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Summary of last weekSummary of last week

• We have seen some fundamentals of acoustics 
and digital audio processing:
– Sound: its production, propagation and 

perception
– Sonic waves representation and properties: 

waveform, frequency, amplitude, phase, 
envelope, ...

–  Sound digitalisation:
• ADC and DAC
• Sampling rate and bit depth
• Aliasing, quantisation noise

This technology continues to evolve
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Digitalising soundDigitalising sound

• Sampling
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Digitalising soundDigitalising sound

Overview of the audio 
digital recording and 

playback chain
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Digitalising soundDigitalising sound

Overview of the audio 
digital recording and 

playback chain
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Outline of today's lectureOutline of today's lecture

• Introduction
• Time versus frequency domain
• Audio file formats
• Audio in and out:

–Microphones
–Consoles
–Loudspeakers

• Next week
• First assignment
• Active listening session
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TimbreTimbre

• We saw that sounds may be generally characterized by 
pitch, loudness, timbre (or quality).

• Timbre is what allow to distinguish sounds which have 
the same pitch and loudness
 

Square wave 110Hz

• Timbre is mainly determined by:
– The dynamic characteristics of the sound such as 

vibrato and the attack-decay envelope of the sound.
– The spectral content of a sound 

Object 1

Object 2

Sine wave 110Hz
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Sound Frequency spectrumSound Frequency spectrum

• We remember that:
– “Fourrier Theorem”: All waveforms can be seen as a 

sum of sine waves (frequency, amplitude and phase)
– The human hearing range is from 20Hz to 20kHz

• This gives us an alternative way to represent 
sound:
– For each frequency, we will indicate what intensity 

the sine wave of that frequency would be
– This gives a snapshot representation of the sound 

according to the various frequencies present at a 
given moment (or throughout time)

• As light can be decomposed in its various 
constituents (using a prism), sound can be 
decomposed into individual frequencies (sine 
waves)

The sound frequency spectrum
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Sound – Frequency spectrumSound – Frequency spectrum
• The spectrogram is the visual representation of 

the frequency spectrum 
Object 3
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Sound – Frequency spectrumSound – Frequency spectrum

• Spectral analysis is done with the Fourrier 
transform:

Fourrier transform

Frequency-domain 
spectrum

Time-domain 
waveform
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Sound – Frequency spectrumSound – Frequency spectrum

Object 4

Sine wave 110Hz
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Sound – Frequency spectrumSound – Frequency spectrum

Square wave 110Hz
Object 5
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HarmonicsHarmonics

• The sum of some of these harmonics (frequency 
components) approximates the square waves

• The sum of all of them would restitute it!
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HarmonicsHarmonics

• More precisely, we call:
– Fundamental frequency: the lowest resonant 

frequency of a vibrating object. It is usually what 
is perceived as being the pitch. For a periodic 
waveform, it is its frequency. 

– Harmonics: multiple of the fundamental 
frequency. Most vibrating objects have more 
than one resonant frequency and those used in 
musical instruments typically vibrate at 
harmonics of the fundamental

– Overtones: the term overtone is used to refer to 
any resonant frequency above the fundamental 
frequency - an overtone may or may not be a 
harmonic

– Formant: region of concentration of energy
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Harmonic soundHarmonic sound

Frequency Spectrum of a Trumpet playing a A4

Fundamental frequency: F
Harmonics: 2*F, 3*F, ...
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Inharmonic SoundInharmonic Sound

Frequency Spectrum of a metal shime

Fundamental frequency: F
Overtones
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NoiseNoise

• Some sounds do not exhibit clear sinusoidal 
modes (harmonic components)



  

 

Philippe Pasquier, September 2008IAT-380 Sound Design 19

NoiseNoise

• Noise is random signal: it is the extreme in term 
of aperiodicity

• There are different types of noise (or colors) 
distinguished by power distribution in their 
frequency spectrum

• White noise is characterised by a flat spectrum
Object 6
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Various Colors of NoiseVarious Colors of Noise

Pink noise Red/brown noise

Blue/azure noise Violet/purple noise Grey noise

White noise
Object 7

Object 8

Object 9

Object 10

Object 11

Object 12



  

 

Philippe Pasquier, September 2008IAT-380 Sound Design 21

MixturesMixtures

• Most sounds are composite, mixtures of 
sounds with mixed spectral properties
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MixturesMixtures

• Some sounds are combination
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MixturesMixtures
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HarmonicsHarmonics

• Spectral perception is acute: the normal human 
ear can detect the difference between 440 Hz 
and 441 Hz. 

