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This article describes a digital signal-processing tech-
nique using short grains of sampled sound—generally
less than 50 msec in duration--that extends the
source sound’s duration without altering its pitch. In
addition, individual voices of the stretched sound
may be transposed to a variety of harmonic frequen-
cies. The psychoacoustic implications of the tech-
nique, such as the magnification of instantaneous
resonances and the perception of increased volume,
are discussed, as is compositional experience that
links the inner complexity of the sound to the com-
_plexity of the external world.

Background

Since 1986, I have been working with the technique
of granular synthesis (Roads 1978; 1988; 1991}, and
since 1987, with the granulation of sampled sound in
real time {Truax 1988) using the programmable
DMX-1000 digital signal processor (Wallraff 1979).
Briefly, this technique produces complex sounds by
the generation of high densities (100 to 2,000 events/
sec) of small “grains” on the order of 10 to 50 msec
duration. The content of the grain itself can be a
fixed waveform, a simple FM timbre, or a sampled
sound, with a hierarchy of control parameters direct-
ing the density, frequency range and temporal evolu-
tion of the synthesized sound textures. With sampled
sound as a source, particularly rich textures may re-
sult from extremely small fragments of source mate-
rial. Since 1989, the granulation technique has been
applied to a process of stretching the sound in a man-
ner called variable-rate time shifting. The technique
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cither leaves the original pitch intact or transposes
the sound in each grain by a different frequency ratio.
The technique is similar to the time-shifting work
reported by Jones and Parks (1988) except that the
goal is to lengthen the sound, not shorten it. An
implementation using the IRCAM Signal Processing
Workstation has also been recently reported {Lippe
1993]. In addition, the technique is designed to work
in real time, unlike computationally-intensive meth-
ods such as the phase vocoder (Dolson 1986). Com-
positional experience using the technique has been
particularly rewarding (Truax 1990b; 1992a), and my
colleague and I are currently implementing the tech-
nique on a microprocessor-controlled circuit board
that uses the Motorola DSP56001 digital signal-pro-
cessing chip and MC68000 controller (Truax and
Bartoo 1992}

Interpolating between Fixed
and Continuous Sampling

" The real-time program named GSAMX (granular

sampling with the DMX-1000) implements a
sampled-sound instrument for granular synthesis in
which each grain consists of a short segment of
sampled sound with specifiable duration and offset
time from the beginning of the sound sample. The
synthesis instrument consists of a bank of simple en-
velope generators with specifiable duration and delay
{in milliseconds) between successive envelopes. Each
generator produces a three-part linear envelope

[Editor's note: Side 2 of the soundsheet that was included in
Computer Music Journal 18:1 contained a collection of extended
musical examples from the author that are intended to
accompany this article.}
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whose attack and decay portions are a specifiable
fraction of the event duration {Truax 1988). Addi-
tional variables include the start sample [or offset}
and the range over which this variable may be cho-
sen. Up to 20 simultaneous streams or voices of this
synthesis instrument are possible with the DMX-
1000. The instrument is controlled by a scheduler
program running on the Digital Equipment Corpora-
tion PDP Micro-11 host computer in which each
grain is initiated and terminated under clock inter-
rupts set at a 1-msec rate. The shorter the grain dura-
tion, the higher the overall density of grains per
second (gps). The minimum grain duration that can
be effectively controlled in real time by the DMX is

_ 10 msec, hence densities of up to 2,000 gps can be
achieved with the 20 simultaneous voices. At lower
densities, however, grain durations may be as short
as 2 msec.

Because each grain has an attack and decay, there
is no possibility of clicks or transients, depending on
the portion of sampled sound being used. Moreover,
when the grain streams are unsynchronized because
each grain has a different duration or delay time be-
tween grains and when each grain starts at a different
position within the sound sample, very complex tex-
tures can result from even a very simple source
sound.

Initially, two contrasting approaches were devel-
oped within the program as to the treatment of the
samipled sound: fixed-sample (with approximately
4k-words of stored samples) and continuous-sample
input from disk at normal speed.

The fixed-sample option, shown in Figure 1, uses a
short sequence of source material, up to 4,032
samples or around 150 to 170 msec of sound because
of the limitation of 4k-words of on-board memory in
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the DMX-1000. The duration of grains used in granu-
lar synthesis is typically less than 150 msec, so the
effect of the fixed sample size is to limit the variety
of simultaneous “windows” that-may be accessed
from the sound material. The continuous sample
version, shown in Figure 2, involves real-time granu-
lation of sound directly from disk with the 4k-word
memory acting as a short delay line or time window
that may be tapped to furnish the-varions grains.

