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ABSTRACT
!

Transfigurations is a symphonic work in one movement for orchestra and

live computer processing utilizing the graphical audio programming language
Pure Data. The score and patch for this piece are accompanied by an essay
describing the audio processing techniques and the compositional processes
employed in this work. Programming methods discussed include strategies for
data capture, patch structure, user interface, and processor management.
!

All audio processing in the work is realized in realtime. These sounds are

derived directly from the orchestra in performance, except for the last. The
processes involved in Transfigurations include pitch and amplitude tracking,
pitch-shifting, filtering, frequency and amplitude modulation, granular synthesis,
delay, and convolution. The final sounds from the computer employ stochastic
processes for synthesis which are derived from the germinal materials of the
piece.
!

The essay also discusses the aesthetic philosophy and formal structure of

the work, principle themes and motives, and formative pitch materials, as well as
the compositional processes in each section. The final discourse of the essay
considers microphone and loudspeaker setups, patch preparation and leveling,
and strategies for rehearsal and performance.
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CHAPTER 1
INTRODUCTION
!

Both the computer and the orchestra1 represent, for me, the most intricate

and versatile tone generators created by humanity, one acoustic and long-lived,
the other electroacoustic and newly-formed. Each of these mediums has been
richly exploited for its immense diversity of timbre, loudness, and pitch. The
computer and the orchestra are similar in these ways, and yet they differ
significantly in the amount of information each needs to produce certain types of
sound. Orchestral musicians are trained to translate simple indications of pitch,
duration, timing, and relative loudness into an intricate musical experience.
These musicians are capable of providing their own interpretation of the score,
which means that the information contained in their musical output is far more
complex than the information given in the notation itself. This causes a certain
lack of notational precision; timing, duration, pitch, loudness, and timbre are all
reproduced approximately within the parameters of the given notation.
Essentially, an orchestra can produce complex music with relatively little
information; however, this music can vary widely in each performance. The
computer is capable of a high degree of precision, yet little information is added
1

I use the term “orchestra” here, for it is most relevant to the medium for which I

have chosen to compose; however, the same is true for any large ensemble of
mixed instruments (i.e. concert band or wind ensemble). The distinction between
these groups is more one of performance tradition than strictly instrumental
combination.
1

beyond the data given at the outset. In order to create the varied and complex
sounds typical of musical expression, all parameters of the musical output must
be defined to the computer mathematically. Additionally, the computer is capable
of calculating highly complex processes—much more so than human performers
—yet it is as yet incapable of extracting meaningful information about musical
expression from the data it produces. The composer must introduce and manage
all the aspects of computer expression. Stated simply, the computer will
represent the notation exactly, but requires the composer to indicate all aspects
of the performance. In these ways, the strength of the computer’s abilities
supplements those of the human performer, and vice versa. By combining the
orchestra and computer in Transfigurations, I seek to explore new musical
possibilities unavailable to either medium taken singularly.
The State of the Art
The Orchestra
!

Throughout its history, the orchestra has become increasingly complex.

Innovations in design and the inclusion of additional instruments have led to a
continual development toward a diversity of timbre, loudness, and register (Adler,
2002, pp. 3–6). In this light, the inclusion of the computer—once developed to a
sufficient degree—seems inevitable. Works utilizing live computer processing are
few. As such, it is convenient to examine pieces for large ensembles of various
types that incorporate realtime computer processing in the acoustic performance,
including both orchestra and concert band. Live electronics is a term that is

2

frequently used by composers to indicate realtime computer processing during
the performance.
Recent trends in composition for large ensemble and computer tend to
focus on triggering fixed media events during the course of the acoustic
performance. German composer York Höller’s Sphären (2008), an orchestral
cycle featuring live computer processing, was the recipient of the 2010
Grawemeyer Award. The processing techniques in this work are limited largely to
the use of simple sampling and playback, with no intervening processing or
manipulation of the orchestra’s sound (Eddins, 2012). Young-Shin Choi’s 2011
doctoral dissertation at the University of California, Santa Cruz culminated in a
multi-movement work for chamber orchestra and live electronics entitled Heullim
Garak. Here the focus of the work is on “the combination of Korean musical
language with modern Western musical idioms.” Choi uses a MIDI keyboard to
trigger samples throughout the piece. Constellation: for orchestra and live
electronics (2000) by Ronald Bruce Smith also uses a computer to trigger fixed
media events controlled by a MIDI keyboard. Looking to other large-scale forces
with live electronics, Unsuk Chin similarly uses a sampler to trigger prerecorded
electronic events in Fanfare chimérique (2010-11) for two ensembles of wind and
brass with electronics. Steven Bryant’s Ecstatic Waters (2008) for wind ensemble
and electronics also focuses primarily on prerecorded material that is triggered
by a computer. In this work, however, the fixed media events are supplemented
by a brief moment in the work when a solo clarinet is “amplified and run through
live effects” on the computer using Ableton Live for processing (Bryant, 2008).
3

While these pieces are not representative of the whole gamut of music written for
large ensembles and live electronics in the past decade, they demonstrate recent
trends toward using predominantly fixed media methods in works for large
instrumental forces and electronics. Even when the composer calls his or her
procedures “live electronics” in these cases, he or she is mostly referring to a
method of flexible timing with regard to fixed media events.
!

Recent works for orchestra and live computer processing where much of

the electronic sound is developed in realtime during the performance are scarce.
Some recent examples include Arman Gushchyan’s Peri-Ge (2011), Ricardo
Climent’s Phylosophiae Naturalis (2001), and Tod Machover's Sparkler (2001).
Gushchyan’s work is for symphony orchestra and demonstrates minimal
electronic elements throughout the work. Climent’s Phylosophiae Naturalis is for
scratch orchestra 2 and realtime processing using Max/MSP, a graphical
programming language typically used for audio processing (Manzo, 2011, pp. 1–
2). This work demonstrates significant use of electronic processing both on
individual instruments and on the ensemble as a whole. Climent also makes
significant use of pre-determined fixed media elements in the work. Machover
takes a similar approach, incorporating live processing with fixed media
2

Climent uses the term “scratch orchestra” to describe the large ensemble of

non-specific instruments required to play the work; essentially, it can be
performed with any mixed combination of instruments. This concept was
developed by Cornelius Cardew, Howard Skempton, and Micheal Parsons during
their tenure at Morely College in the 1960s (Baker, 2010).
4

elements, however much of the sonic contribution performed by the electronics is
processed live (Jehan, Machover & Fabio, 2002). One such process was
discussed at the National Conference On Technology And The Orchestra, in
October 2001:
!
The use of live electronics created an extraordinary effect in Tod
Machover's "Sparkler," written in 2001. This piece, which is the opening section
of the "Toy Symphony," employed coherent melodic lines joined with sparse
quotes from well-known classical !and popular tunes, moved briskly forward until
the large central section. At this point, a computer algorithm recognizes various
instrumental parameters, from instrumental combinations cued by the conductor,
and generates large masses of hybrid sounds. These are live electronic
processes that create a "hyper-orchestra." The result were [sic] huge "blobs of
sound," as described by the composer, and that effect made the work interesting,
though the earlier handling of the melodic materials was fairly standard (Kra,
2001).
!

In his 2008 work, Speakings for orchestra and electronics, Jonathan

Harvey employs live processing as the primary method for manipulating acoustic
sound. Harvey captures the sound of the orchestra as a whole, as well as eleven
individual instruments, and applies filter formants derived from speech patterns to
the signal (Hewett, 2008). The result is orchestral sounds that are speech-like,
depicting infant coos and babbling, adult vowel and consonant sounds, and
indecipherable chanting (Harvey, 2012).
!

The previous sampling of works does not represent an exhaustive

catalogue of pieces for large ensemble and computer processing; however, it
serves to demonstrate the recent trends in the use of electronics with such
ensembles. Composers of the past decade have worked to include the computer
as part of the orchestra, and have done so largely with fixed media triggered

5

throughout the work. Pieces utilizing realtime manipulation of the acoustic
performance as the primary processing technique are much less common.
The Computer
!

Computers are capable of producing all sounds audible to the human ear

(Dodge & Jerse, 1997, p. 14). The sounds that a computer may produce through
realtime processing are limited, however, to those that can be calculated at or
more quickly than the audio rate. Recent innovations in the production of
computer processors have made digital computing for audio processing
increasingly affordable (Leider, 2004, pp. xiii–xiv). Production techniques that
were impossible or prohibitively expensive in past decades are now widely
available to composers. Audio programming languages, such as Pure Data, Max/
MSP, Csound, and ChucK, have been written to take advantage of this
proliferation of available processing for the creation and manipulation of sound.

Figure 1. A block diagram as seen in graphical programming languages.
!

Pure Data is a graphical audio programming language written by Miller

Puckette. It is graphical in that the program compiler is normally represented
6

through a visual interface as a block diagram where the objects, numbers, and
their connections can be seen. Figure 1 demonstrates an example of a general
block diagram.
!

In this diagram, the number “440” is passed to an object called “Oscil”,

which in turn is passed to an object called “DAC.” In this type of graphical
programming language, data and processes flow from the top of the diagram
downward.
!

Puckette created the first graphical compiler program in 1988 (Puckette,

2007, pp. ix–x). Called Max, it dealt only with control signals for music synthesis,
as computing power was not sufficient at the time for processing sound. During
the period from 1993 to 1994 at the Institut de Recherche et Coordination
Acoustique/Musique (IRCAM) in Paris, Puckette and David Zicarelli appended a
synthesis program called MSP to Max, creating the first graphical programming
language capable of realtime audio synthesis. Subsequently, Zicarelli has gone
on to maintain Max/MSP as a commercial product, while Puckette began anew at
the University of California, San Diego by writing Pure Data, creating a rival
graphical programming language similar to Max/MSP.
!