• More on timbre:
– It takes a duration of about 60 ms to recognize the 

timbre of a tone, and that any tone shorter than 
about 4 ms is perceived as an atonal click. 

– It is suggested that it takes about a 4 dB change in 
mid or high harmonics to be perceived as a change 
in timbre, whereas about 10 dB of change in one of 
the lower harmonics is required. 
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Outline of today's lectureOutline of today's lecture

• Introduction
• Time versus frequency domain
• Audio file formats
• Audio in and out:

–Microphones
–Consoles
–Loudspeakers

• Next week
• First assignment
• Active listening session
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Digitalising soundDigitalising sound

• This digital representation of an analog signal 
where the magnitude of the signal is sampled 
regularly (sample rate) with a given precision 
(bit depth) at uniform interval is called: Pulse-
code modulation (PCM)

• Other ways of encoding the sound exist:
– Differential (or Delta) pulse-code modulation 

(DPCM) encodes the PCM values as differences 
between the current and the next value. 

– Adaptive DPCM (ADPCM) is a variant of DPCM 
that varies the size of the quantization step, to 
allow further reduction of the required bandwidth 
for a given signal-to-noise ratio.

– Delta modulation, another variant, uses one bit 
per sample.

– U-law (or A-law in Europe) use a logarithmic 
scale for quantisation
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Digital Audio CompressionDigital Audio Compression
• U-law compression: a logarithmic rather then 

linear scale is used for encoding the amplitude.
• 8-bit U-law (2:1 compare to 16 bit PCM) is 

perceptually equivalent to 12-bit PCM
• Used for telephone and voice transmission
• Not appropriate for music
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Digital Audio CompressionDigital Audio Compression

• ADPCM (Adaptative Delta Pulse Code 
Modulation) adaptively change the quantum 
size to best match the signal. 

• The changes in the signal (rather than an 
absolute value) are coded

• 1 bit is used for direction and 3 bits for the 
value of the quantum 

• That allows for a 4:1 compression over a 16-
bits signal. 

• Not appropriate for quality-critical audio 
material
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Digital Audio CompressionDigital Audio Compression

• MPEG and other frequency domain 
compressors:

• These coders strive for “perceptual 
losslessness”

• These use advanced psychoacoustic DSP 
technics:
– Transform the signal in the frequency domain
– Quantization noise is shaped to take advantage 

of: 
• Frequency masking: some frequencies will not be eared 

because of the loudness of nearby spectral peaks
• Time masking methods: loud events will mask other 

events that happen within 100ms after or 10ms before 
them

• Compression ratio between 8:1 and 12:1
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Audio file formatAudio file format

• Once digitalised, the sound is stored in an 
audio file. 

• There are three types of audio file formats:
– Uncompressed audio formats, such as WAV, AIFF 

and AU;
– Formats with lossless compression, such as FLAC,  

Apple Lossless and lossless Windows Media Audio 
(WMA).

– Formats with lossy compression, such as MP3, OGG 
Vorbis, lossy Windows Media Audio (WMA) and 
AAC.

• The program that encodes or decodes the 
sound into its file is called a codec. 
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Audio file formatAudio file format
• Uncompressed audio formats:

– WAV (Windows Wave format): PCM or  
lightly compressed (about 4:1) ADPCM 
codec. Widely supported

– AIFF (Audio Interchange File Format) 
tends to be the standard on Apple OS 

– AU for Unix and Linux: PCM or u-law compression 
– They take more memory but are quicker to encode or 

decode (no processing).
– Ex: 44.1Khz, 16 bits  = 2*44100 bytes per second

= 88200/1024 Kb
= 86 Kb/s/channel
= 172Kb/s for a stereo file
= 10.336Mb/min
= 620.2Mb/hour 

– Even if it is silence  
– That does not fit in a stream

There is a need for compression

Offer a variety
of formats 

(sampling rates 
and bit depths)
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Audio File FormatAudio File Format

• Lossless compression formats:
– Free Lossless Audio Codec (FLAC):

• This format is a lossless compression like zip but for 
audio. If you compress a PCM file to flac and then 
restore it again it will be a perfect copy of the original. 

• The cost of this losslessness is that the compression 
ratio is not as impressive. 2:1

• Flac is recommended for archiving PCM files where 
quality is important (e.g. broadcast or music use).

– A number of other similar options: Monkey 
Audio compressor, Wavepack, RKAU, Shorten, 
LPAC

– These are all doing better than Winzip and 
Winrar for audio files.
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Audio File FormatAudio File Format

• Lossy compression formats:
– MP3 (MPEG I, layer 3): Moving Pictures Experts 

Group compressed audio format that can compress 
audio by a factor of 10:1 with little degradation in 
quality.

