
Time (s)
0 0.2

–0.25

0.25

0

Time (s)
0 0.2

0

1000

Time (s)
0 0.2

–0.0005

0.0005

0

Frontispiece. (a) The first 0.2 seconds of the synthesized open vowel sound. (b) The excitation pressure
at the bottom region of the trachea section of the model. (c) The behavior of the vocal folds of the model
as a function of the width of the glottis during vibration. (© Eduardo Reck Miranda)



The main motivation for the composition of
Sacra Conversazione was to explore the possibility of compos-
ing with the sounds of a surreal pseudo-language, in a pri-
marily linguistic sense rather than a musical sense. The piece
is entirely sung with “words” that do not exist in any language
that I am aware of, forming what I refer to as the utterances
of a surreal pseudo-language. The creation of these artificial
utterances was informed by studies of the phonetics of various
languages [1] and experiments in combining recorded sylla-
bles from these languages: Amharic, Catalan, Cantonese, Croa-
tian, Dutch, Galician, German, Hebrew, Hindi, Irish, Persian,
Swedish, Thai and Turkish. The lyrics (Fig. 1) were almost en-
tirely written on the score using the phonetic notation pro-
posed by the International Phonetics Association (IPA) [2].
A variety of nonstandard vocals and onomatopoeic vocaliza-
tions also have been produced by programming the computer
to generate surreal utterances that humans would find ex-
tremely difficult, if not impossible, to produce.

SIMULATING THE VOCAL SYSTEM
The vocal system can be thought of as a resonating structure
in the form of a complex pipe. The acoustic properties of a
straight, regular pipe are well understood and fairly straight-
forward to model, but the shape of the vocal tract is neither
straight nor regular. On the contrary, it is bent, its length can
be stretched and contracted, its diameter is variable at differ-
ent sections and it branches into two main paths: one to the
mouth and the other to the nasal cavity. Length, diameter and
branching control for producing nasal sounds change during
sound production.

The vocal system can be roughly
simulated as a subtractive synthe-
sizer consisting of a source mod-
ule and a resonator module. The
source module produces a raw sig-
nal intended to simulate the wave-
form produced by the vibration of
the vocal folds, which in turn is
shaped by the acoustic response 
of the resonator module. The res-
onator is implemented as an ar-
rangement of band-pass filters, each
of which is tuned to resonate at the
frequencies of the most prominent
standing waves of the vocal tract. These standing waves corre-
spond to the distinct resonance that confers the characteris-
tic timbre of the human voice [3]. Normally five band-pass
filters arranged in parallel are sufficient to produce realistic
vocal sounds [4–6].

Physical Modeling: Praat
The physical model used by a system called Praat, implemented
at the Institute of Phonetic Sciences, University of Amsterdam,
is a more sophisticated method for simulating the vocal tract
than subtractive synthesis [7].

In this model, the whole vocal system is represented as 
a squared pipe composed of dozens of shorter pipes, whose
walls are represented by mass–spring-damping (MSD) units.
Roughly speaking, the springs in Fig. 2 represent muscles in
the sense that their rest positions and tensions can be altered
in order to adjust the walls and the internal obstructions of
the pipe. The central idea here is that the walls and obstruc-
tions yield to air-pressure changes, and air is forced to flow in-
side the pipe as the result of mass inertia and elasticity. For
example, by diminishing the volume of the lungs, one gener-
ates displacement of air towards the mouth; in other words,
excitation causes phonation.
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A B S T R A C T

This paper examines some 
of the core techniques used 
to create an artificial phonologi-
cal system for Sacra Conver-
sazione, a short opera in five
acts featuring human singers,
artificially synthesized voices
and complementary electro-
acoustic sounds. It introduces
some of the most significant
techniques for computer simula-
tion and manipulation of voice
used to produce materials for
the piece, namely physical
modeling, additive re-synthesis,
PROSE and PSOLA. The author
concludes with a discussion of
lessons learned throughout the
process of composing with such
techniques.

Fig. 1. Sacra Conversazione, com-
posed between 2000 and 2003.
(© Eduardo Reck Miranda) 
An excerpt of the score with 
the lyrics for a soprano written
using phonetic notation.



trajectories (or envelopes) that span the
width of the STFT frames. As envelope
data are generally straightforward to ma-
nipulate, transformations such as stretch-
ing, shrinking, rescaling and shifting 
can be applied to either or both fre-
quency and time envelopes prior to the
re-synthesis process.