There are a number of fundamental differences between Pure Data and

Max/MSP, including syntax, available objects, and compatibility with other
software. The primary difference that influenced my decision to write
Transfigurations in Pure Data is the fact that it is an open source programming
language. This means that Puckette’s core programming is open and available
for free, and that most development is performed by a volunteer community of
7

programmers in the form of abstractions, external objects, graphic user interface
enhancements, and application programming interfaces ("Development wiki,"
2012). Unlike Max/MSP, Pure Data is not offered for commercial profit, making it
easier to share code, alter existing objects, and distribute the finished product.
!

The fundamental unit of programming in Pure Data is a box. Boxes are

connected to each other from outlets at the bottom of a box, to inlets at the top.
The data signal flows from those at the top to those beneath them. Boxes can
represent functions (called objects), messages, numbers, symbols, comments, or
graphical user interface (GUI) objects. A basic explanation of a number of these
objects is necessary in order to understand the audio processes that occur in
Transfigurations 3.
!

Calculations are performed at two rates in Pure Data, the audio (or

sample) rate and the control rate. The audio rate is the faster of the two, and is
used for calculating each sample of audio data. Objects that perform calculations
at the audio rate are followed by a tilde, “~.” Audio processes in Pure Data are
calculated in batches determined by the block size. The standard block is 64
samples. The audio processes in Transfigurations are determined at the rate of
44100 samples per second. The control rate is used for calculations that do not
need to occur as quickly as the sample rate. It is calculated once per block, at a
rate of 735 calculations per second (Puckette, 2007, p. 63).
3

For a more detailed examination of programming in Pure Data, please refer to

the Pure Data manual at http://en.flossmanuals.net/_booki/pure-data/puredata.pdf.
8

!

Signals can be sent in Pure Data through connectors, represented by grey

lines running from the outlet of a box to the inlet of another. They can also be
sent through the send and receive functions, which may be abbreviated in Pure
Data as s and r. Send and receive objects are followed by a variable name given
by the user.
!

The concepts discussed in this chapter form the basis of programming in

Pure Data; however, many more objects exist than are given in the course of this
discussion. Relevant objects, programming vocabulary, and functions will be
explained in further detail as we examine the live computer processes in
Transfigurations.

9

CHAPTER 2
THE PATCH
!

The computer processing for Transfigurations is written in a Pure Data

program typically referred to as a patch. A patch is a network of unit generators
defined by the user of the software package, “which essentially corresponds to
the synthesis algorithm to be used” (Puckette, 2007, p. 8). The term is derived
from the analogous method of creating electronic sounds prominent throughout
much of the twentieth century, “where sounds were created and transformed by
small electronic devices which were connected together via patch cables” ("Pure
data," 2012). The patch for Transfigurations captures data using microphones
placed around and within the orchestra, and processes those captured sounds
utilizing the algorithms defined for that cue. A cue is a section of music that
employs one arrangement of algorithms, and is marked in the score by a box
labeled with the word “cue” and a number. Cues are utilized by a performer who
triggers the event at the appropriate moment in the performance. This computer
musician can be called a technologist. As with any other orchestral musician, the
technologist is responsible for the setup and effective performance of his or her
instrument, including timing, balance, and sound quality. The technologist
performs the music by following both the notation in the score, as well as the
information found in the patch.
!

In Transfigurations, cues can be triggered in a number of ways. Pressing

the space bar will move forward one cue. The “.” key will also move the cue
forward by one, while the “,” key will move back. (These keys correspond to the
10

“>” and “<“ keys without the “shift” key.) These buttons are useful for readjusting if
a cue is triggered early in a performance, allowing the technologist to quickly
move back to the appropriate cue. Since an orchestra rehearsal frequently
involves skipping backward or forward to practice a section of music, these keys
can also be used to quickly skip forward or backward through the cues. Finally,
each cue can be triggered by clicking the corresponding cue number button on
the program’s main mixer panel.
!

By providing a number of methods for triggering cues, I hope to provide

the technologist with options that will allow freedom in his or her musical
expression as he or she performs the patch, in much the way an acoustic
musician performs his or her notation. Additionally, it is important that the
technologist can move quickly forward and back through cues in a rehearsal. The
expense of an orchestra rehearsal in time, money, and resources demands that
the patch be as flexible in its performance as the acoustic instruments.
Data Capture
!

In Transfigurations, the sound of the orchestra is captured for processing

in six channels. Microphones are placed around the entire orchestra and fed into
a mixer. The signals from these microphones are mixed and reduced to only two
channels, left and right, corresponding to input channels 1 and 2. This procedure
is typically called a mix down. This orchestra mix can be captured by as few as
two microphones, left and right; however, it is advisable to use more. The closer
the microphone can be placed to the sound source, the less gain that is
necessary to bring the signal to an acceptable level. By placing a number of
11

microphones around the orchestra and mixing down to two channels, acoustic
feedback can be more easily avoided. Acoustic feedback, or simply feedback,
occurs when the sound from the loudspeaker is received by the microphone, and
amplified once again, creating a loop. When the feedback to a microphone is
greater than the original sound input level, an uncontrolled increase in output will
occur, “usually in the form of a loud ring at one frequency” (Nave, 2012).
Microphone setups for capturing the live performance of an orchestra for a
recording can serve as a guide; however, these recordings can frequently be
done with fewer microphones than necessary for performing this work (Olsen,
1967, p. 308). This is because in a recording, the audio output is not heard in the
acoustic space along with the live performance; thus, there is no possibility of
acoustic feedback. The optimal setup for capturing the orchestra’s performance
would be one microphone per performer; however, this setup would in many
cases be financially prohibitive. As such, a sufficient number of microphones
should be used to adequately capture the orchestra’s performance without
causing acoustic feedback. This will fall somewhere between the minimum of two
microphones, and the optimal maximum of one microphone per performer.
Additional methods for preventing feedback are provided later in Chapter 4.
!

In addition to the two orchestra input channels, there are also four

individually sampled instruments. Sampling is the process of converting a
continuous signal, as in a sound wave and its corresponding voltage oscillations
once they are received by a microphone, into a discrete series of numbers as
used by a computer (Dodge & Jerse, 1997, p. 62). The individually sampled
12

instruments in Transfigurations are flute, clarinet, violin, and percussion,
corresponding to input channels 3, 4, 5, and 6. These parts are performed by the
first flutist, the first clarinetist, the concertmaster, and the second percussionist.
As with the orchestra, microphones should be placed as close to the instruments
as possible. The flute and clarinet should use microphones attached to the head
joint or bell of the instrument, accordingly. The violin should be captured by
means of a dynamic or condenser microphone placed near the bridge, or through
a contact microphone attached to the body of the instrument. A condenser
microphone relies on variations in electrical capacitance for its operation; a
dynamic microphone through the motion of a conductor in a magnetic field. A
contact or piezoelectric microphone is “a microphone which depends upon the
generation of a voltage by the deformation of a crystal having piezoelectric
properties” (Olsen, 1967, p. 327). This type of microphone will transmit sound
directly from the vibrations of the body of the violin. In order to achieve a full
sound that combines both characteristic string transients and a full-bodied
resonant tone, microphones can be placed both near the bridge and on the body
of the violin, and mixed down to one channel before being sent to the patch.
Output
!

The patch creates two channels of audio, which are amplified and played

back in the auditorium using a stereophonic speaker system. This output is a
combination of any or all of the sounds captured, processed, or created by the
patch.

13

User Interface
Startup Panel
!

The startup panel is the first window the technologist sees when opening

the patch. This window contains all the most basic information necessary for
running the patch, as seen in Figure 2.
!

Beneath the black title bar at the top of the panel, information about the

computer’s processors are displayed in the grey box on the left. Digital signal
processing, represented here by the abbreviation “DSP,” is indicated as “ON” or
“OFF.” These calculations can be toggled by using the “[“ and “]“ key shortcuts.
Directly beneath the DSP indicator, the average percentage of the processor
capacity used to calculate DSP is given (represented in Figure 2 by the number
“11.45”). On the right, the peak percentage of processor power is shown
(represented here as “14”). The current cue number is displayed in the light grey
box directly below. Finally, the button to open the main mixer panel is found on
the lower left.
!

While the entire patch can be run from the startup panel in a performance

using the key shortcuts to move through the cues, this window does not allow
access to a number of functions necessary for preparing the patch for
performance. The startup panel provides only the most basic information about
the patch, and is useful for performance once the levels have been adequately
prepared.

14

!

!

Figure 2. The startup panel from the Transfigurations patch.
Main Mixer Panel

!

The main mixer panel is a large window where more information about the

patch is displayed, and a number of additional parameters can be changed, as
seen in Figure 3. This is called a subpatch, a smaller grouping of the algorithm
contained within its own window. All the information represented in the startup
panel is duplicated here, so that the technologist does not need to move back
and forth between the two windows. This window is primarily used for adjusting
levels during a sound check before a rehearsal or performance. The main mixer
panel is divided into two sections: cues and mixer.

15

Figure 3. The main mixer panel from the Transfigurations patch.
Cues Section
!

The cues section of the main mixer panel duplicates the information from

the startup panel. The DSP and cue indicator boxes can be seen on the left
directly below the black title bar. Moving to the right from these boxes, a timer 4 is
located. This timer is automatically started on the first cue and stops on the last.
It is convenient for determining the length of a performance, or for navigating the

4

This timer is modified from the object created by João Pais, copyright © 2006, in

accordance with the redistribution license.
16

timed, unmetered sections of the score. Beneath the timer are a toggle to start
and stop the timer, as well as a button to reset it.

Figure 4. A closer look at the cues section of the main mixer panel.
!