In the present system; sampled.sound is stored in
5k-word blocks on a hard disk, where it can be
played back-with various signal-processing options.
During playhack and granulation, samples are
looped; the length of the loop can be any number of
blocks from 1 to 1024. As an alternative to looping,
the user may specify particular segments of the ma-
terial to be played on a specific keystroke or in a pre-
determined sequence, the effect being that of
real-time editing. The start block number and num-
ber of blocks may also be “synchronized” to incre-
ment or decrement automatically at the end of each
loop. Another option randomizes the start block of
each segment within a specified range. Synthesis
may occur at various speeds, resulting in sampling
rates from 19 to 50 kHz. To avoid transients arising
from sample discontinuities at the end of one seg-
ment and the beginning of the next, the user can re-
quest a short linear fade-out and fade-in, lasting a
given number of samples or msec. With most mate-
rial, 100 samples per fade is inaudible and avoids
transients.

In the fixed-sample version discussed earlier, the
samples may be stored in a file that can be used inde-
pendently of the source disk. However, in the con-
tinuous version, samples are transferred from the
disk to the DMX-1000 via a DMA interface and
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granulated during performance. All looping and pro-
cessing is non-destructive of the source material. Ad-
ditional options for mixing or filtering samples prior
to granulation are also available.

Control Variables

The following are the five control variables available
to the user that determine how successive grain pa-
rameters are calculated:

Average offset from the start and offset range

Average grain duration and duration range

Delay time between grains or grain density

Speed of output {this acts as a pitch/time -
transposition)

Total number of voices sounding (max 20}, including
the number of grain streams per stereo channel

In the fixed-sample case, shown in Figure 1, the
offset is the number of samples past-the start of the
source where the grain begins, whereas in the con-
tinuous or variable-rate mode, shown in Figure 2, it
refers to how far back into the recent past of the
sound sequence the grains are taken [similar to a de-
lay line). Varying the offset from grain to grain by
means of the offset range allows each grain to be dif-
ferent and results.in a richer aural effect. The second
variable, grain duration, is often in the range of 10 to
30 msec with granular synthesis, but with sampled
sound it is more common to use 40- to 50-msec
grains so that the timbral character of the original
material is the least modified by audio rate effects
created by shorter grains that extend the sound’s
bandwidth.

The choice of delay or density in the third variable
corresponds to the distinction made by Roads {1991)
between quasi-synchrenous and asynchronous
granulation, respectively. In the former case, the user
controls the delay time between grains that is more
or less similar, thereby creating periodic modulation
effects at high densities. With asynchronous granula-
tion, the user controls the more intuitive variable of
grain density in grains per second. For a given den-
sity, the program calculates an average delay time
based on the average grain duration and number of
simultaneous grain streams and then chooses a ran-
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dom value for the delay of each grain between zero
and twice the average value. If the user specifies too
high a density, the average grain duration must be re-
duced. This modification of the quasi-synchronous
model seems to approximate closely Roads’s com-
pletely random scattering of grains that he terms
asynchronous.

The fourth variable is a simple speed control that
causes the signal processor to run more slowly
within a fairly small range, similar to a variable-
speed tape recorder. The fifth variable allows the
sound density to be reduced by switching voices off.
With fewer voices of quasi-synchronous granulation,
the minimum grain duration can be reduced to 2
msec. Stereo panning, either manually or cyclically
activated and moving at various speeds, is achieved
by controlling the number of simultaneous grain
streams assigned to-each output channel. Therefore,
grain density, rather than amplitude level per chan-
nel, determines the perception of lateral position.
The user may also specify a two-dimensional “trajec-
tory” pattem to control spatial movement automati-
cally. The trajectory is realized with grain density for
the lateral dimension and overall amplitude level for
the dimension of apparent depth.

