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Summary of previous weeksSummary of previous weeks

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

perception
– Sonic waves representation and properties: time 

vs. frequency domain (waveform vs spectrogram)
–  Sound digitalisation:

• ADC and DAC: sampling rate and bit depth
• Aliasing, quantisation noise
• Audio file formats

– Audio in and out:
• Microphones
• Mixing consoles or soundboard
• Loudspeakers
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Digitalising soundDigitalising sound

Overview of the audio 
digital recording and 

playback chain
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WaveformWaveform

TimeAm
pl

itu
de

A waveform is a graphical
representation of a sound
wave.
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Frequency Spectrum Through TimeFrequency Spectrum Through Time

Philippe Pasquier, September 2008IAT-380 Sound Design 6

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

the frequency spectrum 
Object 1
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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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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

• 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 2
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NoiseNoise

• Electric hum, mains hum, or power line hum is 
a special case of noise created by 
electromagnetic or electric interference. 

• Often, it is related to a ground loop problem.
• Example: the ground of the alimentation of an 

equipment is share with the ground of the 
sound signal.

• Example: 60Hz hum

Object 3
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Outline of today's lectureOutline of today's lecture

• Introduction
• Audio editing: tips
• Various operations and effects
• The basics of mastering
• Next week
• Active listening session
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Outline of today's lectureOutline of today's lecture

• Introduction
• Audio editing: tips
• Various operations and effects
• The basics of mastering
• Next week
• Active listening session
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Audio EditingAudio Editing

• Audio editing is the process of taking recorded 
sound and changing it directly on the recording 
medium (analog) or in RAM (digital).

• Developed in the middle part of the 20th:
– Straight razors and "splicing" tape to connect pieces 

of magnetic tape that had been cut. 
– Audio editors would listen to recorded tapes at low 

speeds, and then located specific sounds using a 
process called scrubbing, which is the slow rocking 
back and forth of the tape reels across the playback 
heads of the tape deck.

• Sound Designer was the first mainstream 
digital sound editor (by Digidesign who 
achieved early industry dominance). 

• The multi-platform package Audacity is 
currently the most fully-featured free software 
audio editor.
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Important concept of audio editingImportant concept of audio editing

• As true silence does not exist, every system 
will create or exhibit noise

• The noise floor of a system is the point at which 
the softest sound can be heard. 

• Any signal under the noise floor is covered by 
the background noise and cannot be heard or 
identified properly. 

• The signal dynamic range is the difference 
between the peak amplitude and the softest 
value of a signal. 

• The signal-to-noise ratio (SNR, S/N) is the 
dynamic range between the loudest signal and 
the noise floor value.
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Dynamic RangeDynamic Range

• We use dynamic range or SNR to describe:
– The ratio of the loudest possible undistorted 

sound to the quietest or to the noise level of a 
microphone or loudspeaker. 

– Ex: 120 dB SPL – 50 dB SPL = 70 dB SPL

– In digital audio, the maximum possible dynamic 
range is given by the audio bit depth (see signal-
to-noise ratio).

Background noise: empty room
Peak amplitude at the microphone

   The higher the ratio, the less obtrusive 
the background noise is.
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Dynamic RangeDynamic Range

• In the digital domain where 
there is a maximum possible 
encoding using fixed at 0dB 
(dBFS for full scale): 
– The 16-bit PCM signal has a 

dynamic range of 98 dB.
• In the analog domain:

– Magnetic tape has a dynamic 
range of approximately 55dB. 

– A vinyl disk has a dynamic 
range of approximately 65dB.

– Microphones have various 
dynamic ranges

– Same for loudspeakers 
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Dynamic RangeDynamic Range
• One example of incompressible noise floor on 

digital systems is the quantization noise (noise 
of half a bit of amplitude)
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Dynamic RangeDynamic Range

• Try to make the best use of the dynamic range 
when recording an individual sound 

+24dB

Object 4

Object 5
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Dynamic RangeDynamic Range

• Bit depth: a series of levels to which audio energy 
can be approximated at any given moment in time.  
– With 16 bit audio, there are 65,536 possible levels.  
– With every bit of greater resolution, the number of levels 

double.  
• By the time we get to 24 bit, we actually have 

16,777,216 levels. 
– Quiet passages will be less likely struggling to stay 

above the noise floor on your system. 
– You can record at lower levels, with more headroom.  
– This ensures that the occasional peak is not truncated at 

the top and it will give converters some room to breathe. 
– Because you are not pushing the limits of your 

bandwidth, your instruments will sound clearer, and the 
vocals may sound "cleaner", the song will mix better and 
there will be less noise.