Continuing to the right, the largest box in the cues section of the main

mixer panel is devoted to cue buttons. Here the technologist can move to any of
the 48 cues in the piece (ranging from 0 to 47) by clicking the corresponding
button. Figure 4 presents a closer look at just the cues section of the main mixer
panel. Located in the upper left corner of the cue button box, a reinitialization
button allows the user to reset all parameters of the patch to the startup settings
without closing and reopening the program. The patch can also be reinitialized
from any panel by the key shortcut “`” (accent grave).
Mixer Section
!

The mixer section contains the gain sliders and output meters for the

audio in the patch. Here the technologist can set the appropriate levels before a
performance or practice session. Returning to Figure 3, starting on the left we
17

find the box labeled “Orchestra.” This box contains two faders and four Volume
Unit (VU) meters. The fader on the left affects the unprocessed (hence “Clean”)
sound of the orchestra, while the right (labeled “Patch”) affects the processed
sounds. The output of these faders can be seen in the VU meters directly next to
them, showing both left and right channels. The VU meters depict amplitude
changes in decibels, ranging from -100 to +12 dB. The number above the VU
meter shows the peak amplitude, while the number below the meter depicts the
current root mean square (RMS) value at any point in the piece. The VU meters
graphically represent both peak and current RMS values as well. Above each of
the faders, a toggle allows the user to mute the sound corresponding to that
fader.
!

The boxes to the right of the orchestra meters duplicate the functions of

the orchestra box for flute, clarinet, violin, and percussion. The clean sound for
each is mono, so only one VU meter is given for each instrument. The processed
sounds are in stereo, so two VU meters are shown, as with the orchestra.
!

Finally, the master fader and VU meters are found on the far right of the

panel. These meters depict the output of all signals before going to the digitalanalog converter (DAC). Located beneath these meters is a button that will clear
the peaks on all of the VU meters of the main mixer panel, as seen in Figure 5.
Beneath the master faders and meter is the button to open the Feedback Doctor
panel, which will be discussed later in Chapter 4.
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Figure 5. Master fader and VU meters, as well as the
“clear peaks” button on the main mixer panel.
Patch Sub-levels
!

The startup and main mixer panels are the primary windows presented to

the technologist for performance. There are numerous sub-level panels that are
critical to the functioning of the patch, and may be useful for troubleshooting
during setup and sound checks. Important among these are the input, output,
automated control mixer, score, switch tracker, and patch sections panels. These
sub-level panels can be accessed by right-clicking anywhere on the main mixer
panel and selecting “open” from the menu that appears. The main mixer panel
with a sidebar containing access to these sub-level panels will open in a new
window, as seen in Figure 6.
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Figure 6. Right side of the main mixer panel with open sidebar.
Input Panel
!

The input panel can be accessed by clicking on the box labeled “pd

audio_ins” under the “Audio” section of the sidebar. This panel displays the
incoming signal for all six channels and routes them to the appropriate part of the
patch. These meters represent the signals from the microphones after they have
been attenuated by Feedback Doctor, discussed in Chapter 4. The setup of
these VU meters and patch routing on channels 1 and 2 can be seen in Figure 7.
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Figure 7. Channels 1 and 2 of the input panel with VU meters and patch routing.
Output and Automated Control Mixer Panels
!

The output and automated control mixer panels are the final staging areas

for the audio signal before it is sent to the DAC. These panels can be accessed
by clicking on the box labeled “pd mixer” in the “Audio” section of the main mixer
sidebar. The automated control mixer panel will open, as seen in Figure 8.
!

The automated control mixer receives signals from the score subpatch.

These signals indicate the volume level of both the processed and unprocessed
sounds throughout the piece. The faders in each box can be used to override the
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current level at any point; however, subsequent cues will move the faders to their
next indicated level in the score. The VU meters in each box indicate the output
level of each signal as it is passed to the output panel. The routing for all
automated control mixer levels sent from the score subpatch are located in the
subpatch labeled “pd mixcues” on the right side of the panel.

Figure 8. The automated control mixer panel.
!

The output panel is the final destination for audio signals before being sent

to the DAC. This window can be opened by clicking on the box labeled “pd outs”
on the right of the automated control mixer. In this subpatch, audio signals from
the automated control mixer are received and reverberation is added with the
freeverb~ object. Freeverb~ is an object that adds stereo reverberation to a
signal using the Schroeder/Moorer reverberation model ("Pd community site,"
2013). The values indicated in the faders of the main mixer panel are then
calculated before the signal is finally sent to the DAC.
22

Figure 9. A closeup of the score panel for section 5.
Score Panels
!

There are six score panels in which the data for each cue is stored. These

correspond to the five structural divisions in the form of the piece, as well as the
computer solo which connects section 1 to section 2. These panels can be
accessed from the main mixer panel with the open sidebar by clicking on the box
labeled “pd cuesheet.” The six score panels are contained within this subpatch,
as well as routing for all cues from the cue buttons on the main mixer, the
subpatch for the key shortcuts that sequence the cues forward and backward,
and the subpatch that changes the cue indicator on the main mixer and startup
panels.
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!

Each score panel contains all of the cues for that section of the score, all

the variables that will be changed during that section, and the values for those
variables at each cue. An example of this can be seen in Figure 9. This figure
shows a closeup of a portion of the score panel for section 5 of the piece.
!

Each horizontal row in the score panel represents the information for one

cue. The grey box on the left contains comments about what occurs in that cue,
including the cue number, the measure in which it is triggered, and any changes
to the variables that occur on that cue. For example, the cue given at the top of
Figure 9 is cue 43, which occurs on m. 204. The variables that are changed on
this cue are master = 1, orch clean = 0.4, and orch patch = 0.7. The orange box
that continues off to the right is where these variables are changed. Figure 9
shows only a portion of this box, which contains every value for all the variables
in this section, and thus is quite long. While only three variables are altered in
this case, the values for all variables in the section are sent on each cue. This
occurs so that all of the values are correct for that cue even if the user switches
from a non-sequential cue in the patch. If the patch was only run sequentially
from 0–47, then any variables from cue 42 could be applied to cue 43 by default,
simply by not sending a new value—it would only be necessary to alter the three
variables that change on this cue. This would not allow the user to move from a
different point in the cue sequence, however, which is essential in a typical
orchestral rehearsal environment.
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Figure 10. The switch tracker subpatch.
Switch Tracker
!

In order to move from score section to score section smoothly in a non-

sequential manner through the cues, the switch tracker monitors the current cue
and activates the correct portions of the patch, deactivating parts that are not in
use. This also manages the amount of processing power required to run the
patch, as only the DSP calculations necessary to the active score section are
processed. The switch tracker performs this function through a series of tiered
moses objects, as seen in Figure 10. The moses object parts a stream of
numbers, sending all those less than the given parameter out its left outlet, and
those greater or equal out the right. Cues are sorted through the series, and a 1
or 0 is sent to the appropriate switch~ objects via the six variables at the bottom
of the patch. The switch~ object turns DSP on or off within a subpatch. These
variables correspond to the six score and patch section panels.
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Patch Sections
!

The main audio manipulation for each section of the piece occurs in the

six patch sections. These subpatches are located on the lower portion of the
sidebar on the main mixer panel. Audio processing for each of these subpatches
can be switched on and off by the toggle at the top of each box. When a cue is
triggered, the switch tracker will automatically turn on or off the patch sections
appropriate for that cue. The five formal sections of the work serve as convenient
dividers for the score and patch section subpatches because the processing
techniques tend to remain somewhat more constant within each of these
sections. It was necessary to create a sixth subpatch division for the computer
solo that connects sections 1 and 2. This is because the audio processing used
here is so different from the sections that precede or follow it. As such, the
variables that are used to define that section of the piece are different from the
first or second sections. Also, the processing power required to calculate this
moment in the patch is sufficiently high that it is desirable to switch off the
subpatches in sections 1 and 2, since neither are used during this portion of the
piece.
Processing Techniques
!

In each structural section of the work, the audio manipulation is divided

into two or more separate processes. These are delineated within the patch by
either further subpatches within each patch section, or by canvas boxes which
separate the different processes from one another. A canvas is a GUI object,
which consists of “a rectangular area of pixels, whose size and color may be
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changed” ("Pure data," 2012). The subpatch method is used when audio
processing for a given patch section is intensive enough to require switching of
subpatches within the section itself.
Section 1
!

The first patch section is delineated into five processes. These are

separated by canvas boxes which are labeled orch_patch, orch_patch_attack,
orch_patch_delay, orch_echo, and orch_tinge.
!

Orch_patch and orch_patch_attack add a characteristic ambience to the

sound of the orchestra’s opening chords. They are combined with them each
time the orchestra plays the chords throughout the work and serves as one of the
germinal motives of the piece. This effect is somewhat subtle; the computer’s
manipulation of the orchestra’s sound is not meant to be overly apparent at this
point. However, the character of the opening chords could not be achieved
without the computer’s contribution. Orch_patch provides the sustaining aspect
of this sound. It is achieved through a combination of pitch shifting and ring
modulation.
!

Pitch shift is produced by first writing the audio signal to a delay line. A

delay line temporarily writes the audio signal to memory, allowing it to be played
back after a specified number of samples. In order to shift the pitch, this buffer is
then played back at an increasingly faster or slower rate than it was originally
recorded (Puckette, 2007, 202–8). The output is similar to that caused by the
Doppler effect one encounters when driving on the highway. As a sound source is
approached, it is perceived to be higher in pitch than it would be standing still,
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while the opposite is true as one moves away from the sound source. The
playback of the delay line is replicated over four overlapping amplitude envelopes
(called “windows”) tracing the first half of a sine curve, which gives the
appearance of an unbroken sound which has a pitch higher or lower than that of
the original signal. The pitch shift technique used in Transfigurations can be seen
in Figure 11. The orchestra’s sound is pitch-shifted both up and down by the use
of two of these objects.

Figure 11. The pitch shift technique used in Transfigurations.
!