One main reason for the dynamic quality of granu-
lated sound lies in the possibility of both successive
and simultaneous grains to have different parameter
values, particularly when the grain streams are
unsynchronized and fed to separate stereo output
channels. It is often difficult to realize such indepen-
dence of grains and grain streams with MIDI-con-
trolled samplers, for instance. On the other hand,
given the range of sound densities desired, the calcu-
lation of each grain’s parameters must be very effi-
cient. Deterministic control by predetermined values
would be burdensome for both the user and the com-
puter. The simplest solution, implemented in
GSAMX, is to adopt a stochastic model in which the
user specifies the average or minimum value of the
control variable and a range within which individual
parameter choices may be randomly made. The cal-
culation of such values is performed by a background
programming task, the values being used whenever a
new grain is initiated. Experimentation with non-lin-
ear chaotic algorithms, such as the logistic and “gin-
gerbread man” maps in which simple equations
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produce complex patterning, have also proved to be
interesting (Truax 1990a). These maps are applied to -
the offset, duration, and delay parameters and are cal-
culated when the foreground task initiates each grain
because the current value depends on previous ones.
In addition to the basic control variables, each
model has one additional variable that is specific to
it. With the fixed-sample model, the user can control
the number of voices sounding at transposed frequen-
cies, and with the continuous-sample model, the am-
plitude of samples being fed back into the delay line.
With the fixed-sample version, the option allows a
certain number of voices in the instrument to send
out samples at different frequencies by skipping or
repeating samples. The duration of the grain is not
affected by these different sample rates unless the
end of the source material is reached. As a result, part
of the sound texture may sound at a pitch above or
below the rest of the material. With the continuous-
sampling version, this option is replaced by a feed-
back control to allow the user to recirculate samples
through the delay line. The continuous model also
allows the memory to be “frozen” at particular mo-
ments, similar to the fixed-sample model. The freez-
ing may be triggered by a user keystroke, by a peak
amplitude, or at regular intervals, with or without the
original signal being included in the output. '
Work with these two approaches suggested the
need for a method that would interpolate between
them—that is, vary the rate at which new samples
are introduced into the granulation process {hence
the term “variable-rate” granulation). The desired ef-
fect is to be able to depart from the normal time flow
of the continuous-sampling model in a manner that
eventually approaches the “frozen” time of the fixed-
sample model. Such interpolation preserves the on-
going development of forward time flow but
combines it with the sense of magnification of the
moment associated with the fixed version.

Variable-Rate Sampled Sound

In the variable-rate implementation, the key variable
is the rate at which new sound samples enter the
DMZX-1000’s memory from disk compared with the
synthesized output, as shown in Figure 3. The “rate”

Figure 3. Addressing for
variable-rate granulation
using the DMX-1000.
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of the time-shifted sound is defined as the ratio of
“off” milliseconds to “on” milliseconds and is called
the off:on ratio. Therefore, a ratio of 0:1 is normal
speed because there is no “off” time, and a ratio of
99:1 results in 99 msec of no forward movement
through the sample before there is a I-mseec shift for-
ward, thereby producing a 100-fold time extension of
the sample. However, since the grains are always
taken from the current memory at one sample per
caleulated output frame, the frequency of the source
material is not distorted, only the rate at which the
user advances through itin a macre-level sense. This
process has the effect that.micro-level waveform pat-
terns and macro-level temporal changes have been
effectively separated.

If all of the sampled sound were simultaneously
available in memery, each grain could begin at the
current time position and extend through the subse-
quent samples {this is the case with the implementa-
tion using the Motorola DSP 56001 chip). With the
DMZX-1000, however, these “future” samples are not
present in memory because they have not been deliv-
ered by the DMA interface from the disk. This diffi-
culty is surmounted thanks to a psychoacoustic
phenomenon that illustrates the quantum nature of
the grain. During the “off” milliseconds when the
contents of memory are frozen, the grains take their
samples in the reverse direction. As long as the direc-
tion chosen remains the same throughout a grain
that is less than 50 msec with a symmetrical enve-
lope, there is no difference between forward and re-
verse in terms of the aural result. During the “on”
milliseconds, new samples are added to the memory,
thereby losing the old ones, and the grains may be
taken in either the forward or reverse directions.
This choice results in two options for the user. The
user may decide that the sample direction will al-
ways be in reverse, thereby producing minimal spec-

"new" samples
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tral alteration, or that the sample direction will alter-
nate {forward and reverse) during the “on” and “off”
states, thereby “modulating” the sample at the mi-
cro level.