An example of an implementation of
additive re-synthesis can be found in Di-
phone, a program for making transitions
between sounds developed at the Institut
de Recherche et Coordination Acous-
tique/Musique (IRCAM) in Paris [10].
This software addresses one of the most
challenging synthesis problems of artifi-
cial speech using sampled phonemes: the
concatenation of sequences. The com-
puter’s rendition of a specific syllable,
such as /mu/, may not always sound 
satisfactory. For instance, consider the
words music and mutation. The com-
puter’s rendition of the syllable /mu/ in
the word music, if used at the beginning
of the word mutation, sounds artificial be-
cause the transition between /u/ and /s/
in the word music and the transition be-
tween /u/ and /t/ in the word mutation
involve different spectral behaviors. This
transition problem is also evident in mu-
sic composition, in which certain articu-
lations and musical passages are clearly
more appropriate to our ears than are
others.

Each sound sample in Diphone is sub-
jected to spectral analysis to extract in-
formation on how its spectrum evolves 
in time. This analysis provides a multi-
parametric representation of the sound;
it contains information about its funda-
mental frequency (i.e. pitch), plus the fre-
quency, the amplitude and the phase of
its spectrum components. The advantage
of such representation over straight sam-
pling is that this information can be ma-
nipulated individually and mapped onto
the parameters of a synthesis algorithm
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Fig. 2. The vocal system can be simulated with a number 
of linked short pipes whose walls are represented by
mass–spring-damping units. (© Eduardo Reck Miranda)
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Fig. 3. The cochleogram of a sequence of four vowels. 
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Fig. 4. Each segment in
Diphone is represented by 
an icon with three distinct
areas: a central area and two
adjacent interpolating areas.
(© Eduardo Reck Miranda)
The user can adjust the extent
of the interpolating areas and
define the type of interpolation
algorithm for each side.

The damping element is not shown 
in Fig. 2, but each spring of the model
does have a damping element associated
with it. Two types of equations are needed
to compute the simulation: myoelastic
equations that describe the physical be-
havior of the walls of the pipes and aero-
dynamic equations that describe the
evolution of the movement and pres-
sure of the air in the network. The vari-
ables for these equations are specified by
means of 29 parameters that metaphori-
cally describe the actions of the vocal
tract muscles and organs, such as the
cricothyroid, styloglossus, orbicularis oris
and masseter.

SCULPTING THE VOICE: 
ANALYSIS AND RE-SYNTHESIS
In contrast to simulation of the vocal sys-
tem, the following techniques focus on
modeling the sounds themselves and not
on the functioning of sound-producing
mechanisms. Such techniques are chiefly
based upon the notion of analysis and re-
synthesis of sound [8].

Analysis and re-synthesis can be per-
formed in a number of ways. During the
analysis stage a number of parameters are
extracted from a sampled sound. The re-
synthesis stage then uses these parame-
ters to re-create the sound using a
suitable synthesis technique such as ad-
ditive re-synthesis.

Short-Time Fourier Transform (STFT)
is an adaptation, suitable for computer
programming, of the original Fourier-
analysis mathematics for calculating har-
monic spectra. STFT chops the sound
into short segments called windows and
analyzes the spectrum of each segment
sequentially. Each window of the analysis
contains two types of information: a mag-
nitude spectrum depicting the ampli-
tudes of every analyzed component and
a phase spectrum showing the initial
phase for every frequency component.

Additive Re-Synthesis: Diphone
Additive re-synthesis employs STFT analy-
sis data to control an additive synthesizer
[9]. In this case, the algorithm converts
STFT data into amplitude and frequency



such as additive synthesis. If the analysis
information is changed, then the result-
ing re-synthesis will sound different.

Prosody Extraction: PROSE
Prosody can be defined as the informa-
tion in human speech that is not con-
veyed by the sequence of words. Prosody
is the music of speech, created by the pat-
terns of stress and intonation in a spoken
signal. Prosody Extraction (PROSE) ex-
tracts prosodic information from a given
spoken sentence and uses this informa-
tion to re-synthesize an open vowel (e.g.
/a/ as in the word “car” in English) with
such prosody added [11]. The idea is that
the sentence is stripped of a great part of
its semantics, as the words are no longer
present; only the prosody remains.