Ring modulation is also present in this sound. The orchestra’s dry signal is

multiplied with a sine tone, the frequency of which is determined as a function of
the signal’s amplitude. The RMS of the signal is determined in decibels with 1
normalized to 100 dB, producing a number roughly between 0 and 100. For
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aesthetic reasons, this number is multiplied by a factor of 2.677 and added to a
constant of 558.2. In turn, this is used as the frequency for the oscillator with
which the orchestra’s signal is multiplied. Essentially, the louder the orchestra
plays, the wider the modulation that occurs on the processed sound.
!

The ring modulated signal is added to the higher and lower pitch-shifted

signals at a ratio of 0.37:0.448:0.236. Reverberation is then added using the
freeverb~ object. Finally, the signal is attenuated by two high-pass filters with a
cutoff of 1500 Hz before being passed to the automatic control mixer.
!

The attack of the opening chords is produced by the orch_patch_attack

portion of the subpatch. This sound is produced by band-pass filtered noise with
a center frequency of 796 Hz and a Q of 40. A band-pass filter attenuates
amplitudes above and below a given frequency. The Q or quality factor for this
filter is determined by the center frequency divided by the bandwidth (Dodge &
Jerse, 1997, p. 173). This amplitude envelope for this sound is triggered
whenever the RMS of the amplitude of the orchestra is greater than 75 dB. When
triggered, the amplitude of the incoming signal is multiplied by 0.003, which is
reached in 10 milliseconds (ms). The amplitude then dies back to zero, again
over 10 ms. The effect of this portion of the patch is that it adds a noisy onset
transient to the processed sound, giving it a punchy, sharper attack.
!

Both orch_patch_delay and orch_echo use delay to produce their effect.

The former is a multiply recursive delay line, while the latter plays back recorded
sound at a duration determined by the time that passes between two cues. In
orch_echo, the orchestra’s two channels are each recorded to a four second
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buffer. At cue 13, two timers are triggered. One counts the number of
milliseconds that pass until cue 14 occurs, the other until cue 15. These
durations are then used to playback the delay lines on the left and right channels
respectively. This lends the effect of the orchestra folding upon itself. Because
the durations are determined from the performance in this way, the signal
produced by the patch will coincide with the figure still occurring in the orchestra,
causing them to line up rhythmically.
!

The final technique used in patch section 1 is labeled orch_tinge. This

effect is achieved by pitch-shifting only the upper partials and higher pitches in
the orchestra’ s sound. First, any low frequencies are removed by three highpass filters with a cutoff of 500 Hz. The remaining signal is shifted up by two
pitch-shift subpatches by an octave and two octaves, respectively. The original
filtered signal and the two pitch-shifted signals are then added together at a ratio
of 1:0.488:0.236. Reverberation is added to the signal. Finally, particularly high
frequencies are attenuated by two low-pass filters, one with a cutoff of 2500 Hz,
the other 1500 Hz. The signal is then passed to the automated control mixer.
Granulator Solo
!

The granulator solo patch section consists of two parts: the delay_loops

and granulator_synth processes.
!

The delay_loops effect is created by recording eight seconds of the

orchestra’s sound beginning at cue 21. This signal is sampled by ramping the
input signal from 0 to 1 over 3500 ms, maintaining for 1000 ms, and then
decreasing the signal again to 0 over 3500 ms. The live signal is then excluded
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from the delay line. The recorded signal is immediately fed back into the delay
line, forming a loop of the eight seconds of material. This loop is then reproduced
at varying durations of delay: on the right channel 1, 1500, 4200, and 7500 ms;
and on the left 100, 2000, 4500, and 6850 ms. This creates an intricate
overlapping texture of the material performed earlier by the orchestra.
!

The granulator_synth is a multi-purpose granular synthesizer I created for

this piece. In granular synthesis, “the fundamental compositional elements that
are used to weave the sound are grains: small bursts of sound energy encased
in an envelope” (Dodge & Jerse, 1997, p. 262). The granulator_synth in
Transfigurations allows for up to twenty grains, five types of grain windows (the
amplitude envelope for each grain), varying grain start times within the sampled
material, grain size in samples, start jitter (which stochastically determines the
start time of each grain within a variable range), fast and slow scrubbing (grain
playback speed), scrub jitter, and panning. The same material recorded in the
delay_loop portion of the subpatch is used in the granulator_synth in this section.
As the granulator_synth is added to the delay_loops during this portion of the
patch, a buzzing, fluttering sound pans from left to right within the complex
texture of delay_loops.
Section 2
!

The audio manipulations in patch section 2 are processor-intensive. As

such, the section 2 subpatch is further divided into six subpatches that can be
switched on and off from cue to cue as necessary. These subpatches are labeled
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basic_flute_reverb/delay, flute_pitchshift, flute_loop, flute_gliss_down,
basic_clar_reverb/delay, and clarinet_follow.
!

Basic_flute_reverb/delay and basic_clar_reverb/delay are identical except

for the instruments they each effect. This subpatch causes a recursive delay on
the instrument at 150 ms, creating a reverberation effect.
!

Flute_pitchshift creates two new signals, one that shifts the original flute

line lower by approximately a fifth, and the other by an octave. These are heard
simultaneously with the unprocessed sound of the flute.
!

The flute_loop subpatch is similar to delay_loops described in the

granulator solo section. Here, it samples the signal from the flute and is
additionally capable of pitch-shifting all the individual components of the texture it
produces.

Figure 12. Three iterations of delay lines in the flute_gliss_down subpatch.
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!

The flute_gliss_down subpatch creates an echo effect in which each

successive iteration is pitch-shifted down slightly. This is achieved by writing the
flute signal to a delay line, reading it back out after some interval, pitch-shifting
the signal down by a small amount, and writing it back to another delay line. This
process is repeated for eleven iterations. Three iterations of this process are
shown in Figure 12.
!

Finally, the clarinet_follow subpatch tracks the pitch and amplitude of the

clarinet. These data are used to synthesize a series of bell-like tones that are
heard simultaneously with the clarinet during its solo at the end of the section.
The pitch and amplitude profiles of the synthesized sound match that of the
clarinetist’s live performance at one octave lower than it is performed. The pitch
and amplitude tracking are done through the fiddle~ object. The frequency
determined by fiddle~ is multiplied by simple ratios and input to a series of
oscillators. The amplitude tracked by fiddle~ is used to determine the max value
of the amplitude envelope of the oscillators. The signals from these oscillators
are added together, creating a bell-like tone with partials at harmonic ratios. The
amplitude envelopes of each of these partials are shorter in duration for each
successively higher frequency. This generates a dynamic timbre that changes
over the course of the sound’s duration.
Section 3
!

There are three processes at work in patch section 3. These are labeled

orch_pitchshift, orch_delays, and perc_pretty. The orch_delays subpatch is
simply a recursive delay similar to that described earlier in patch section 1.
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!

Orch_pitchshift creates a shimmering or fluttering effect by playing small

grains of the orchestra signal. This portion of the subpatch can be seen in Figure
13. Each grain is 70 ms in duration. These grains are triggered randomly in
periods ranging from 70 ms to 700 ms. This signal is then pitch-shifted up by
approximately an octave. A slight vibrato is added to the value at which the pitchshift occurs. Between the grains, the signal is delayed by 500 ms, pitch-shifted by
the same amount as the grains, and played at a third of the volume of the grains.
The vibrato rate of the left and right channels are set at 0.15 Hz and 0.17 Hz
respectively. The timing of the grains on each channel are determined
independently, as well. The low frequencies are attenuated by a high-pass filter
with a cutoff of 1000 Hz before being passed to the automated control mixer.

Figure 13. The orch_pitchshift portion of the section 3 subpatch.
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!

The perc_pretty subpatch is the first instance in the score of independent

audio manipulation of percussion. In section 3, the sound of two triangles (high
and low) are sampled into the computer. These undergo three processes which
are added together to create the total effect: 1) The signal is convolved with a
frequency modulated oscillator in the subpatch labeled pd fft. The fast Fourier
transform of both signals are calculated in this subpatch in order to convolve the
signals. The components of the two signals are then multiplied and
resynthesized. 2) The unprocessed signal is captured into a recursive delay. 3)
Both the dry signal as well as the output of the recursive delay are input into a
subpatch labeled pd perclift. This subpatch functions similarly to the
flute_gliss_down subpatch described in patch section 2. In this subpatch
however, the subsequent iterations of the triangle hits are pitch-shifted up slightly
each time.
!

The three main processes in perc_pretty are added together and

processed with reverberation. The amplitude of the signal is then multiplied by
0.6. A slight tremolo is added, ranging from full to half amplitude at a rate of 0.1
Hz. Finally, low frequencies are attenuated by two high-pass filters, one with a
cutoff of 500 Hz and the other of 200 Hz.
Section 4
!

The fourth section of the piece is predominantly composed of an interplay

between the solo violinist and the percussionist, now playing bongos with hard
plastic brushes. Patch section 4 consists of only two processes, one for each
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instrument. Each of these processes are heard throughout the duration of the
section.
!

The violin processing is labeled violin_ps. In this portion of the subpatch,

the violin signal is written to a delay line, which is then played back after 4
seconds on the left channel and 8 seconds on the right. These channels are then
pitch-shifted by the same amount, but in opposite directions—the left channel is
pitched up and the right channel down. These are sent to the freeverb~ object,
and also written to another delay line. This delay is then played back on each
channel after 2 seconds at 40% of the original amplitude, and again at 4 seconds
at 20% of the original amplitude, creating an echo effect. These are also sent to
the freeverb~ object. The three delay signals on the left and right channels are
then added, and effected by reverberation. The signal is input to a band-pass
filter with a center frequency of 1000 and a Q of 0.6. Finally, the left and right
signals are multiplied by 0.4 and sent to the automated control mixer.