If the first option is chosen, samples are always
read in the same direction, namely reverse, and
therefore the result is a pure time-shifting effect with
little timbral alteration except that introduced as a
result of the granulation process. Because the pur-
pose is to produce musically interesting sound and
not just a processed signal, up to 18 simultaneous su-
perpositions of the grains with independent charac-
teristics are normally used to give a sense of
magnification to the sound. (At around a 30-kHz
sampling rate, the DMX-1000 can produce 12 voices
of variable-rate granulation, and the DSP implemen-
tation 32 voices, which, with a 2-msec grain, means
a peak density of 16,000 gps). However, the study of
micro-level pitch changes is of interest to researchers
in linguistics and ethnomusicology, and a version
with less enhancement may be appropriate in those
contexts. For instance, pairs of grain streams may be
synchronized such that the end of the steady state of
one grain triggers the start of a grain in the other
stream. Because the grain envelope is linear, the sum
of the attack and decay produces a reasonably con-
tinutous output amplitude.

In the second option, the m:n ratios, such as 1:1,
2:2, 3:3, etc. {which are not equivalent), produce an
interesting phase modulation effect because for equal
amounts of time (1, 2, 3 msec, respectively), the grain
goes backward through the sound sample, then for-
ward through the exact same material, and so on.
The series of ratios mentioned above produces a de-
scending subharmonic series of phase modulation
frequencies from 500 Hz. Likewise, ratios of 2:1, 4:2,
and 8:4 combine a certain amount of phase modula-
tion with the slowing down effect that larger ratios
produce. Instead of a strong pitch component being
added, however, these ratios produce a noisier broad-
band result.

In each case, the amount of time shift, described as
the time-extension factor (TEF), can be calculated
from the off:on ratio as follows:

time-extension factor =
(off ratio + on ratio)/(on ratio) {1}
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Therefore, the ratio 1:1 produces a TEF of 2 times
normal speed, and a ratio of 999:1 produces a TEF of
1,000 timnes normal speed. This latter example
means that 1 sec of sound can last more than 16
minutes! Because the TEF is proportional to the ra-
tio, there is a strong intuitive relationship between
them. One advantage of this approach is that there is
no limit, other than one’s patience to listen, to the
amount of time stretching.

The off:on ratio may be typed in and stored as part
of a preset—that is, a set of control variables that can
be recalled with a single keystroke. Each component
of the ratio may also be separately “synchronized” to
allow the ratio or its components to be ramped,
thereby continuously changing the TEF.

5

Automated Rate Control

Two types of automated control of the rate-are also
available. The first temporarily reverts to real-time
when the maximum sample amplitude in a given
disk block falls below a user-specified threshold
value. This control acts as a kind of filter to skip over
quiet parts of the sound stream that otherwise would
be time extended along with the rest of the sound,
thereby eliminating lengthy pauses. The second au-
tomated control correlates the rate to the maximum
sample amplitude, thereby slowing down higher am-
plitude sounds and speeding up lower amplitude sec-
tions. The amount of rate variation depends on the
maximum rate value that the user selects, This
maximum value is implemented during the blocks
with peak amplitude, with proportionately smaller
values used during blocks with other amplitudes.

Depending on the length of the time window over
which amplitude is assessed in order to perform this
correlation, attack transients may be smeared by be-
ing part of the highest amplitude portion of the
sound. Because the effect of longer time stretching is
to lose the temporal character of the sound in order
to enhance its spectral makeup, this loss of tran-
sients may be compositionally limiting. Therefore, a
simple modification of the amplitude correlation
that offsets it by one block or time window is useful.
If the attack is preceded by relative silence, then it
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will be given a minimum stretch, wherecas the fol-
lowing steady state will be stretched by the maxi-
mum amount.

Manual control of the rate via the presets has also
proven to be extremely effective, even with rapidly
changing material such as speech. With normal hu-
man reaction time, particular vowels or consonants
can be elongated in the midst of a speech stream. At
the moment, only manual, preset, ramped, and auto-
mated controls of the off:on ratio are available in the
variable-rate version; scores and masks have not been
implemented. The main reason for this is that such
higher-level controls would be difficult to synchronize
with the temporal pattem of the particular sound. Al-
though it is occasionally compositionally interesting
to impose a pattern onto a sound in an unsynchro-
nized manner, it has been more useful to develop-con-
trols correlated to the sound material itself, such as
the automated rate control just described.

