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Review

® Delays
® Canon
® Echoes

® Filtering

® Altered room quality

® Recirculating Delay Networks



Power conservation

® |f power of the input (IN) IN
equals power of output (OUT) l l l l

the system is unitary

® |f a system is unitary then it d,| |d,] |45/ 4,
has a flat frequency response

® This can be preserved even |
with rotations and reflections
of the signal
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Power conservation

Rotation of two signals ~ Rotation by 0 = 77/4
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Recirculating network
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All-pass filter: the phase of
frequencies around the cut-off
frequency are modified



Artificial Reverberation

Direct

Reflections
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Artificial Reverberation
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) \k R = Rotation Matrix
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delwrite~

® OO0 +" delwrite~-help.pd

|de1write~ writes a signal in a delay line

Delwrite~ allocates memory for a delay line and writes an
audio signal into it. Delread~ objects by hte same name

read from the delay line.

[

sig~ @| signal input

1st argument: name of delay line
Z2nd argument: length of delay line in msec
(= max. delay time)

delwrite~ del_line_xxx 500

see also: |de1read~ EEE:

updated for Pd version ©0.33




delread~

8 OO0

- delread~-help.pd

delread~

- read a signal from a delay line

You can use more than one delread~ objects for the same
delay line.
If the specified delay time is longer than the size of the

delay line or less than zero it is clipped to the length of

the delay

line.

Note: if the delaywrite~ runs after the delread~ the
minimum delay is actually one DSP period, not zero.

[@ | input to delay line
sig~
1

delwrite~ del_example 1000

Loadbang @ | float input (delay time in ms)
’ L 1st argument: name of delay line
pd dsp 1| |delread~ del_example 1000 2nd argument: (initial) delay time in ms
metro 200! signal output (delayed signal)
snapshot~:
0
see also: delwrite~ vd~ updated for Pd version ©.33




rtificial Reverberation

® OO0 +  l.artificalReverb.pd

Artificial Reberation Patch (uses loopvox~)

Read delay line 1

Load audio loop [elread~ delayl 4@

loopvox~‘

read delay line 2
[delread~ delay2 80

~ +~ | Add delay 1 and 2 to audio loop
set feedback gain
comment
)
i , Add the results to one another
. -~ | subtract the results from one another 7 100
*~ e Multiply the signal by the feedback gain
dac~| . .
Write delay line 1 firite delay line 2

Gelwrite~ delayl 40 delwrite~ delgy2 8@




Seven historical keyboards, specially built by’ i
master-artisans, some unheard since Haydn's

Nine virtual rooms, precisely mapped and re
settings in which Haydn's music would have

JOSEPH HAYDN'S COMPLETE WORKS FOR &

§

performed by one of today’s most thoughtful,

3

eloquent performers. | 15

‘.‘ g
Performer Tom Beghin, Tonmeister lhl’?ﬁ}

engineer Wieslaw Woszczyk join forces t%

project blu-ray box set events reviews




Immersive Presence Lab
at Center for New
Music and Audio

Technologies (CIRMMT)
Montreal, Canada

Sonata in A Major HXVI:12 A Sonata in G Major HXVI:6 Minuet/Trio
“Music Room” Haydn’s House




Interpolation

® Non-integer delay times require interpolation

Linear Interpolation Cubic Interpolation
\ __________________________ Sl
7 ¢ f(x) N
| : e -
y o ; W N .
g ¢
: i [ o ™ ™ o ] x
)'(1 )'( X, [ o o ] xi
Image from Dagra Manual Image from Matlab Manual

® Minimum delay-time is higher with higher-order
polynomials



vd~

® OO0 + vd~-help.pd

reads a signal from a delay line at a variable delay time
|vd~ . . .
(4-point-interpolation)

vd~ implements a 4-point interpolating delay tap from a
corresponding delwrite~ object. The delay in milliseconds
of the tap is specified by the incoming signal.

The delay time is always at least one sample and at most
the length of the delay line (specified by hte delwrite~).
In addition, in case the delwrite~ runs later in the DSP

loop than the vd~, the delay is constrained below by one
vector length (64 samples.)

signal input (delay time in ms)

vd~ del_example creation argument: name of delay line

|out1et~ signal output (delayed signal)

see also: Fjelwrite~ F!elr'eack

updated for Pd version 0.33




Variable delays

THE BEATLES.

ELEANOR
RIGBY.
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Variable delays

THEBEATLES.

ELEANOR
RIGBY.

0:00-0:04 Manual Double Tracking
0:07-0:11 Manual Double Tracking

0:14 Brief Automatic Double Tracking
on "Ele-a-"

0:14-0:31 No Double Tracking
0:31-0:44 Automatic Double Tracking
0:46-1:02 No Double Tracking
1:03-1:15 Automatic Double Tracking
1:17-1:28 Manual Double Tracking
1:31-2:02 No Double Tracking



ariable delays

8 OO0

~ 2.chorus.pd

Chorus (uses loopvox~)

Load audio loop

the lengt
the delay

E_
Metro object to trigger snapshot
[osc~ 1| [metro I]
Receive delay length

Goshot] [

-

[+ Add LFO to delay length
-

[vd~ delayl 20@| Read variable length
delay line

LFO to modulate

Write delay line
[delwrite~ delayl 200

h of

ad dsp 1}
éd dsp 0!