36

Figure 14. The perc_ring portion of patch section 4.
!

The bongo signal is manipulated in a portion of the subpatch labeled

perc_ring. The processing here is composed of two parts: 1) The signal is sent to
a comb filter with a delay period of 20 ms. The high frequencies of this signal are
attenuated by a low-pass filter with a cutoff of 5000 Hz. 2) The signal is ring
modulated by an oscillator, the frequency and amplitude of which are determined
as a function of the amplitude of the input signal. This is then sent to a band-pass
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filter with a center frequency of 600 Hz and a Q of 0.8. Reverberation is added to
the signal. The two audio signals are then added together and sent equally to the
left and right channels. This process can be seen in Figure 14.
Section 5
!

Section 5 is further divided into three subpatches, again because the

processor-intensive calculations of the audio manipulations necessitate switching
portions of the subpatch off when they are not being used. These subpatches are
labeled orch_waves, orch_fade, and orch_end.
!

The orch_waves subpatch consists of a series of delays and pitch shifts.

The orchestra’s audio signal is pitch-shifted down on the left channel and up on
the right by a factor of 3, and heard simultaneously with the dry signal at half the
amplitude. The dry signal on the left channel is also delayed twice more: first by 8
seconds before being pitch-shifted down by a factor of 4, and then by 3.5
seconds before being pitch-shifted down by a factor of 2. The amplitude of these
signals are diminished to 71.6% and 58.2% respectively. Similarly on the right
channel, the dry signal is delayed by 7.5 seconds before being pitch-shifted up
by a factor of 5, and then by 4 seconds before being pitch-shifted up by a factor
of 7. The amplitude of these signals are also diminished to 71.6% and 58.2%
respectively. These signals are effected by reverberation and sent to the
automated control mixer.
!

Orch_fade is similar to the delay_loops process described in the

granulator solo patch section. A six-second sample of the orchestra audio signal
is looped repeatedly in a delay line. This delay is then played back after a
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duration of 1, 1000, 2000, 3000, 4000, and 5000 ms on the left channel and 500,
1500, 2500, 3500, 4500, and 5500 ms on the right channel. The output of these
delays are then written to a delay line that will be played back in the orch_waves
subpatch. The signal on each channel is also sent to a high-pass filter with a
cutoff frequency of 400 Hz. They are then sent to the automated control mixer.

Figure 15. A closeup of orch_end and stochastic determination of pitch sets.
!

The orch_end subpatch is the only process in the patch that is not derived

in any way from the performance of the live musicians. The chime-like tones
produced by this subpatch are created by adding three waveforms together. The
amplitude envelope of each composite portion of the sound is of a different
duration, creating a complex timbre envelope. The chimes are grouped into three
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sets—high, middle, and low—each an octave apart. Each set of chimes are
triggered stochastically: the highest every 2 to 11 seconds apart, the middle
between 4 and 14 seconds apart, and the lowest between 3 and 21 seconds
apart. When triggered, each set of chimes will play one of three sets of pitches.
These sets are also stochastically determined, as seen in Figure 15. Each pitch
set contains two pitches which are played successively: G up to D#, E down to
A#, and B up to G. These notes are derived from the germinal opening chords of
the piece.
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CHAPTER 3
THE SCORE
!

In composing the music for this piece, I carefully considered the role I

wished the computer to play within the orchestra. Clearly, the computer is
drastically different from any other musical instrument incorporated in the
orchestral ensemble; it has no distinct timbre of its own, almost no limit to its
effective range, and an obscured relationship between its performer and the
sound source. Indeed, the computer can produce nearly any timbre imaginable;
the only practical limits to its range are those pitches discernible by the human
auditory system; and its sound source, the loudspeakers, can be placed very far
away from its performer. It is capable of producing volumes so loud that it can
drown out all the other instruments playing simultaneously. No other single
instrument is as versatile or as complex; as such, the computer requires unique
care in its utilization within the orchestral framework. Despite the relative novelty
of including a computer in an orchestra, particularly in using live processing for
the large majority of the sounds, my goal was to include the computer’s output as
one aspect of the orchestral sound throughout the work, not to dominate or even
equal it on the whole—as in a concerto for computer. Transfigurations attempts to
merge the computer into the orchestra and treat it as simply another instrument,
albeit an extremely powerful one, amongst all the others in the ensemble. This is
achieved in the piece in two ways: careful consideration of the subtle interaction
between the acoustic and electroacoustic elements, and elevating other
instruments in the orchestra in the manner of a concerto grosso.
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Compositional Approach to Electronic and Acoustic Elements
!

Throughout Transfigurations, the computer serves in a number of roles in

relationship to the acoustic instruments. The music it provides can be subsidiary,
subtly augmenting the capabilities of the acoustic instruments; complementary, in
equal proportion to the acoustic sounds; or dominant, wherein the electroacoustic
processes are at the fore. The majority of the work relies upon the computer for
the first of these capacities. In this, the electroacoustic sounds provide a
framework or context in which other instruments have the predominant role. Less
frequently, the computer serves as an equal partner with one or more acoustic
partners. In only two moments in the work does the computer entirely assume
the third mantle, as the principal element of the musical texture. Often the
computer moves fluidly between these three roles from moment to moment,
occasionally assuming more than one of these relationships at one time. By
considering the computer within this framework, Transfigurations attempts to
weave the electroacoustic elements deeply into the fiber of the musical
landscape. The computer’s output is neither a supplemental part of the music nor
a soloist supported by the acoustic instruments. Instead, it is an integral part of
the total product, as indispensable to the music as any family of instruments in
the ensemble.
!

The unfamiliarity of live computer processing in an orchestral setting may

provide a sense of novelty for the audience, drawing their attention to the
electroacoustic sounds each time they are heard. Even the knowledge that live
computer processing will occur may sensitize the listener to seek the computer’s
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sound over other elements in the orchestra. When presented with a work such as
this, it is logical for the listener to consider, “What is the computer doing? How is
it affecting the sounds I am hearing?” This presents a dilemma in a work that
seeks to incorporate the computer as an essential element of the orchestral
sound, but not necessarily as a dominant one in the work taken in totality. In
consideration of this issue, I have chosen to elevate the role of some of the
acoustic instruments, much in the manner of a concerto grosso. By this I refer not
to formal or stylistic treatments, but simply that a small group of instruments—
namely flute, clarinet, violin, and percussion—have sections of extended solos or
long moments wherein they are the dominant musical voice. In doing so, I hope
to offset the listener’s expectations by reinforcing the relationships between the
acoustic and electroacoustic sounds. Setting the computer as the dominant voice
is an easy task; the audience is expecting to hear these sounds. Raising the
profile of individual instruments within the orchestra helps to establish the
subsidiary and complementary role of the computer when those relationships are
desired.
Structure
!

Transfigurations is formed by five major sections. The first section is fast-

paced and utilizes the entire orchestra, starting at the first measure and
continuing to m. 125. The second section is largely free of metric pulse and
predominantly features the flute and clarinet. This section begins at m. 126 and
lasts until m. 149. The third section is slower and again focuses on gestures from
the entire ensemble. It begins at m. 150 and continues until m. 197. The fourth
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section again features individual instruments, now the violin and bongos, with
occasional interjections from the rest of the orchestra. It begins at m. 198 and
continues to m. 203. The full ensemble is employed again in the fifth and final
section, moving at a brisk tempo toward the final moments of the piece. It begins
at m. 204 and continues until the end of the work at m. 266.
!

The five sections of the piece form a palindromic structure. The first and

fifth sections are fast, mostly in duple meter, and employ the entire orchestra
throughout. They both lead to a moment solely dominated by the computer, and
end with a slower, more relaxed subsection of either transition or closure. The
second and fourth sections are both dominated by two individual instruments,
largely free of metric pulse and rhythmic synchronization, and heavily processed
by the computer. The middle section stands alone, as it is slow, in triple meter,
and largely triadic. The structure of the piece, durations, and predominant
features can be seen in Table 1 below.
Table 1
Structural Sections of Transfigurations with Predominant Features
Section
1
2
3
4
5

Starting
Total
Measure Measures
1
125
126
24
150
48
198
5
204
63

Total
Duration*
4m 27s
4m 2s
4m 39s
2m 53s
3m 35s

Tempo

Meter

fast
free
slow
free
fast

duple
none
triple
none
duple

Predominant
Instrumentation
full ensemble
duet
full ensemble
duet
full ensemble

*These figures are an estimate. Durations may vary in performance.
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Computer
Processing
varied
heavy
light
heavy
varied

Germinal Chord and Main Theme
!

I derived the primary material for the musical processes in

Transfigurations from two sources presented in the opening moments of the
piece: the germinal chord and main theme. These two musical ideas connect
much of the music that occurs throughout the work.
!

The opening chord, reiterated in the first measures of Transfigurations,

serves as an important marker throughout the piece. It is formed by joining a E
minor and D# major chord (with the third spelt enharmonically). It is frequently
heard throughout the work, both in its initial form—with the same position,
register, instrumentation, and with the same computer processing—and in a
number of variations. The position of the opening chord is seen in Figure 16.
These notes make up set class 5-22 (01478).

Figure 16. Germinal chord heard in the opening measures of Transfigurations.
!

The main theme of the work is first heard in the bassoons, violas, and

violoncellos in mm. 22–35, presented in parallel fifths. This theme is transformed,
fragmented, and reiterated throughout the work. It serves as the primary melodic
material of the first and fifth sections of the piece. Figure 17 presents this theme,
as first heard in the violas.
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Figure 17. The main theme as first heard in the violas, mm. 22–35.
!

The germinal chord and main theme are related by their interval content.

The primary intervals of the germinal chord are 1, 3, and 4, which make up the
large majority of the intervals in the main theme.
Compositional Processes
Section 1
!

There are five subsections contained within the first section of the piece.