 

These are good reasons for using 24 bits
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Outline of today's lectureOutline of today's lecture

• Introduction
• Audio editing: tips
• Various operations and effects
• The basics of mastering
• Next week
• Active listening session
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Audio editingAudio editing

• Various operations on sound files:
– Volume/gain/amplitude modulation
– Cutting: fade in fade out and zero crossing
– Normalising
– Compression/Expander
– Reversing
– Effects:

• Distortion
• Phaser, Flanger
• Chorus
• Time shifter

– Frequency domain effects
• Filters
• Equalisation
• Pitch shifter
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Sound Editing: VolumeSound Editing: Volume
• Volume/gain/level control:

– The volume can be adjusted (corresponds to the 
amplitude of the sound wave and to the 
perceived loudness)

– Operation: multiplication by a constant

– Expressed as a ratio (in dB)
– All the previous considerations apply:

• Use as much of the dynamic range available for a 
single sound

• But allow for some dynamic in your mix

    -3dB

Object 6 Object 7
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Sound Editing: VolumeSound Editing: Volume

• The waveform should be continuous: 
discontinuities are anomalies

• Glitches, clicks and pops are unwanted sounds 
often found in vinyl recordings or from bad splice-
editing, and are seen as sharp glitches in the 
normal curve of a waveform.

Object 8
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Sound Editing: VolumeSound Editing: Volume

• Can you ear the difference between these three 
sounds?

Object 9
Object 10 Object 11
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Sound Editing: VolumeSound Editing: Volume

• A special case of clic is the beginning and end 
of a sound. More generally, follow the 
zerocrossing rule

Object 12
Object 13

Object 14

Always fade in / fade out the volume 
(5ms is enough)
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Sound Editing: VolumeSound Editing: Volume

• Amplitude modulation: refer to cases where the 
volume varies through time (volume automation 
is an example)

• For example: tremolo (sine wave of 3.2Hz)

Object 15
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Sound Editing: VolumeSound Editing: Volume

• Normalisation is the volume adjustment that 
brings the peak amplitude at 0dB (maximum 
amplitude)
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Sound Editing: VolumeSound Editing: Volume

• Zoom on that waveform
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Sound Editing: VolumeSound Editing: Volume

• More gain and it is the saturation
Object 16
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Sound Editing: VolumeSound Editing: Volume

• Even more gain and it is distortion: 
Object 17
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Compression, Expansion and LimitingCompression, Expansion and Limiting

• Compression, expansion, and limiting affect the 
dynamic range of the sound file by varying the 
gain as a function of the input sound level.
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Compression, Expansion and LimitingCompression, Expansion and Limiting
• A compressor lowers the dynamic range of a signal by 

reducing the level of high volume signals and applying an 
overall gain to raise the level up again. 

• Compression is often used in vocals and music to get even 
volume levels which often results in a smoother, fuller 
sound.
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Compression, Expansion and LimitingCompression, Expansion and Limiting

• An expander increases the dynamic range of a signal by 
decreasing the level of low volume signals. Expanders are 
commonly used for noise reduction or for emphasizing the 
dynamics of a piece.
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Compression, Expansion and LimitingCompression, Expansion and Limiting

• A limiter is a compressor with a greater ratio of dynamic 
range reduction. Limiters are used in broadcasting for 
making sure that the volume level does not go over a 
certain threshold which overdrives electrical equipment. 
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Dynamic Range ManipulationDynamic Range Manipulation

• A noise gate removes signals below a set 
threshold. It’s used to remove noise from silent 
breaks in a sound file.
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Reversing a soundReversing a sound

• Reverse sound wave: invert the order of the list 
of samples

Object 18
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Sound effect: delaySound effect: delay

• The delay/echo effect adds a delayed copy of 
the sound signal to the file. 

• A single delay or decaying multiple delays can 
be added before or after the sound signal. 

• The multi-tap delay effect is used to simulate 
multiple echoes, reverberation and other delay-
related effects. 

• It accomplishes this with multiple delay taps, 
pitch modulation, and filtering.

Object 19
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Effect: ChorusEffect: Chorus

• The chorus effect creates the illusion of two or 
more sound sources playing together. 

• This is done by adding a pitch-modulated and 
delayed version of the input signal to the 
unprocessed input signal. 