Harmoniziug

Once an independence of pitch and duration was
achieved with the time-shifting technique, it seemed
desirable to add simultaneous sample transposition.
There are several standard approaches to this prob-
lern; the simplest one, harmonizing, is based either
on skipping an integer number of samples (e.g;, tak-
ing every second sample for a transposition an octave
up, every third sample for the third harmonic, and so
on) or on repeating samples (e.g., using each sample
twice for a transposition an octave down).
Computationally more complex approaches involve
interpolation or using a non-integer sample incre-
ment, as with a digital oscillator. Typically, the user
employs x bits for the integer part of the table look-
up address and y bits as the fractional part, thereby
simulating a wavetable of size x + y. Without the
fractional part, one can only produce harmonically-
related frequencies; with it, the frequency resolution
is much better. :

Implementation of the harmonizer approach
would be simple were it not for the technique used
to realize the time stretching, namely the fact that
the software alternates between freezing the con-

tents of memory for m milliseconds and advancing
through the sample sequence for the next n millisec-
onds, the ratio of m:n being the off:on ratio. During
the periods in which the memory contents are “fro-
zen,” the user is forced to go backward through the
stored samples to obtain the material for the grains.
However, because the current time position may ad-
vance during the next millisecond, the rate at which
the user steps through the samples needs to be
higher during the “on” times to continue progressing
backward at the same rate and thus maintain the
original pitch without discontinuities.

For instance, with a current address marking the
most recent sample received and a desired offset
number of samples referring to a point in the past at
which the grain is to start, the following equations
show how to determine the address of the next
sample {[sample address} during the “off” and “on”
times {note that some strategy is also required to
keep the result within the memory address range):

off mode: current address = current address
sample address = current address —
(offset + 1} (2}

on mode: current address = current address + 1
sample address = current address -
loffset + 2) (3)

A simple harmonizing scheme to transpose the
material to harmonic N would generalize the expres-
sion in brackets to (offset + N] for the off mode and
(offset + N + 1] for the on mode. However, having
only an upward transposition to a harmonic fre-
quency is a severe limitation for the user, both in the
absence of lower transpositions and the wide spacing
of the first few harmonics. An alternative scheme,
one that is implemented in GSAMX, chooses a har-
monic series based on a fundamental achieved by di-
viding the untransposed frequency by a factor F. The
case of F = 4 is particularly attractive because it al-
lows a downward transposition of two octaves, such
that the fourth harmonic is the original pitch, plus
four transposition levels in the octave above the
original (harmonics five to eight). This is illustrated
in Figure 4. Equations 2 and 3, which determine the
sample address, can be modified as follows to
achieve harmonic N:
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Figure 4. Harmonization
scheme for transposition to
the harmonic N = 4.

HARMONIZATION SCHEME

Harmonic Number Relative Interval

1 "~ 2 octaves down
2 1 octave down
3 4th down

4 e > normal pitch
5 3rdup

6 5th up

7 Tthup (7:4

g 1 octapvg up))
10

11

12

13

14

15

16 2 octaves up

off mode: sample address = current address — (F. *
offset + NJ/F {4)

on mode: sample address = current address — {F *
offset + N + F)/F {5)

Note that whereas F is a constant, N can vary
with each grain or stream of grains, thereby allowing
simultaneous transposition to different pitch levels
in a multiple-voice implementation. The DMX-1000
version of this algorithm has a maximum of 15
simultaneous voices {10 at 30 kHz), each with its
own transposition level and choice of stereo output
channel. The results range from the expected chordal
enhancement of the material with lower pitched
material to interesting timbral enrichment with
unpitched or high-frequency material.

A byproduct of this scheme is the combination of
the octave downward transposition with the option
of skipping every other sample at the input to the
processor’s memory. The skipping not only speeds

up the material by a factor of two but also transposes
it up an octave; when combined with the downward

transposition, the material is returned to its original

pitch but with the doubled tempo.

Psychoacoustic Implications

Gabor (1947) described the microscopic level of the
grain as a quantum of sound whose parameters of fre-
quency and time form a unit rectangle. If one
“squeczes” the rectangle in the time domain and
thereby shortens the grain duration, the frequency
domain expands in compensation—that is, the band-
width increases. This phenomenon is also known as
the “law of uncertainty” in réference to Heisenberg's
uncertainty principle, involving the position and mo-
mentum of an electron, and is most generally de-
scribed as the inverse relation between frequency
and time. For instance, in spectral analysis, longer
time windows are required to define the low-fre-
quency components accurately, and vice versa, the
trade-off being between temporal and frequency reso-
lution (Dolson 1986).