PROSE starts by extracting the pitch
envelope and the energy contour of a
speech stream. Then, the extracted pitch
envelope is fed into a subtractive formant
synthesizer that produces an open vowel
sound with variations in the fundamen-
tal frequency driven by the input pitch
envelope. Next, the result of the synthe-
sis is modulated by the extracted energy
contour. The outcome of this process is
the extracted prosody of the input speech
signal.

The pitch-extraction module employs
an autocorrelation-based technique. Au-
tocorrelation works by comparing a sig-
nal with segments of itself delayed by
successive intervals, or time lags: starting
from one sample, two samples, etc., up to
m samples. The objective of this compar-
ison is to find repeating patterns that in-
dicate periodicity in the signal. Part of
the signal is held in a buffer, and as more
of the same signal flows in, the algorithm
tries to match a pattern in the incoming
signal with the signal held in the buffer.
If the algorithm finds a match (within a
given error threshold), then there is pe-
riodicity in the signal, and in this case the
algorithm measures the time interval be-
tween the two patterns to estimate the
frequency [12].

The synthesis task is performed by a
subtractive synthesizer. Since the objec-
tive is to produce an open vowel through-
out the utterance, the values for the
formant frequencies, formant band-
widths and attenuation coefficient are set
to produce an open vowel (e.g. /a/ as in
the word “car”).

The energy contour is obtained by con-
volving the squared values of the samples
with a smooth bell-shaped curve with very
low peak-side lobes (e.g. –92 dB or less).

Finally, the modulation stage employs
the amplitude modulation technique
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Fig. 5. Two Irish words,
meaning (a) “feared” and
(b) “yellow” in English,
used for the creation of 
an artificial utterance. 
(© Eduardo Reck Miranda)

Fig. 6.Two Croatian words,
meaning (a) “loan” and 
(b) “bone” in English, 
used for the creation of 
an artificial utterance. 
(© Eduardo Reck Miranda)



whereby the synthesized utterance is mul-
tiplied by a normalized version of the en-
ergy contour.

Prosody Manipulation: PSOLA
Pitch Synchronous OverLap and Add
(PSOLA) works by concatenating small
segments with an overlapping factor [13].
The duration of these segments is pro-
portional to the pitch period of the re-
sulting signal. PSOLA is useful because a
given signal can be decomposed in terms
of these elementary segments and then
re-synthesized by streaming these ele-
ments sequentially. Parametrical trans-
formation can be applied during the
streaming of the segments in order to
modify the pitch and/or the duration of
the sound. PSOLA is particularly efficient
for shifting the pitch of a sound, as it does
not, in principle, change its spectral con-
tour.

At the analysis stage, the elementary
segments are extracted using windows
centered at the local maxima (i.e. regular
cycles displaying a single energy point),
called markers. These markers should be
pitch synchronous in the sense that they
should be close to the fundamental fre-
quency of the sound. The size of the win-

highly dependent on one another, and in
theory most of them can vary from –1.0
to +1.0. In most cases we can assume that
the starting point is at 0.0, which stands
for the relaxed position of the corre-
sponding part. The following example
involves only seven variables. The re-
maining 23 are set to the default system
values, which normally correspond to the
resting positions of the respective parts
that they represent. The variables are as
follows:

• Interarytenoid (glottis): This variable
influences the width of the glottis
(i.e. the space between the vocal
folds). It normally varies from 0.0 (vo-
cal folds relaxed and open) to 1.0 
(vocal folds stiffly closed). A value of
0.5 brings the vocal folds together
into a position suitable for normal
voicing.

• Cricothyroid (glottis): This variable
influences the length and the tension
of the vocal folds. It can normally vary
from 0.0 to 1.0. Contraction of the
cricothyroid muscle in a real vocal
system causes a visor-like movement
of the thyroid cartilage on the cricoid
cartilage; this movement lengthens
the vocal folds. The pitch of the ut-
terance rises proportionally to the
value of this variable.

• LevatorPalatini (velum): This vari-
able controls the velopharyngeal
port to the nasal cavities, where 0.0
opens the port and 1.0 closes it by lift-
ing the velum. An open port (0.0)
will nasalize the sound. Nasal sounds
have fewer high-frequency compo-
nents in their spectrum.

• Hyoglossus (tongue): This variable
causes the tongue body to be pulled
backward and downward. It normally
varies from 0.0 (resting position) to
1.0 (maximally pulled).