– wma - the popular Windows Media Audio format 
owned by Microsoft. Designed with Digital Rights 
Management (DRM) abilities for copy protection.

– aac - the Advanced Audio Coding format is based on 
the MPEG4 audio standard owned by Dolby. A copy-
protected version of this format has been developed by 
Apple for use in music downloaded from their iTunes 
Music Store. 

– Ogg Vorbis: compressed audio format that designed 
to be a free alternative to MP3 files. Ogg Vorbis files 
are not as common, but they are about the same size 
as MP3 with better quality and no patent restrictions. 
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Outline of today's lectureOutline of today's lecture

• Introduction
• Time versus frequency domain
• Audio file formats
• Audio in and out:

–Microphones
–Consoles
–Loudspeakers

• Next week
• First assignment
• Active listening session
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Basics DefinitionsBasics Definitions

• Electrical current is:
– The movement of electrons in a conductive medium
– Measured in Ampere (6*1018 electrons per sec)
– Induced by potential differences: tension or voltage
– A continuous phenomenon

• Magnetic induction is:
– The creation of an electric current when a 

conductive metal is moving inside a magnetic 
field.

• We call transducer any device that transforms 
one type of energy into another:
– Microphones are a type of transducer used to 

transform acoustic energy into electric current.
– Loudspeakers are transforming electric current 

into acoustic energy
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Dynamic MicrophonesDynamic Microphones

• The movement of the 
coil generates an electrical
current (by magnetic 
induction)

• Dynamic Microphones:
– Are robust (see link to video)
– Are relatively inexpensive
– Do not have a great frequency 

response
• Example: Shure SM-58

Diaphragm Coil
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Condenser MicrophonesCondenser Microphones

• The diaphragm is one of 
the plates of a condenser

• Its movement will modulate
an existing electric current

• Condenser microphones:
– Require power supply to bias 

the plates (phantom power +48V).
– Are fragile and expensive
– Have the best frequency response

• Example: Neumann TLM-49
(optimized for voice)

Diaphragm
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Ribbon MicrophonesRibbon Microphones

• The air movement associated 
with the sound moves the 
metallic ribbon in the magnetic 
field, generating an imaging 
voltage between the ends of 
the ribbon which is proportional 
to the velocity of the ribbon 

• Ribbon microphones:
– Are very fragile. Are very susceptible to wind noise. 

Not suitable for outside use unless very well shielded. 
– Add "warmth" to the tone by accenting 

lows when close mic-ed. Sound like “velvet”
• Examples:  

– Mythic RCA 44   
– Royer R-121
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Microphone accessoriesMicrophone accessories

• Various useful accessories:
– Microphone Shock Mount
– Pop filter
– Windscreen and foam 

windscreen
– Boom pole
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Microphones Directional PatternsMicrophones Directional Patterns

• Each of these microphone mechanisms comes in 
various directional patterns:

• The arc within which they pick up 
within 3dB of the peak value (half 
the power).

• For very directional recordings, 
parabolic microphones can be used

“figure-eight”
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Microphones: mono vs. stereoMicrophones: mono vs. stereo

• Often monophonic signal is enough: 
– voices in general, 
– simple sound events

• Always point at the source: 
– Close mic-ing: 3 foot from the source
– Very close mic-ing: 1 feet

• Otherwise, various options:
– Use a stereo microphone
– Use two monophonic microphones:

• XY configuration, V configuration
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Microphones: mono vs. stereoMicrophones: mono vs. stereo

• Zoom H2, solid state recorder:
– W-XY mic patterns with 4 mic capsules and signal 

processing allows Front 90° cardioid, Rear 120° 
cardioid and 360° polar patterns

– Built-in USB 2.0 interface
– Records in WAV 96kHz/48kHz/44.1kHz at 16-bit or 

24-bit, MP3 to 320kbps and Variable Bit Rate (VBR) 
data formats

– 512MB SD memory card included
– Accommodates up to 16GB SD 

memory cards
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Outline of today's lectureOutline of today's lecture

• Introduction
• Time versus frequency domain
• Audio file formats
• Audio in and out:

–Microphones
–Consoles and audio cables
–Loudspeakers

• Next week
• First assignment
• Active listening session
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Mixing and mixerMixing and mixer

• Once the sounds are assigned to various 
tracks, these tracks need to be mixed together

• This is done through the mixing board 
(hardware or software)

Channel



  

 

Philippe Pasquier, September 2008IAT-380 Sound Design 45

Mixing and mixerMixing and mixer

Gain (or Trim)
Auxiliary, Cue, Send,...