By linking frequency and time at the micro level,
granulation makes it possible to treat the two vari-
ables independently at the macro level, as described
here. Gabor was also aware of this application and
performed rate-changing experiments using an
adapted film projector (Roads 1991). However, at the
macro level, the perceptual results of time stretching
work on a similar inverse relationship—as a sound is
progressively stretched, one is less aware of its tem-
poral envelope and more aware of its timbral charac-
ter. Ironically, with extreme stretching in time, a
spectrum can be experienced psychoacoustically in
the classical Fourier manner, namely as the sum of
its spectral components! Brief acoustic events tend
to be recognized non-analytically according to their
overall loudness as well as their temporal and spec-
tral envelopes, which are perceived as a gestalt pat-
tern. With stretched sounds, one has time to refocus
one’s attention on the inner spectral character of a
sound, which with natural sounds is amazingly com-
plex and musically interesting. Therefore, transitions
from the original to the stretched versions provide an
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interesting shift from one dominant percept to an-
other.

Two related phenomena are commonly experi-
enced with time shifting: the emergence of mo-
mentary resonances that are often quite vocal in
character and the perception of increased volume,
as distinct from mere loudness. The first phenom-
enon is described elsewhere as the emergence of
“inner voices” (Truax 1992a)—that suggested arche-
typal imagery that inspired my works Pacific and
Dominion. Particularly surprising was the discovery
of these voices, resembling a distant choir singing
vowels, in the sound of ocean waves. The only expla-
nation of the effect that I can provide is that momen-
tary resonances that normally are too fleeting and
non-repetitive to be identified become audible by be-
ing prolonged and reinforced with multiple overlays.
An analogy might be made to the microscope, which
allows minute spatial patterns to be perceived by .
magnifying them. In general, time stretching is a
unique ‘way to bring out the inner complexity of a
sound. Speech and other nonhisman utterances are
also quite complex in this regard; most mechanical
sounds and practically all sounds that are electronic
in origin are much less so.

To explain the perception of increased volume in
the sound, one can go back to the gestait concept of
volume as “the perceived magnitude of a sound,”
which tends to increase with spectral richness (or
resonance), reverberation, duration, and of course
intensity. This concept was current in early psycho-
acoustics (Seashore 1938) and can be found as late as
1967 in Olson (p. 260}, by which time it was rapidly
being replaced by the stimulus-response paradigm of
loudness based on summation of sine tone compo-
nents for pitched material, and narrow band noise
components with aperiodic sounds {Kryter 1959).
Unfortunately, this correlation of loudness to spec-
tral intensity, just as timbre is related to Fourier
components, continues to be repeated in most intro-
ductions to the subject in books on electroacoustic
music and audio production and then is promptly ig-
nored in practice, presumably because such theories
are of little practical use to the composer.

In an effort to stimulate renewed interest in a com-
plex, multi-parameter concept such as volume, I

have proposed a working model whose dimensions
are spectral richness, time, and “temporal density”
that refers to the temporal spacing of independent
spectral components, such as multiple sound sources
and phase-shifted or time-delayed events (Truax
1992c). Time stretching contributes to all three di-
mensions, hence the perception of greatly increased
volume. The overlay of simultancous grains en-
hances spectral richness, the lack of synchronization
between simultaneous grain streams adds to the
temporal density, and the extended duration occurs
along the time axis.

Compositional Experience

. Composing with real-time granular sound (Truax

1990b) has not only opened up a new sonic world,
but has also.challenged some very fundamental ideas
about what composition is.Whereas instrumental
music models assume the note as the smallest com-
positional unit, granular synthesis works.at the mi- .
cro level of the grain. Composition means working
within the sound as much as it does creating larger
structural units. In fact, with this technique, sound
and structure are extremely closely intertwined. The
conventional distinctions—found even in computer
music systerns—between score and orchestra, or in
MIDI between note cortimands and synthesizer
patches, are obliterated in a more integrated, even or-
ganic process. Moreover, the issue of compositional
control that has already been challenged by the use
of aleatoric processes must be rethought in terms of
the complex interaction of parallel processes found
in a real-time granular synthesis system. Determinis-
tic and linear thinking are clearly inappropriate, if
not impossible; the composer is constantly being
challenged by new concepts of sound and its organi-
zation, and if for no other reason than that, the tech-
nique may resist widespread commercialization.