• Mylohyoid (mouth): This variable in-
fluences the opening of the jaw and
moves the back of the tongue toward
the rear pharyngeal wall. It is nor-
mally set with values from 0.0 (rest-
ing position) to 1.0 (maximum jaw
opening). A negative value (e.g.
–0.5) can be used to raise the body of
the tongue.

• OrbicularisOris (mouth): This vari-
able bears the name of a muscle that
circles the lips. It influences the
rounding and protrusion of the lips
of the model and normally varies
from 0.0 (lips spread normally) to 1.0
(lips rounded with protrusion).

• Lungs: This variable is responsible 
for producing the airflow that sets
the vocal folds into vibration during
phonation. This variable normally

dow is proportional to the local pitch pe-
riod. The pitch of the signal can be
changed during re-synthesis by changing
the distances between the successive
markers. Time stretching or compression
is achieved by repeating or skipping seg-
ments.

The caveat regarding the PSOLA analy-
sis and re-synthesis method is that it only
works satisfactorily on sounds containing
the local maxima. The good news is that
human vocal sounds, especially vowels,
fulfill this requirement.

EXAMPLES
Physical Modeling 
Synthesis Example
In order to synthesize a sound using
Praat’s physical model, one needs to set
the details of the speaker model and a list
of actions for this model. For the sake of
simplicity, the following example em-
ploys the system’s default adult female
speaker model, and I will refrain from
changing its physical characteristics.

The list of actions for the speaker is
given in a script defining breakpoint val-
ues for the 29 variables of the model, as
mentioned earlier. These variables are
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Nineteen fifty five.

Utterance spoken by an adult female British speaker.

Time (s)
0 1.883

Fig. 7. An artificial utterance
using syllables from Irish and
Croatian. (© Eduardo Reck
Miranda)

Fig. 8. The time-domain representation of a speech stream. (© Eduardo Reck Miranda)



has values between –0.5 and +1.5.
The value –0.5 represents the maxi-
mum amount of air that can be ex-
haled by force, and the value +1.5
represents the maximum amount of
air that can be inhaled. A typical ex-
halation values 0.0, and a typical in-
halation would not exceed 0.2 for
normal voicing.

The following script produces an open
vowel:

#— — — — — — — — — — — — — 
# Example: A simple phonation
#— — — — — — — — — — — — —
Create Speaker. . . Robovox Female 2
Create Artword. . . phon 0.5
#— — — — — — — — — — — — —
# Supply lung energy
#— — — — — — — — — — — — —
Set target. . . 0.00 0.1 Lungs
Set target. . . 0.03 0.0 Lungs
Set target. . . 0.5   0.0 Lungs
#— — — — — — — — — — — — —
# Control glottis
#— — — — — — — — — — — — —
# Glottal closure
Set target. . . 0.0 0.5 Interarytenoid
Set target. . . 0.5 0.5 Interarytenoid
#
# Adduct vocal folds
Set target. . . 0.0 1.0 Cricothyroid
Set target. . . 0.5 1.0 Cricothyroid
#— — — — — — — — — — — — —
# Close velopharyngeal port
#— — — — — — — — — — — — —
Set target. . . 0.0 1.0 LevatorPalatini
Set target. . . 0.5 1.0 LevatorPalatini
#— — — — — — — — — — — — —
# Shape mouth to open vowel
#— — — — — — — — — — — — —
# Lower the jaw
Set target. . . 0.0  –0.4 Masseter
Set target. . . 0.5  –0.4 Masseter
#
# Pull tongue backwards
Set target. . . 0.0  0.4 Hyoglossus
Set target. . . 0.5  0.4 Hyoglossus
#— — — — — — — — — — — — —
# Synthesize the sound
#— — — — — — — — — — — — —
Select Artword phon
plus Speaker Robovox
To Sound. . . 22050 25 0 0 0 0 0 0 0 0 0

The command Create Speaker needs
three parameters: (1) the name of the
speaker, (2) the kind of speaker and (3)
the type of the glottis. Our speaker is
called Robovox, and it uses the female
tract model that is defined by default in
Praat. In order to excite its vocal folds,
Robovox needs to produce pressure flow
by reducing the equilibrium width of the
lungs. This is achieved by reducing the
value of the Lungs variable from 0.1 to 0.0
during the initial 0.03 seconds of the
utterance “Supply lung energy.” Also,
Robovox has to keep its glottis closed
with a certain stiffness so that the vocal
folds can vibrate with the pressure com-
ing from the lungs. This is achieved by
setting the Interarytenoid and the Cricothy-

port.” Finally, Robovox should open its
mouth and shape the vocal tract in order
to produce a vowel. The mouth can be
opened by setting the Masseter to –0.4.
The Hyoglossus variable is set to 0.4 in or-
der to pull Robovox’s tongue backward
and downward; this shapes the mouth to
produce an open vowel (“Shape mouth
to open vowel”).