The first of these subsections introduces the primary materials, including the
germinal chord and main theme, as well as the orch_patch sound from the
computer, which always accompanies the germinal chord in its standard form. In
the opening gestures, the germinal chord is reiterated mechanically by the
orchestra. Between this series of reiterated chords, the textures that serve to
reinforce the timbre of the orch_patch sound occur. This continues until the main
theme is introduced at m. 22. Here, I present a new rhythmic version of the
germinal chords, as seen in m. 38. This triplet figure in the flute, piano, and
clarinet contains the same notes as the opening chords as seen in Figure 18.
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Figure 18. Germinal chords in triplet form as seen in the
flutes and oboes in m. 38.
!

The standard version of the germinal chord reappears at m. 46, directly

followed by the main theme in the violins. This theme now occurs a fifth higher,
and in parallel tritones. The tail motive of the main theme is passed around the
orchestra until it collapses into a three-note repetition. This continues as if the
music has broken down, like a record skipping its groove or a machine that
stutters as it undergoes a critical failure. As other instruments join the repetition,
the computer samples the rhythm and repeats it back, adding to the overlapping
rhythms as the gesture builds to crescendo. The germinal chord, presented again
in triplet rhythm, violently breaks the music from this cycle at m. 80. The clarinet
and upper strings pick up the triplet rhythm in a descending chromatic line that
connects the first subsection to the second, which begins at m. 85.
!

As the triplet chromatic descending lines overlap and trade around the

orchestra, the main theme is presented by the contrabassoon and low strings,
47

transformed now into a triple meter, as seen in Figure 19. This variation of the
theme moves in counterpoint throughout the orchestra. The transpositions of the
theme variation are represented in Figure 20. The theme moves first to the
bassoons and horn at T8 in m. 88, then to the clarinets and violas at T7 in m. 91.
It then moves to horns III and IV in m. 93 at T5. The second violins pick up the
counterpoint at m. 97 at T3, directly followed by the first violins a measure later at
T10 above them. The trombones and percussion enter at m. 104 with long tones,
supporting the crescendo as the orchestra reaches its climax at the start of the
third subsection.

Figure 19. Variation of the main theme in triple meter found in the
contrabassoon and low strings in mm. 85–90.

Figure 20. Transposition levels of the main theme in subsection 2 of section 1.
!

Beginning at m. 107, the third subsection consists of an ominous

descending line in the low brass and low strings. Concurrently, the upper strings
perform undulating overlapping figures. These are played out of synchronization
from both the other members of the section and the conductor’s tempo. The
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figures continue throughout the melodic descent and form the basis of the fourth
subsection.
!

The upper strings diminish to pianississimo, which is where the fourth

subsection begins on m. 113. Here, the computer samples the string texture for
eight seconds, which later will be used for the computer solo in this subsection. I
treat the orchestra much as I would an electronic instrument at this point in the
piece. As the strings fade away, an unsynchronized woodwind texture is quietly
introduced beneath the attack of a sustained chord from the horns and piano. In
turn, the delay_loops sound is quietly introduced as the woodwinds diminish their
figures to nothing. The granulator_synth sound is then added, while the computer
is heard for the first time in the piece unaccompanied by the acoustic
instruments. Measure 117 serves as a transition from the manipulated string
sounds of the computer to the acoustic sounds of the string section itself, leading
to the fifth and final subsection.
!

Once the computer is finally silent and only the sustained strings are

heard, the first violins and clarinet enter with a slow, longing melody at m. 118,
marking the fifth subsection. This subsection serves to close the first section of
the piece and to transition to the second. The melody and supporting chords lead
to a cadence at m. 124. Here the amplified flute is introduced, which will serve as
the first of two dominant voices in the second section of the piece. As the piano
figure comes to a close at the end of this measure, the orchestra releases its
chord, leaving the amplified flute to be heard alone on the lowest E in the flute’s
register (E4).
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!

Throughout the first section of the piece, the computer’s role shifts from

one of integral support to one of dominance. The characteristic timbre of the
germinal chords at the outset of the work are only possible through the
computer’s manipulations, yet this process is not blatantly apparent to the
listener. The delay and reverberation effects that follow help to gradually
acclimate the audience to the relationship between the acoustic and
electroacoustic sounds. By the fourth subsection however, the audience is
entirely aware of the computer processes, as none of the musicians on stage are
playing, yet music continues to be heard.
Section 2
!

In measure 126 at the outset of section 2, the flute solo is sampled and

looped at cue 25. The loop that is produced is made up of the E-D-E figure
performed by the flute, interjected sporadically with the accented notes played
above it. This creates a pedal on the note E, which is sustained throughout most
of this section.
!

String glissandi at mm. 127–8 introduce the clarinet, the other principal

voice in section 2. These instruments accelerate toward a crescendo, as evermore computer processing is added to their sound, until they reach the climax at
m. 130. The timpani crowns this moment with a furious flourish.
!

At measure 131, the metered music in the flute and low strings occurs

while the clarinet continues its figures at its own pace. At this point, the flute
sound is enriched by the computer with deep resonance that is further reinforced
by a doubling in the low strings. The melody played by these instruments is a
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variation of the main theme. Figure 21 demonstrates the intervallic and rhythmic
relationships between the two melodies. The top line in this figure is the main
theme from section 1 (labeled “S1”). The rhythmic values of this melody have
been doubled to match that of the transformed theme in section 2, given on the
bottom line (labeled “S2”). The intervals for each line are given above the notes
of each staff.

Figure 21. The main theme from section 1 (S1) and transformed theme
from section 2 (S2) with rhythmic and interval correlations.
!

Except for a few places in the melody, the rhythmic profiles of these two

lines are almost identical. Roughly 83% of the rhythmic durations match each
other. The first and last notes of the transformed theme are rhythmically
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extended. Even in places where the rhythmic values differ, frequently a similar
note of longer value is used. An example of this can be seen on the first line. The
whole note B# in the transformed theme does not conform to the five-beat D in
the main theme, yet in both cases the note is held for a significantly longer
duration than the quarter notes that precede it. This lends both of the notes a
certain weight within the line and further reinforces the rhythmic profile despite
their differences.
Table 2
Interval Content of the Main Theme in retrograde R(S1)
and the Transformed Theme (S2)

!

R(S1)
S2

+1
-1

-7
+7

+4
-4

+4
-4

+1
-1

-3
+3

+1
-1

-3
+3

+4
-4

+1
-1

-6
+6

R(S1)
S2

+3
-3

-2
+2

+3
-3

+1
-1

+1
-1

-3
+3

+4
-4

+1
-1

-3
+3

+4
-4

+2
-2

R(S1)
S2

-1
+1

+3
-3

-4
+4

-7
+7

+5
-5

+1
-1

-5
+5

-1
+1

-4
+4

+2
-1

The intervals given for these melodies are reproduced in Table 2, so they

can be examined side by side. In this table, the intervals of the main theme are
presented in retrograde as “R(S1)”. The intervals of the transformed theme are
clearly seen to be a retrograde-inversion of those from section 1, with the
exception of the final interval which interrupts this correlation with -1 rather than
+2. In short, while the rhythm of each of these melodies moves forward in a
52

similar manner, albeit in augmentation, the pitches that make up the transformed
theme are a retrograde-inversion of the main theme.
!

Horns I and II, as well as the violas, present the transformed theme once

again at m. 141. Before the melody is complete, the violins play this theme in
stretto in parallel minor thirds at m. 143. This iteration of the theme, however,
completes the correlation to the original intervals of the main theme by ending
with a whole step on the last interval. This moment of completion signifies a
dramatic change in texture as the orchestra reaches the climax of the section at
m. 149.
!

At the height of this crescendo, the orchestra cuts off suddenly to reveal

the solo clarinet and computer. Cue 31 triggers the clarinet_follow subpatch,
which tracks the pitch and amplitude of the clarinet with a bell-like tone from the
computer at an octave below the instrument’s pitch. This is a moment of
complementary interrelation between the acoustic and electroacoustic sounds.
While the computer is in fact following the clarinet by tracking the data from its
performance, the delay caused by the collection of this data and subsequent
synthesis is less than can be perceived by the human auditory system. The
perceived effect is that the clarinet and computer move as one.
Section 3
!

The third section of the work has four main parts, beginning at mm. 150,

160, 170, and 185. The first three of these employ a two measure motive that
first occurs in the second violins and violas in mm. 150–1. This motive, which I
will call the fragile motive, can be seen in Figure 22. In contrast to the main
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theme and germinal chords, the fragile motive contains mostly major seconds,
both melodically and harmonically. The final subsection serves as a conclusion to
the music of the third section, and as transition to the fourth section of the piece.
!

The first two subsections are similar in that they begin with the fragile

motive, are alike in mood, and each end with an interruption. They both increase
in volume and density of orchestration until they reach a climax. Once achieved,
in both cases, a moment of metric dissolution occurs, wherein instruments play
small aleatoric gestures defined in the score. This chaotic effect is further
augmented by the delay added by the computer processing. The first of these
moments occurs at m. 159, and the second at m. 169. Both aleatoric measures
diminish in volume until the subsequent metered section begins.

Figure 22. The fragile motive first seen in the second violins and
violas, mm. 150–1
!

The third subsection begins similarly to the first two, presenting

overlapping iterations of the fragile motive in the second violins, violas, flutes,
and oboes. At measure 176, the first trumpet enters with a melody in C major.
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Unlike the chaos that emerged from the first two subsections, the fragile motive is
now replaced by diatonic music and a more hopeful mood. The orchestra
concludes this subsection with a crescendo, as in the first two subsections, but
now the gesture is composed of a series of diatonic triads, ending with a fermata
on m. 184.
!

