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sing_H5506 =
wavrecord(50*fs, s, 1);
figure(1);plot(sing_HS506);

grid; B SRR A

soundsc(sing_HS506, fs);
soundsc(hallway_2, fs);
soundsc|stairwell_2, f:};‘
soundsc(sing_hal r, fs):
B mmd::{:ini:uﬁl. fi];

hallway =

wavrecord(3*fs fs, 1);

figure(2);plot(hallway):grid;

stairwell =

wavrecord(3*fs,fs 1);

figure(3);plot{stairwell);grid;
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ﬁ wavwrite(hallway,fs, 16, hallway");
hallway_1 = 0.99"hallway/max{abs(hallway));
figure(4);plot(hallway_1):grid;
hallway 2 = hallway_1([1000:100000]);
figure(5);plot{hallway_2};grid;
wavwrite(stairwell fs, 16, 'stairwell’);
stairwell_1 = 0.99"stairwell/max{abs(stairwell));
figure(6);plot(stairwell_1);grid;
stairwell_2 = stairwell_1({[1000-100000]);
figure(7);plot{stairwell_2):grid;

SEETNOER

wavwrite(sing H5506,fs,16,'sing H5506");
sing_1 = 0.99%sing HS5506/max{abs(sing HS5086));

sing_hallway= fftfilt(hallway_2, sing_1);
sing_stairwell = fftfilt(stairwell_2, sing_1);
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Sumwmewy

This workshop is about how to make the audio effects commonly used in muesic and audio mixing
and mastering. The digital signal processing techniques underlying 3 wide range of audio effacts
are described, and you will imlpement compressors, reverbs, equalizers and other processors as VST
plug-ins

The topics covered include technigues for dynamic range compression, reverberation and room
impulte response measuromant. equalization and fitering distertion and delay effects. Attention
will be given to digital emulation of populsr vintage analog processors and implemenitation of time
varying effects. Among the effects studied will be single-band and multiband compressors, limiters,
ngese gates, de-escers, fesdback delay network and convolutional reverberators, flangers and phasors,
parametric and bnear-phase equalizers, wah-wah and esvelope-following filters, and guitar amp
distortian.

The couree material will be presented in daily lecture ssssions with laboratory exercises intes-
spersad. The ecture sestions will concentrate on theoretical imsues in the design of digital sudio
effects, and are complemented by laboratory work in which students will develop eflects algorithms
of their own design.

Prerequisites

The course is geared for musicians and recording engineers with an engineering background, and
for angineers and computer scientists with an interest in music technology. An exposure to digital
signal processing, including Familiarity wath digital filtering and the Fourier Transform is helphul.
Some knowdedge of Matlab and/or a modest amount of C programming experience is also helpful
for the laboratory exercises. An introduction to Matlab will be provided, and the course will involve

an introduction to V3T plug-in programming.
Instructors

David P. Berners is Chiel Scientist of Universal Audio, Inc,, 8 harduare and softeare manufacturer
for the profestional awdio market. A&t UA, Dr. Berners leads research and development efforts in
audio effects processing. including dymamic range compression, equalization, datortion and delay
effects, and specializing i modeling of wintage analog equipment. He is also a consulting prolessar
at CCRMA, the Center for Computer Research in Music and Acoestics, at Stanford University, where
he teaches & gracuate class in audio effects processing. Dr. Bemers was previously with Aureal
Semiconductor where he deveioped pitch shifting, harmonizing and other sudso signal processing
algorithms, and has held positions at the Lawrence Berkeley Laboratory, NASA Jet Propubsion
Laboratory and Alked Signal, He eceived his PhD. from Stanford University, M5 from Caliech,
and b 5.8, from MIT, all in electrical angineering.