Delay lengths

del 50
del 129

del 150

Al




Variable delays

“It's Gonna Rain was composed in San
Francisco in January 1965. The voice
==' | belongs to a young black Pentecostal
preacher who called himself Brother
. Walter. | recorded him along with the
pigeons and traffic one Sunday
afternoon in Union Square in
downtown San Francisco. Later at
home | started playing with tape loops
of his voice and, by accident, discovered the process of letting two
identical loops go gradually out of phase with each other. In the
first part of the piece the two loops are lined up in unison,
gradually move out of phase with each other and then slowly
move back into unison.” - Steve Reich




ariable delays

® OO0 + 3.itsGonnaRain.pd

It's Gonna Rain (uses loopvox~)

Load audio loop

Write delay line
[delwrite~ delayl 785

bhosor to sweep
the delay

¥ 7g5] Multiply by length of audio loop
) to sweep across the entire loop

vd~ delayl 785

Read variable length
delay line




ariable delays

+ 4.flanger.pd

8 OO

Flanger

Phasor to sweep
the delay

Write delay line
[delwrite~ delayl 100

[bhasor~ @.5

vd~ delayl 100|

Read variable length
delay line

Metro object to trigger snapshot

Bd dsp @

Ed dsp 1!

Delay lengths

} ' )
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Flanging effect
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Phasing effect
Image from Wikipedia



Doppler Effect

Precision Graphics

® Air can function as a delay line

® A sound will sound higher in pitch as an object approaches as its motion
causes the sound waves to bunch together

® |t will sound lower in pitch as the object passes and moves further away
because the sound waves become further apart
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Doppler Effect - Leslie Speaker

Speakers with treble horn unit

Motor for treble speaker Tuning unit

fer i
Motor for woofer Woofer speaker unit

Woofer rotate unit
Vacum tube amplifier

ES——

Image from Wikipedia

Image from Wikipedia y o

TR
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® Treble Horn and Woofer Rotate Units move

® Treble Motor/Tuning Units and Woofer Motor/
Speaker Units are stationary

® Examples
® organ tone with variable speaker settings
® vocal effect on “Tomorrow Never Knows”



Pitch shifting

® Need to stay within minimum and maximum
allowed delay

® vibrato
® piecewise delay with enveloping
® overlaying two delay lines

input

time input input

time time

X, X
X o X
le
le
le
X ., X
| R X o X
output time ly output time :/;x;// output time
A .




Pitch shifting

e OO0 +" G09.pitchshift.pd

PITCH SHIFTER pd test-input]|

loadbang

ﬁelwrite~ G@9-del 5000|

transpose 0;
window 100;
delay ©

<-- transposition
(halftones)

This is a classic rotating-tape-head style pitch shifter
using the vd~ variable delay object. Ther are two moving
tape heads, each of which is loudest at the middle of its
trajectory, and enveloped out at the moment it has to jump
back (or forward) to start another scratch. Most of the
brain work is in computing how fast the tape heads have to
move to get the desired transposition.

tape head
rotation freq The "window size" is the total trajectory of the read
points in the delay line, in milliseconds. The delay times
are controlled by a phasor~ object. The second delay time,
180 degrees out of phase from the first one, is computed

using the "wrap" object.

The "window size" is the total trajectory of the read
points in the delay line, in milliseconds. The delay times
are controlled by a phasor~ object. The second delay time,
180 degrees out of phase from the first one, is computed
using the "wrap" object.

The cos~ objects compute the fadein and fadeout of the two

|+~h delay line outputs. They each traverse the positive half of
L the cosine waveform (phase -0.25 to +0.25) over the time
OITpate the phase goes from one end to the other.
ds[@ |
mute [0 updated for Pd version ©.37-1




Introduction to Filters

Cut-off frequency - point above or below which frequencies are attenuated

amplitude

low-pass filter B high-pass filter

amplitude

band-pass filter band-stop filter

amplitude

frequency

frequency

Images from: Burk, Polansky, Repetto, Roberts, and Rockmore. 201 I. Music and Computers:A Theoretical and Historical Approach



Introduction to Filters

/l////*\\\\////» }>ripple

stopband
attenuation

o

\/\/\/\/_\

passband T stopband

transition
band

Low-pass filter frequency response in more detail



lop~

® OO + lop~-help.pd

lop~|- one-pole low pass filter

lop~ 1s a one-pole low pass filter with a specified rolloff
frequency.

The left inlet is the incoming audio signal. The right
inlet is the cutoff frequency in Hz.

<-- scroll to change input frequency

cleari<-- reinitialize internal state

E. <-- set cutoff frequency

The filter is initialized to cut off frequencies above 5 Hz.
env~|env~ gives the amplitude of the signal in dB.

Compare the strength of the original signal on the left
with that of the filtered signal on the right.

see also: updated for Pd version-.37




hip~

® OO0 " hip~-help.pd

hip~| - one-pole high pass filter

hip~ is a one-pole high pass filter with a specified
rolloff frequency.

The left inlet is the incoming audio signal. The right
inlet is the cutoff frequency in Hz.

Creation argument initializes rolloff frequency.
|env~

[96.9969) [36. 9902)

env~ gives the amplitude of the signal envelop in dB.

pd dsp ©
pd dsp 1

updated for Pd version 0.37




bp~

® OO + bp~-help.pd

- BANDPASS FILTER

bp~ passes a sinusoid at the center frequency at unit gain
(approximately). Other frequencies are attenuated.

The left inlet is the incoming audio signal, the middle

control input sets center frequency and the rigth input
sets "Q".

env~| env~ gives the amplitude of the signal envelop in dB.
97.0026)[97.7879)

Compare the amplitude of the original signal on the left
with the amplitude of the filtered signal on the right.

see also: vCf~

pd dsp 1

pd dsp 0|

updated for Pd version-0.30




ntroduction to Filters

8 00

+ S.filters.pd

Filters

5] Low-pass Filter
Roll off Freguency = 5

g

* 10

High-pass Filter

hip~ 5 Roll off Freguency = 5

pd dsp 1

i

pd dsp @

Band-pass Filter
Default center freguency = 120
Default Q = 10