Equalisation

Panoramic

Volume Fader
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Audio CablesAudio Cables

• Two types of cables:
– Unbalanced: the signal

is transported by only
one core per channel  

– Balanced: the signal 
is transported by two
cores per channel and 
out of phase. 

– No matter what noise 
is added when the two 
version of the signal 
are put on phase again, 
that puts the two versions 
of the noise out of phase (thus cancelling it)!

The goal is to maximise the signal to noise ratio (SNR)
(maximise the strengh of the signal relative to background noise)
Minimizing unwanted noise from interference in audio cables
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Audio connectorsAudio connectors

• 3-pin XLR Male and Female 
(balanced, mono)

• 1/4”Mono Jack (unbalanced 
mono)

• 1/4” Stereo Jack (unbalanced 
stereo or balanced mono)

• 1/8” mini Jack 
• RCA Male or Female 

(unbalanced mono)
• All the combinations
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Outline of today's lectureOutline of today's lecture

• Introduction
• Time versus frequency domain
• Audio file formats
• Audio in and out:

–Microphones
–Consoles
–Loudspeakers

• Next week
• First assignment
• Active listening session
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LoudspeakersLoudspeakers

• A loudspeaker is also a transducer: it 
transforms electric energy into acoustic energy

• Dynamic loudspeakers rest on the creation of a 
magnetic force (mechanical force) proportional 
to the current passing through a wire plunged 
in a magnetic field
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LoudspeakersLoudspeakers

• A good loudspeaker is not enough
for good reproduction:
– The sound from the back of the speaker 

cone will tend to cancel the sound 
from the front, especially for low 
frequencies.

– The free cone speaker is very 
inefficient at producing sound 
wavelengths longer than the 
diameter of the speaker.

– Speakers have a free-cone 
resonant frequency which 
distorts the sound by responding 
too strongly to frequencies near 
resonance. 

– More power is needed in the bass range, 
making multiple drivers with a crossover a 
practical necessity for good sound.
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LoudspeakersLoudspeakers

• Enclosure improves the 
sound quality dramatically

• Even with a good enclosure, 
a single loudspeaker cannot 
be expected to deliver 
optimally balanced sound 
over the full audible sound 
spectrum.

• High(low) frequencies are 
better reproduced by 
tweeters (woofers)
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Loudspeaker: crossoverLoudspeaker: crossover

• The crossover is the circuit responsible for 
routing the appropriate frequency ranges to the 
different drivers
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SummarySummary

• Today, we saw some complements on 
the fundamentals of audio 
processing:
–Time versus frequency domain
–Audio file formats
–Audio in and out:

• Microphones
• Consoles
• Loudspeakers

• Next week, we will cover the basics of 
sound editing and study various 
sound effects
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“Music is the poetry of the air.”

 Jean Paul Friedrich Richter
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Your lab this weekYour lab this week

• Andrew Hawryshkewich will 
drive you through the lab. 

• We will pursue learning the 
basics of Pro Tools

• It is the standard sequencer
• Mac OS or Microsoft Windows
• Digidesign, a division of 

Avid Technology (line of products for editing of 
television shows, feature films, and commercials)

• Standard in the audio industries: music 
production, film scoring, television and post 
production. 

• Pro Tools has three types of systems: HD, LE, and 
M-powered. 

• We will use the M-powered system (Avid bought M-
Audio in 2005)
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For next weekFor next week

• TA-Hours: Andrew (your TA), will now be 
available weekly on Tuesdays, from 10-12AM in 
room 3020 for 'TA Hours'. 

• This means if you have any questions or need any 
assistance that cannot be covered during lab-
times or by email, pick up a sound-card from the 
library, and meet Andrew there. 

• Readings: 
– David Dunn, “A history of electronic Music 

Pioneers”, Excerpt from the catalog of the 
Eigenwelt der Apparatewelt, CA: 1992, 48 
pages.