Jonathan 5. Abel is 3 consulting professor at CCRMA at Stanford University, studying music and
avdeo applications of digital signal processing. He was Co-Founder and Chief Technology Officer of
Universal Audia, Inc., a professional audio equipment manufacturer, and a researcher at NASA / Ames
Ressarch Center ewploring topics in array processing. room acoustics and spatial hearing on a grant
through the San Jose State University Foundation. Dir. Abel was alse Chief Scientist at Crystal
Rwer Enginesring, Inc., where he developed their positional audio technology, 2nd a lecturer in the

Department of Electrical Enginsering at Yale University. He holds Ph.D. and M.S. degrees from
Stanford University and an 5.B. from MIT, all in electrical engineering.



Course Outline

We plan to cover the following topics.
1. Dynamic Range Control (Compression)

- Definitions; Processing Architectures
- Detection and Gain Computation; Analog Detectors
- Applications, Architectures and Improvements

?. Reverberation and Impulse Response Measurement

- LTI Systems, Statistics Review

Signal Processing Techniques for Digital Audic Effects

- Golay Code, Allpass Chirp Impulee Response Measurement
- Specular Refections and the Image Methed

- Reverberation Analysis and Psychoacoustics

- Reverberation Acoustics and Impulse Response Synthesis
- Low-Latency Convolution

3. Delay and Distertion Processing

- Fractional Sample and Time Varying Delay
- Echo, Chorus, Flanging; Phasing
- Sampling Rate Conversion and Antialiasing Filter Design
- Distortion Processing
4. Equalization and Filtering

- z-Plane, s-Plana and Fourier, Laplace relationships

- Parametric Sections and Shelf Filters; Optimal Filters

- Filter Phase, Linear and Minimum Phase

- Critical-Band Smoothing, Bark and ERB Frequency Scales
- Frequency Warping

- IR Filter Design and Prony's Method

- Time-Varying and Envelope Filters

5. Panning and Spatializaticn

- Stereo and Multichannel Panning

- Spatial Hearing and 3D Audio
i)



5. LTI Systems, Statistics Review; Impulse Response Measurement

Reverberation and Linear Time-Invariant Systems

Figure 6l: Hefecrive Environment

Reverberation is the arrival of energy reflected by the environment;
it creates the sense that sounds are prolonged by the environment.

¢ Everyday objects and construction materials are very reflective
of acoustic energy at audio frequencies.

e Reverberation is experienced in virtually every enclosed space,
with source signals arriving along thousands of distinct paths.

® Arriving reflected energy carries with it information about the
geometry and composition of the space, lending the space its
“feel.”

21
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Reverberation and Linear Time-Invariant Systems

1 cx s
Da-
ﬂﬂl
- '_;_mﬂi
% Gy
E Ll
. -

_u'_. i i i L L L It i A
o 1Q 20 P 40 50 a6l 0 B awn 100
e - iEES OO

Figure 61: CCRMA lobby response o transien signal

« The arrival times and nature of reflected source signals are sen-
sitive to the details of the environment geometry and materials.

e As a result, reverberation may seem unmanageably complex.

e Fortunately, reverberation has two properties which allow its
analysis and synthesis without having to know the details:

— linearity, and
— time invariance.

e Here, we explore reverberation by studying impulse responses
of enclosed spaces.
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LTI Systems
input, w(t) catput, ceit)
—pr— L) —s W
LT Gignlssmi
Figure 62: Linear Time-lmvariant System.
Definition:

Consider a system L {-} operating on signals a(t) and b(t),

a(t) = L{a(t)}
Alt) = L{b(t)}

L {-} is said to be linear time-invariant if it satisfies the following
two properties.

e Superposition or Linearity.
LA{a(t) +b(t)} = alt) + 5(t).
— Note: superposition implies scaling,
£ {ra(t)} = valt).
e Time Invariance,

L{alt—7)} = alt — 7).
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Impulse Response Measurement
Measurement Model:

o g

Figurs 83: AMeasurement Configuration

- Room presumed LTI.
- Why not just crank an impulse out the speaker, record the result
and declare victory?

ngEge R
(1) b
S e
inemi LTI miaduran
SEQLENOE EyEbaem raspInsa

Figure G4: Messurement Model

- Noise assumed additive, unrelated to the test signal. (How will it
be related to the system?)





