency oscillator (LFO)

■ A sinusoid or sawtooth waveform with a low frequency (typically less than 5 Hz)   
○ Used for guitar, bass guitar, clavinet, and electric piano 

■ https://www.youtube.com/watch?v=aOmsLKqqJcQ (electric piano) 
■ https://www.youtube.com/watch?v=Ws86GIm_jS0 (Clavinet by Stevie Wonder) 

https://www.youtube.com/watch?v=aOmsLKqqJcQ
https://www.youtube.com/watch?v=Ws86GIm_jS0


Dynamic Range Control (DRC)

● Control the loudness of sound sources

● Macro-scale DRC
○ Adjust the level or over long segments: e.g. between verse and chorus
○ Remove or reduce short segments: e.g. breathing in vocal 
○ Use manually drawn volume curve (automation curves) in DAW

● Micro-scale DRC
○ Automatic gain control or change timbre of a tone 
○ Use signal processors: compressor, limiters, expander and noise gate

Automation curve



Dynamic Range Control (DRC)

● Control overall loudness in the mastering stage
○ Loudness war: competitive escalation of loudness

Remastering versions of “Something” by The Beatles
(source: https://commons.wikimedia.org/wiki/File:Cd_loudness_trend-something.gif)



DRC Audio Effect 

● Signal processing pipeline

Gain
Computer

Envelop
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Envelope Detector

● Detecting the level of signal

● Different sensitivity for increasing (attack) and decreasing (release) 
levels: control the length of the transient region of the filter
○ During attack:  

○ During release:

Full-wave
Rectification (|x|)Input Leaky Integrator

(one-pole lowpass filter) envelope

y(n) = y(n−1)+ (1− e
−1
(attack _ time* fs) )( x(n) − y(n−1))

y(n) = y(n−1)+ (1− e
−1
(release_ time* fs) )( x(n) − y(n−1))

Full-wave
rectification



Gain Curve

● Parameters
○ Threshold: level
○ Attack/Release: sensitivity
○ Ratio: amount of compression
○ Knee: smoothing  

Signal Processing Techniques for Digital Audio Effects 26

Example: Compressor Attack / Release
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Figure 20: Compressor Input and Output.

• this is a limiter, ρ =∞.

• attack is faster than release: τ ≈ 10mS,τr ≈ 100mS.
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