• Start working on your first project!
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First Project: Miniature ConcreteFirst Project: Miniature Concrete

• A composition of music concrète:
– Between 50-70 seconds in length
– 8 and 800 samples (including at least 3 recorded 

sounds)
– The ProTools project must 

• Use a minimum of 3 tracks
• Use at least one automation

– The final project must contain no more than 15 seconds 
of recognizable speech (of course, it can contain none)

– The final project must be mixed down to a 44.1kHz, 16bit 
Stereo and exported in the WAV file format (.wav)

• Late policy: 5% per day
• Plagiarism: usual rules

Due week 5, Wednesday 1st October 2008 
(before midnight)
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First Project: Miniature ConcreteFirst Project: Miniature Concrete
• For this first sound design project, you will 

deliver a data CD, with the following directory 
structure:
– 'Your Complete Name Here' - 'Your Work's Title': A 

main folder with your name and the work's title on it
• 'Your Complete Name Here' - Assign 1.wav: The final 

mixdown of your first assignment
• 'Your Name Here' - Assign 1 Writeup.(PDF/doc/odt/txt/rtf/

docx): The written report for your first assignment
• 'Your Name Here' - Assign 1 - ProTools Project: The 

actual project folder used by ProTools, just copy it over 
and burn the entire folder

– Audio Files: This folder should contain /all/ of your sounds used
– 'Project File Name'.ptf: The ProTools project file, so we can open 

your project to see how it was assembled
– Fade Files, Region Groups, Session Files 

Backups,WaveCache.wfm... and any other files/folders 
automatically created by ProTools
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• The written report (preferably PDF) will include:
– Your name, student number, and title of your 

work (preferably at the top of the page)
– A description of your work; your motivations, 

the ideas involved (between 150 and 300 words)
– A list of the sounds used, in the following 

format: 
• 'File Name'.wav
• Length mn:ss
• Sound description: what is it/where found/recorded 

(date found/recorded). 
• For each of the sounds used you will indicate which 

part of the sound was used. For example, you may 
have a 5min recording of a Skytrain station but you 
used only the part between 1:23 and 1:34 in it.

– Any complementary information that you judge 
useful

First Project: Miniature ConcrèteFirst Project: Miniature Concrète
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First Project: Miniature ConcrèteFirst Project: Miniature Concrète

• Here is a list of possible ideas:
– Vancouver's urban soundscape
– Auditory narrative of an abstract painting
– Abstract textures from water
– Rhythmic adventure in kitchen sounds
– Musical exploration of a forest
– A sound adventure or narrative
– Sonic exploration of an object
– ...

Be creative, find your own topics

Try, try and try again
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Examples of recordingsExamples of recordings
• Examples of recordings' descriptions (by Michael Oyster):

– "Quick Trip to the Grocery Store" begins with the required stop at 
the ATM and winds through the store to checkout. Near the end 
you'll hear my wife commenting about a 'body odor' smell. This 
recording is an edited version of several "snapshots" outside and 
inside the store.

– "Garbage Truck" is what it says. Recorded with my right side 
facing the truck and to my left side is a walled in walkway where the 
reflected sound bounces around.

– "Elevator Ride" recorded in an Arkansas hospital, the scene opens 
with a relaxed group outside the elevator. Inside, I chat some new 
friends on a 30 second ride. 

– "Bird and Workers" is a conversation between neighborhood 
songbirds and roof workers. 

– "Stem Cell Harvester XCU" extreme close up recording of a stem 
cell harvesting machine. Takes blood in, separates out stem cells 
and then replaces the blood. 

Object 13

Object 14

Object 15

Object 16

Object 17
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“I like to listen. I have learned a great deal from listening 
carefully. Most people never listen.”

 Ernest Hemingway 
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Today's active listening sessionToday's active listening session

• Musique concrète (French; literally, "concrete 
music"), is a style of avant-garde music that 
relies on recorded sounds, including natural 
environmental sounds and other noises that are 
not inherently musical, to create music.

• Pierre Schaeffer (1910-1995) coined the term 
'musique concrète' to describe a music made 
'concretely' by working directly with sounds, as 
against music made 'abstractly' by working with 
symbols for sounds (as in a musical score). 

• Today, we will continue our exploration of musique 
concrète with short pieces that illustrate the type of 
work that is expected from you for the first project.

Miniatures Concrètes
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Today's playlistToday's playlist

• State of the Union 2.001: 
– Ongoing project since 1982
– 1min per artist,
– Last release by EMF (http://www.emf.org/)

– Alvin Curran
– Oblique
– Benjamin Chadabe
– Phil Niblock
– Joel Chadabe
– John Duncan
– Kasuhisa Uchihashi
– Stephen Pope 

Lauren Weinger
Lloop
Thomas Dimuzio
Tony Doyle
Mark Trayle
FemNoir
Mark Cooper
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“To listen is an effort, and just to hear is no merit. 
A duck hears also.”

 Igor Stravinsky 