The fourth subsection begins with a descending figure in the solo violin,

which both concludes the preceding statement by the orchestra, and introduces
the instrument as a primary voice in the subsequent section. As the violin ends
on a tremolo on m. 187, the horns join in with a quiet fanfare. This moment is
interrupted by two iterations of the germinal chords at mm. 189 and 190. The
violin repeats the last two measures of the previous gesture, now a fifth lower,
and is again joined by the horns as it reaches its final tremolo. Once again, the
germinal chords interrupt this gesture, bringing the section to its ominous
conclusion in m. 197. The solo violin tremolo that concluded each of the previous
statements crescendos as the rest of the orchestra fades away.
Section 4
!

The solo violin and bongos are featured in section 4. These lines are

performed out of synchronization with the other instruments. The audio signal
from each instrument is heavily processed by the computer.
!

This section is divided into three parts by interjections from the rest of the

ensemble. The first of these occurs at m. 199 with a long sustained chord.
Concurrently, the timpani plays the slow rhythm of a funeral march against the
darting figures of the violin and bongos. The second interjection occurs at m.
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201. Here, the flutes, oboes, and clarinets play trilled notes that mimic those
performed by the solo violin. The performers choose these notes from a set of
three provided in the score, and repeat them ad libitum over an eight second
period. The final interjection in m. 202 concludes the violin and bongo solos.
Similar to m. 199, a threatening chord is heard while the timpani repeats its
funeral-march rhythm. The orchestra diminishes as the rhythm is performed, until
only the timpani remains. The timpani’s final drum roll dies away as the fourth
section comes to a close.
!

The interjections from the orchestra provide structure to the fourth section,

which would otherwise have no rhythmic or gestural synchronization. These
measures also serve to keep the two soloists coordinated. If the soloists were
asked to perform these three minutes of music without any reference to tempo or
moments of synchronization, it is likely that one would end significantly earlier
than the other. The orchestral interjections act as checkpoints; they serve to keep
the soloists from moving too far apart from each other, while still allowing them to
play freely without regard to a synchronized tempo.
!

In the flute and clarinet solos in section 2, the types of instrumental

gestures performed remain fairly consistent, while variation in the output is
created through different processing techniques. In section 4, the computer
processing on the violin and bongos remains constant. Varied musical effects are
achieved by changing the types of sounds that the two solo instruments produce.
Different instrumental input alters the perceived effect of the patch. The violin
accomplishes this by utilizing different performance techniques, including sul
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ponticello, sul tasto, tremolo and pizzicato. For example, short rhythmic figures,
particularly when played pizzicato, will seem to occur in canon as the delayed,
pitch-shifted elements of the patch emerge. Each entrance from the computer is
heard as a repetition of the violin melody transposed to a different pitch. A long,
sustained tremolo in the violin, however, will seem to undergo timbral shifts under
this same processing. The tremolo obscures the entrances of the delayed signal,
and therefore they are perceived to be shifting partials of the violin’s timbre. Hard
plastic brushes are used to generate variation on the bongos. The percussionist
is able to create different effects by playing on the rims, scratching on the head,
and performing rim shots. These techniques accentuate different timbral aspects
of the patch, producing variation in output without changing the parameters of the
processing itself.
Section 5
!

In the fifth and final section of the piece, the computer and orchestra

alternate predominance in four subsections, beginning at mm. 204, 240, 250, and
251. The first subsection fluctuates, quickly shifting between the ensemble and
the processed sounds. The orchestra is heard alone in the second subsection,
and the computer in the third. In the fourth subsection, prevalence is shared
equally by both acoustic and electroacoustic sounds.
!

Beginning at m. 204, the orchestra starts the first subsection at a brisk

pace, playing an interlocking sixteenth-note figure. The horn melody that enters
at m. 206 is a variation of the main theme, seen in Figure 23. The orchestra
increases in a crescendo to m. 211, but is quickly overtaken by the sounds of the
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computer as the ensemble diminishes in triplet figures. This gesture occurs again
at m. 215, with the orchestra at the fore, increasing in a crescendo to m. 222, and
subsequently being overtaken by the computer once again. A third iteration
begins at m. 226; however this time, the main theme variation in the horn is
joined by the transformed theme from section 2, played by the first trombone
beginning in m. 232. In this third attempt, the orchestra is not surpassed by the
sounds of the computer.

Figure 23. Main theme variation heard in section 5,
played by the first horn, mm. 206–11.
!

The orchestra’s statement in the second subsection is heard without

computer processing. Starting at m. 240, the upper woodwinds, piano, and
violins proclaim a statement of the main theme variation in unison. In the
following bar, the low brass, cellos, and basses join them with a figure derived
from the ominous descending line heard in section 1 at m. 108. This statement is
brief, and concludes with a wild flourish in the upper woodwinds and violins in
mm. 246–9, which immediately fades away.
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!

The third subsection features solely the computer, which samples the

orchestra’s sound as it diminishes in the preceding bars. This signal is used to
create a loop, which repeats regularly in m. 250 to form a mechanical rhythm
from the orchestra’s previous gesture. This rhythm begins its crescendo even
before the orchestra has quieted. The computer transforms this rhythm by adding
new layers of texture which have been pitch-shifted from the original signal,
creating a metallic sheen. Finally, this sound fades away as well, revealing the
only processed sounds in the piece not directly derived from or controlled by the
acoustic instruments. The notes of these chimes—G up to D#, E down to A#, and
B up to G—form the germinal chord. The timing of these two-pitch sets is
determined stochastically; as such, the rhythm of the chimes will be different in
each performance. While this aspect of the patch does not originate in the
orchestra, it can still be considered live processing. The output of this process will
be unique to each performance, as the rhythm of the chimes is determined in
realtime by the algorithm.
!

The flutes, oboes, and clarinets join the chimes of the computer by

performing this same group of two-pitch sets at the start of the fourth and final
subsection in m. 251. They repeat these figures sporadically and
unsynchronized, along with the computer, until nearly the end of the piece. The
chords that follow in the piano and upper strings are made of the two triadic
components of the germinal chord: first the E-flat major triad on the third beat of
m. 252, and then the E minor triad on m. 253. The E-flat major triad occurs over
the pitch E, sustained by the bass instruments, while the E minor triad is heard
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over the pitch A . This gesture repeats twice more before concluding the piece on
the complete germinal chord stated above the pitch A, which is sustained by the
bass instruments.
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CHAPTER 4
PERFORMANCE CONSIDERATIONS
!

In the spring of 2013, I conducted two performances of Transfigurations

with the Temple Composers Orchestra, a chamber orchestra at Temple University
dedicated to performing new works by students enrolled at the university. We
performed an excerpt representing approximately half the piece. I rearranged the
original score to fit this ensemble: flute, oboe, clarinet, bassoon, horn, trumpet,
trombone, percussion, harp, and strings. While it was gratifying to hear the
orchestra perform the work, the greatest benefit was gaining a practical
knowledge of the technology. I had previously composed and performed pieces
involving soloists or small ensembles and live computer processing, but
implementing this technology in an orchestral setting presented unique
challenges of scale. Although a chamber orchestra is significantly smaller than
the group required for the original work, many of the technical requirements are
the same. Combining this practical experience with my research, I have
developed strategies for setup, patch preparation, rehearsals, and performance.
Microphone and Loudspeaker Setup
!

Microphone placement around and within the orchestra is the first step in

achieving adequate signals for the computer processing. In Music, Physics, and
Engineering, Harry F. Olsen provides a framework for multiple microphone
placement in a symphony orchestra. Typically, setups for recording an orchestra
employ many microphones that are mixed into two or three channels—either left
and right; or left, right, and center (1967, pp. 308–9). Olsen demonstrates the
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importance of utilizing multiple microphones in order to achieve relatively short
pickup distances, which “leads to a high ratio of direct to reflected sound and a
resultant high definition” (p. 309). He also notes that reverberation should be
captured as well, by placing one microphone for each channel at a suitable
distance from the orchestra. This is not desirable for the purposes of this piece,
however. In a recording, the listener hears only the sounds captured by the
microphones, while in Transfigurations, the instrumental sound sources and
acoustics of the performance space are still present. Indeed, all sounds produced
by the loudspeakers will themselves be affected by the reverberant acoustics of
the hall. Additional reverberation is frequently added by the computer processing
throughout the patch as well. It is therefore preferable to capture as little reflected
sound as possible by placing the microphones close to the sound sources.
!

Figure 24 demonstrates a recommended microphone and loudspeaker

setup. In this diagram, ten microphones are used to capture the orchestra as a
whole, five on each channel. These microphones are indicated by black
hemispheres. The grey stars indicate the microphones for the four individually
captured instruments. The loudspeakers are represented by grey boxes marked
with arrows to show the speaker’s direction. The two large grey boxes at the
bottom left and right of the diagram represent the two main loudspeakers, each
carrying the processed signal of either the left or right channel. The two smaller
grey boxes with arrows inside them represent wedge or floor monitors. These are
small loudspeakers placed on the floor near the conductor and technologist so
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that they may hear the processed signal more clearly. These monitors will each
carry a mix of both the left and right channels.

Figure 24. A recommended microphone and loudspeaker setup.
!

The schematic demonstrated in Figure 24 can be altered to utilize more or

fewer microphones to capture the sound of the orchestra as a whole, depending
on the budget or logistics of a particular performance. Using too few microphones
can cause problems in the data capture, however. One issue, mentioned earlier,
is that of acoustic feedback. If the signal’s amplitude must be increased
significantly in order to compensate for a large pickup distance, the chance of
acoustic feedback increases. Also, the distance from one side of the orchestra
can be as much as 20 feet or more. If an insufficient number of microphones are
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used, the instruments closest to the microphone will have greater presence in the
signal. The signal produced will not accurately capture the acoustic profile of the
instrumental sound experienced by the audience, leading to an unwanted
disparity between the sound of the orchestra and its electroacoustic
representation.
Patch Preparation and Leveling
!