• The effect simulates the variances in pitch and 
timing that occur naturally when two or more 
people try to play or sing the same thing at the 
same time.

Object 26

Object 27
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Effects: Flange, Phaser, Wah-wahEffects: Flange, Phaser, Wah-wah

• Flange: The flanging effect is heard in many 60s 
and 70s recordings. It is the result of mixing a 
modulated delay signal with the original signal 
to create a sweeping sound much like an 
airplane taking off.

• Phaser: A phaser is similar to a flanger, except 
that instead of using a Simple Delay, 
frequencies are phase-shifted over time. When 
used on stereo files, strange effects on the 
stereo image are created.

• Wah-Wah:The wah-wah effect was popularized 
by many a rock/blues guitarists favorite toy, the 
wah-wah pedal. It consists of a band-pass filter 
which attenuates low and high frequencies in 
varying amounts over 

Object 20

Object 21
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Effect: time stretchingEffect: time stretching

• Time stretching changes the duration of a 
sound file without altering the pitch.

• Very useful when:
– Trying to adjust a loop at a certain tempo.
– Trying to adjust a sound effect to the length of 

some moving images (example: door closing). 
– Make speech fit the length of a radio/TV 

commercial. 
– Slow speech down for foreign audiences.
– Give a sense of velocity to sound effects. 

Example: car passing
• Based on complex resampling technics.

Object 22
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Frequency Domain EffectsFrequency Domain Effects

Comparable to envelop but in the frequency domain

Object 29 Object 30
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Frequency Domain EffectsFrequency Domain Effects

• Equalization (or equalisation, EQ) 
is the process of changing the 
frequency envelope of a sound

• Made of filters (and volume controls)
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Effect: Pitch ShiftEffect: Pitch Shift

• This pitch shift (pitch scaling) effect changes 
the pitch of a selection with or without 
preserving the duration of the sound file.

• Vibrato is when the pitch varies according to 
(roughly) a sine wave

Example: pitch shifting

• Useful to: 
– Match the pitches two pre-recorded clips for mixing when the 

clips cannot be reperformed or resampled. 
– Create effects such as increasing the range of an instrument 

(like pitch shifting a guitar down an octave).

Object 23

Object 24

Object 25

5 semitones down
Original

5 semitones up
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Effect: Pitch BendEffect: Pitch Bend

• Not to be confused with pitch 
control on turntables

• These are reading/playing rates
• Used by DJs, these change pitch 

and duration at the same time
• DJs are adjusting the pitch of 

records so that the beats 
match

• The digital equivalent is called 
pitch bending

Object 28

Philippe Pasquier, September 2008IAT-380 Sound Design 46

Outline of today's lectureOutline of today's lecture

• Introduction
• Audio editing: tips
• Various operations and effects
• The basics of mastering
• Next week
• Active listening session
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Editing and MasteringEditing and Mastering
• Editing (editing window): 

– Loading sounds, cutting them, preparing them
– Sequencing
– Adjusting levels, pans, introducing effects

• Mastering (mixing window):
– Apply noise reduction to eliminate hum and hiss.
– Adjust stereo width.
– Add local or global ambience: reverberation, ...
– Finalise track levels and equalize audio between tracks.
– Dynamic expansion.
– Dynamic compression.
– Peak limit the tracks.

• Bouncing:
– Choosing export format 
– Selecting the portion of the timeline to export
– Export
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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 the learning 
of Pro Tools

• You will refine your sound 
editing skills

• You will learn how to apply 
effects (plug-ins) to soundtracks

• You will see how to master and bounce your 
project and export it as a single WAV file.

Very useful for your project
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For next weekFor next week

• Work on your first project!
– 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. 

• No readings but revision (readings and slides)
– Next week, there will be an in-class assignment

Your lecture will occur in room 5080 
Thursday 9:30-11:20AM
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First Project: Miniature ConcreteFirst Project: Miniature Concrete

• A composition of music concrete:
– 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)
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First Project: Miniature ConcreteFirst Project: Miniature Concrete

• What you will be evaluated for:
– Originality and concept
– Overall aesthetic
– Writing report
– Technical aspects:

• Respect of the various constraints
• Quality of your sounds (cliks, pops, SNR, ...)
• Quality of the mix: dynamic, spectral properties
• Quality of your mastering: overall sound presence

Good luck!
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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 
concrete with short pieces  that illustrate the type 
of work that is expected from you for the first 
project.
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“To listen is an effort, and just to hear is no merit. 
A duck hears also.”

 Igor Stravinsky 