The first two works based on the granulation of
sampled sound, The Wings of Nike (1987}, for com-
puter images by Theo Goldberg and two sound-
tracks, and Tongues of Angels {1988}, for oboe
d’amore, English horn, and four soundtracks, use
very short, fixed samples of recorded material. In the
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tirst work, these samples are male and female pho-
nemes, and in the second piece the samples are de-
rived from the live instruments. Despite the brevity
of the source material, very rich textures and com-
plex thythmic patterns can be obtained. The pitch
and timbre of the resulting sound are determined by
the source material unless the grain duration is too
short and a broad-band spectrum results. However,
the overlay of up to 20 simultaneous versions of such
sound per stereo pair of tracks, each with its own
variations, produces a “magnification” of the original
sound, as well as introducing the possibility of
gradual or rapid movement through its micro-level
characteristics.

The degree of magnification involved can be appre-
ciated when it is realized that three of the four move-
ments of The Wings of Nike, lasting approximately
12 min, were derived from only two phonemes, each
about 170 msec long! The stereo tapeis a mixdown
from an eight-track original that includes four stereo
pairs of the granular material; therefore, the vertical
densities of sound are around 80 at.any one.anoment,
and the horizontal densities range from quite sparse
to 8,000 events per second at the very end.

The first work to use the time-stretching tech-
nique was a mixed-media perforrmance piece for chil-
dren and adults called Beauty and the Beast (1989), a
collaboration with Theo Goldberg’s computer
graphic images. The work also includes a soloist us-
ing English horn and oboe d’amore {Lawrence
Chermney, who commissioned the work with the as-
sistance of the Canada Council), who acts as the sto-
ryteller using his instrument. The narrative text of
the story is embedded within the computer graphics
as well as heard as verbal dialogue on the accompa-
nying tape. This dialogue proved to be effective
source material for variable-rate granulation and, ex-
cept for some use of the instrumental sounds for con-
tinuity during interludes, was the only source
material needed to create the soundscape that ac-
companies the graphics. The compact nature of
speech, incorporating as it does many acoustic ele-
ments (e.g., pitch, noise, formants) in a short space of
time, makes it a particularly rich source material for
time extension.

My recent work, Song of Songs (1992}, for the same
combination of elements as Beauty, uses male and
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female voices reciting the Biblical text of the title,
plus environmental recordings of bird song from
France, a stream and crackling fire from British Co-
lumbia, and cicadas, crickets, and a monk singing
along with a monastery bell from Italy. Time shifting
is used to modify the rhythm of the spoken text sub-
tly and make it more songlike and to prolong the
sounds into sustained timbral textures, frequently
accompanied by multiple pitch shifting implemented
with the harmonizing technique described earlier.
This enrichment allows a more complex timbral
construction to be derived from the original, and this
is emphasized even further by the time shifting.
Moreover, the amount of stretching was modified
during the recording of the environmental
soundtracks in response to others already present,

. thereby creating a constant interaction of all the ma-

terial and further blurring the distinction between
voice-and:environment.:This-sense of merging of
sonic elements is consistent with the extended meta-
phor:of the original text; which-compares the Be-
loved to the richness of the landscape and its fruits.
The melodies of the live instrumental part are de-
rived either from the tempo and pitch inflections of
the spoken text or from the traditional Hebrew
cantillation on the Song of Songs, which at the end
of the piece is intertwined with the monk’s song
from the Christian tradition. Time-shifted granula-
tion allows the traditional boundaries between
speech, music, and the soundscape to be blurred.
Time shifting of environmental sound is the main
technique in three other recent works Pacific (1990),
Dominion (1991), and Basilica (1992}. In Pacific, one
sequence of sounds is used for each of four move-
ments. The materials are recordings of Canadian
West Coast environmental sounds, namely ocean
waves on the west coast of Vancouver Island, boat
horns in Vancouver harbor on New Year's Eve,
Vancouver harbor ambience with seagulls, and the
Dragon Dance in Vancouver's Chinatown celebrat.
ing the Chinese New Year. In Dominion, the materi-
als are recordings of Canadian “soundmarks,” such
as bells, whistles, foghorns, cannons, etc., as recorded
by the World Soundscape Project during a cross-
country tour in 1973. These materials are presented
in an east to west direction with at least one sound
from each province, suggesting a journey “from sea
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to sea,” linked by the sound of the whistle of the
transcontinental train, the railroad whose comple-
tion forged the founding of the country. The work is
divided into four sections, each depicting a region of
the country and starting with a unique soundmark
that signals high noon (the noonday gun in St. John’s,
Newfoundland, the Westminster chime and hour
bell from the Peace Tower in Ottawa, a noon siren
from a small town ini Alberta, and the O Canada”
hormn sounded daily in Vancouver). The 12 strokes of
the Ottawa bell appear in counterpoint with the bells
of a representative of the other founding culture, the
Basilica in Quebec City, whose sounds were pro-
cessed further in the tape solo piece Basilica. The at-
tack portion of each sound signal in‘the piece is
minimally stretched, thereby preserving its recogniz-
ability, but the remainder of the sound is often pro-
longed by a significant amount that allows.the
listener to hear its inner musical:character, the -
pitches of which form the basis of the twelve instru-
mental parts that are embedded within the tape
sounds. In this work; the time-stretching not only~
brings out the inherent musical character of the
source material but also gives the listener time to
allow memories and associations of these sounds to
surface.