Each of the microphones used in the audio capture for Transfigurations

must be tested for the appropriate amplitude levels before each rehearsal or
performance. This process is called leveling. Depending on the number of
microphones used in the setup, performing this necessary task can be timeconsuming. As such, practice schedules should include time before the rehearsal
to allow the technologist to level the microphones. Additionally, it is necessary to
check these levels with the orchestra at the start of a rehearsal or before a
performance begins.
!

Once each microphone has been tested to determine that it is sending a

signal at approximately the same level as the others, the technologist is then
ready to test the mix of all signals. Due to insufficient microphones, acoustic
properties of the performance space, or loudspeaker placement, acoustic
feedback may still be present at certain frequencies. This is due to the fact that
one or more aspects of the electroacoustic system—the microphone, room
acoustic, and loudspeaker—do not have a flat frequency response (Nave, 2012).
This means that certain frequencies will be amplified more loudly than others,
causing those frequencies to feedback at a faster rate of increase. This
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uncontrolled amplitude increase is perceived as a pitched tone or squeal from the
loudspeakers. Feedback should be minimized foremost through microphone and
loudspeaker placement; essentially, microphones should be placed close to the
sound source and loudspeakers should be directed away from the microphones
as much as possible. However, if feedback still occurs, the Transfigurations patch
contains a subpatch called Feedback Doctor, seen in Figure 25. This subpatch
uses notch filters to attenuate those frequencies that are reinforced by the
frequency response of the electroacoustic system. A notch filter, also called a
band-reject or band-stop filter, attenuates a certain band of frequencies, and
allows all others to pass. It is characterized by a center frequency, which is the
frequency at which attenuation is the greatest, and a bandwidth, which describes
the rate at which attenuation occurs at frequencies ranging away from the center
frequency in either direction (Dodge & Jerse, 1997, p. 173). The Feedback
Doctor panel can be accessed on the main mixer panel, or by the key shortcut
“f.”

Figure 25. The Feedback Doctor panel.
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!

To use Feedback Doctor, one must slowly increase the gain on the

loudspeakers until feedback occurs. The number on the Feedback Doctor panel,
labeled “feedback freq,” will hold steadily at the frequency of the feedback. The
loudspeaker gain should then be turned back down until the feedback stops. The
center frequency on filter 1 should then be adjusted to match the feedback
frequency. This process can be repeated for up to four feedback frequencies—
one on each filter—or until the desired loudspeaker gain is achieved without
feedback. The unattenuated input amplitudes of each channel and adjusted
output from the subpatch can be viewed by clicking the I/O panel button, located
on the upper left of the Feedback Doctor panel. The I/O panel, seen in Figure 26,
shows these RMS amplitudes in decibels.

Figure 26. The I/O panel in the Feedback Doctor subpatch.
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!

The Feedback Doctor subpatch determines the frequency of the feedback

using the fiddle~ object. The signal from each channel is routed through a series
of four notch-filter objects called bsw2~. The center frequency and bandwidth of
each of the filters is determined by the value given on the sliders on the
Feedback Doctor panel. The signal is then routed to the input subpatch on the
main mixer panel.
Rehearsal and Performance Strategies
!

The effect of computer processing will radically alter the sound of the

orchestra as a whole, as well as the instruments individually. While the
technologist can be considered to be the primary performer of the computer,
each musician also contributes to performing the processed sounds. The
correlation between action and result is thus more obscure than with typical
acoustic performance. Take the simple example of a violin soloist effected by
distortion: a listener would likely perceive this performance to be the result of
solely the violinist’s actions, even though a process beyond the performer’s
acoustic output altered the result. If a technologist manipulates the violin’s sound
significantly during the performance, the resulting music would now be
collaborative. This type of collaboration is different from that typically experienced
by purely acoustic means. When acoustic musicians collaborate by playing
together in an ensemble, even a large one like an orchestra, the individual sound
of each performer is still present, and added to the composite sound of the
whole. With electroacoustic manipulation, collaboration may include music that is
the result of the actions of two or more musicians, but does not include the
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individual output of either one’s actions taken separately. For this reason,
rehearsing regularly with the computer is vital to preparing a piece of this sort for
performance. Musicians must work with the processed sound, learning to
collaborate with the patch and each other, in order to understand how the
processing will alter the result of their performance. Adding the computer late in
the rehearsal process is inadvisable for this reason.
!

In addition to including the computer at regular rehearsals, allowing

performers individual practice time with the patch is a great benefit. This can be
achieved through designated practice time before or after rehearsals. In my
preparation with the Temple Composers Orchestra, this availability was
particularly valuable for the soloists. Many of the gestures they perform exploit a
particular characteristic of the processing that effects their sound. Taken out of
the context provided by the computer, the intention of these figures is less clear.
For professional orchestras, the resources necessary to allow this type of access
to the technology in the rehearsal space may be prohibitively expensive. If
performers have access to some basic audio equipment of their own, the patch
can also be distributed for individual practice away from the rest of the ensemble.
The open source nature of Pure Data is advantageous in that it allows for free
distribution of the materials.
!

Section 3 of the score provides an example of a moment when the

computer processing is essential for understanding the musical gesture. At m.
169, the orchestra cuts off suddenly from a crescendo, and an aleatoric figure in
the flutes and upper strings is heard. Taken without the processing, this drop in
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dynamic seems sudden, and the subsequent aleatoric gesture appears
incongruous with the music that preceded it. The computer processing extends
the orchestra’s sound however, effectively creating a diminuendo that gradually
reveals the flute and col legno texture. While preparing this moment with the
Temple Composers Orchestra, the musicians also found that the aleatoric
rhythms should be much less active than they originally imagined, due to the
echo effect added by the delay lines in the processing. While these observations
are anecdotal, they demonstrate how preparing the orchestra regularly with the
computer processing can promote a more expressive musical performance.
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CHAPTER 5
CONCLUSION
!

The versatility of the computer marks it as a unique musical instrument.

More than any acoustic device, the computer allows for varied levels of control
and intentionality. The computer performance that emerges in Transfigurations is
the result of many collaborators: the technologist, the instrumentalists, the
composer, and even the computer itself. The distinctions between an individual
performer and the collaborative musical performance, and between musician and
musical instrument become blurred in fascinating ways. In the course of
composing for live computer processing, I have found my role as a creator to be
more expansive than is the case with purely acoustic compositions or with fixed
media. As with other live processing pieces,Transfigurations represents not just a
musical work, but also the means to perform it. The patch is an intricate musical
instrument, designed entirely for the purpose of performing this piece alone. In a
sense, the orchestra performs the patch in addition to their standard instruments.
The complex feedback system that is the musician and his or her instrument is
expanded to include the electronic processes as well. While the computer rigidly
reproduces the algorithms set to it throughout the piece, these processes are no
more inflexible than the laws of acoustics governing the other instruments of the
orchestra. Within the framework of human-machine interaction, I have found a
wealth of possibilities for musical expression. Transfigurations is the result of my
efforts to utilize these possibilities to their best effect.
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The methods I have devised for employing live computer processing in a

large-scale work will prove useful in my future research. Resolving the issues of
signal capture, data filtering, and processor management on this prodigious scale
has been particularly beneficial. These methods will serve as a guide for future
explorations, both for large and small ensembles. Further, designing a patch of
this magnitude and complexity has challenged me to create a more intuitive user
interface and hierarchical structure within the program. To this end, much of the
design of the patch has little to do with the audio output in the moment of
performance. Instead, these portions of the program allow for easy use of the
controls, provide information to the user about the audio processes, and enable
flexibility for rehearsal. Ultimately, these factors affect the final musical result just
as much as the audio processing. Regardless of the quality of the music, an
unwieldy patch with a challenging user interface might discourage musicians
from performing Transfigurations at all. It was rewarding to see a technologist
use the patch in rehearsal and performance with relative ease and flexibility,
demonstrating the effectiveness of this endeavor.
!

The use of live computer processing in Transfigurations is rigorous, but by

no means completely exhaustive. In the course of this work, I focused mainly on
processes that augmented or altered the instrumental performance. My hope
was to create an expressive and robust musical environment for the performers,
one that would be reliably similar from performance to performance. I chose to do
this so that the musicians could perform the patch as consistently as their own
instruments, an element that I felt would be essential for musical expression.
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While the final moments of the piece employ stochastic processes in the

computer’s performance, there is little indeterminacy in this work. Future
explorations could exploit this facet of the computer’s abilities further through
realtime algorithmic or stochastic composition. Additionally, Transfigurations
relies almost entirely on microphones for data capture. Sensors, cameras,
robotics, or networking could be used to control aspects of the musical
performance. These resources were excluded from this work because they were
beyond the scope of my goals; however, future projects involving orchestra and
live computer processing could use these devices to great effect.
!

It may be that in a decade or two, there will be no need to describe

Transfigurations as a work “for orchestra and live computer processing,” but
rather simply “for orchestra”. Many of the instruments in the orchestra are
relatively recent additions. They were included as a part of the ensemble as the
orchestral concept developed over time. Sometime in the near future, the
computer may be granted this inclusive status in the eyes of modern audiences.
!

The orchestra and the computer are two of my best-loved mediums for

musical expression, for they both offer the widest palette of timbres, the greatest
dynamic contrast, and the highest level of control over expressivity. I hoped to
find interesting interactions and useful intersections between these two worlds of
possibilities; however, I was surprised to discover the degree to which the
computer further obscures the boundaries of musical ownership. Whose music is
this? The composer’s? The conductor’s? The instrumentalists’s? Or perhaps at
times, the computer’s? The answer to this question has long laid somewhere
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between the first four; however, the time is upon us now where machines will
contribute more and more to our musical life. As the orchestra is transfigured by
the computer processing, so too is the act of music-making itself.
!
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