In Basilica, the three bells are heard at their origi-
nal pitch, as well as an octave lower and a twelfth
higher, but all of these versions are stretched, often
to more than 20 times their original duration. The
extended versions allow the listener to hear out the
inner harmonics inside the bells, and in moving in- -
side the sound, it seems as if the listener is entering
the large volume of the church itself. The bell
formants can easily be confused with those of a
choir, and two-thirds of the way through the piece, a
repetitive sequence of momentary bell spectra is
heard, each element transposed down an octave and
prolonged to resemble the melody of a chant. The
piece ends similarly to the decelerando of the origi-
nal bell sequence except that the effect is simulated
by progressive time stretching of a single bell with
additional harmonic pitches.

Works by other composers who have used these
techniques with sampled sound are Valley Flow by
Denis Smalley, Crow by John Rimmer, Ocean of
Ages Revealed by Wende Bartley, Birth/Rebirth

Bearing Me by Susan Frykberg, Bronze Wound by
Chris Rolfe, and Essai du vide, Schweigen by
Agosting Di Scipio.

The technique of granular time stretching provides
a unique way to experience the inner structure of
timbre, hence to reveal its deeper imagery (Truax
19924). For instance, each movement of Pacific, as
well as the other works mentioned, is based on the
imagery inherent in the environmental sound used
as its material. Moreover, in the composition of each
work, a metaphor is established that connects the
sound to a deeper sense of cultural symbolism. All
of this symbolism is designed to involve the listener
strongly in the musical process by presenting a
larger-than-life image of sounds that are strangely
familiar. Whereas a simple collage of the material
would provoke recognition of it only-as sound ef-
fects, and typical' sampler looping or concatenation
would present:the soundsmore abstractly and devoid
of context; thetime:stretching technique draws the
listener into the soundiand evokes its inherent imag-

- ery and-assoctations: The process results'in what is

described elsewhere as a music of complexity {Truax
1992a; 1992b}, a music that is strongly contextu-
alized, in contrast to music composed according to
the dominant paradigm, in which sounds are related
only to each other, thereby creating completely ab-
stract works of art. The aim is to relate the inner
complexity of the sound to the outer complexity of
the real world, such that the two are integrated.

Conclusion

The complexity and dynamic quality of granulated
sampled sound makes it an attractive alternative to
methods based on the looping and transposition of
such sounds. Moreover, the basic unit, or “quan-
tumn,” of the grain is a potentially more flexible
building block for treating sampled sound, particu-
larly because the amplitude envelope of the grain
avoids transient clicks when extracting and combin-
ing arbitrary sample segments. When granular syn-
thesis is used to produce time-extended textures, it
has no resemblance to instrumental and other note-
based music; instead, the acoustic result often brings
out the inner character of environmental sound.
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However it is used, granular synthesis is clearly situ-
ated in a different psychoacoustic domain than that
occupied by most computer music, which com-
monly is based in instrumental music concepts. By
separating the micro level from the macro level in
terms of sound features and allowing pitch and time
warping without the limitations inherent in Fourier-
based approaches, the techniques introduced here
create a unique sound world and suggest new ways
in which the music made with it can be related to
the external world.
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