The next and final step is to activate
the synthesis engine to produce the

roid variables equal to 0.5 and 1.0, re-
spectively, during the whole utterance
“Control glottis.” Then, Robovox should
close its velopharyngeal port to the nasal
cavity in order to prevent air escaping
through the nose, otherwise the sound
will lack energy in its high-frequency
components. Robovox’s velopharyngeal
port can be closed by setting the Leva-
torPalatini variable to 1.0 during the
whole utterance “Close velopharyngeal
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Fig. 9. (a) The extracted
pitch envelope of the 
utterance shown in Fig. 8.
(b) The energy contour 
of the utterance shown in 
Fig. 8. (© Eduardo Reck
Miranda)

Fig. 10. (a) The synthesis result prior to modulation. (b) The outcome of PROSE. 
(© Eduardo Reck Miranda)



quence and the adjacent areas were in-
terpolated accordingly. The result is
shown in Fig. 7. A number of trials were
made in order to find optimal interpola-
tions. The criteria for assessing the results
were subjective, the main requirement
being that the utterance should sound as
realistic as possible.

Prosody Extraction Example
As an example of prosody extraction,
consider the utterance “nineteen fifty-
five” as spoken by an adult female British
speaker (Fig. 8).

The extracted pitch envelope is repre-
sented in Fig. 9a, and the energy contour
plotted as an intensity graph in dB is
shown in Fig. 9b. The pitch of this utter-
ance ranges from approximately 240 Hz
to 420 Hz: it rises almost exponentially
from approximately 280 Hz up to 420 Hz
at the syllable /fi/ of the word “five.”
Then, it decays as low as 240 Hz and rises
again toward 420 Hz at the end of this
word. Note that there is a gap in the pitch
line just before the syllable /ty/. This is
due to articulatory phenomena. As the
consonant /t/ of the syllable /ty/ is a
voiceless stop, the vocal folds stop vibrat-
ing for the production of this plosive;
hence there is no pitch. In this case, a rise
in subglottal pressure, combined with a
sudden stiffness of the vocal folds just af-
ter the stop, cause the sudden rise in
pitch and amplitude that culminated in
the stressed fricative syllable /fi/.

The result of the synthesis stage is
shown in Fig. 10a. By giving a brief glance
at this representation of the signal, one
can immediately infer that this synthe-
sized utterance lacks the dynamics of a
spoken sound. If we listened to it we
would certainly be able to follow the pitch
variation shown in Fig. 9a, but the utter-
ance sounds rather unnatural, despite its
convincing vocal timbre. Hence the im-
portance of the last stage of the PROSE
algorithm: the modulation. The outcome
of the modulation is represented in Fig.
10b. Compare the dynamics of this sound
with the (lack of) dynamics of the one
represented in Fig. 10a.

Prosody Manipulation Example
Whereas PROSE extracts prosody from
an utterance, PSOLA is a powerful tool
for modifying its prosody. The example
below illustrates an example in which the
utterance’s pitch and rhythm have been
manipulated. The utterance in question
has three syllables. Its original spectrum
is shown in Fig. 11a, and its pitch analy-
sis is shown in Fig. 11b.

The pitch sequence of the utterance
was reversed, and the duration of the 
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Fig. 11.(a) The spectrogram 
of an artificial utterance 
composed of three syllables
and (b) its pitch analysis. 
(© Eduardo Reck Miranda)

sound (“Synthesize the sound”). This is
done by activating the synthesizer with
the command To Sound, whose first pa-
rameter is the sampling rate of the sound
that will be synthesized (in this case
22,050 Hz) and whose second is the over-
sampling coefficient. Oversampling is the
number of times that the physical mod-
eling equations will be computed during
each sample period; the default value is
25. The two first lines of this section say
that we wish to synthesize the sound phon
using the speaker Robovox.

The top graph shown on the Fron-
tispiece portrays the first 0.2 seconds of
the resulting sound. Note the highly dy-
namic nature of the very beginning of the
signal, a phenomenon that confers a
great degree of realism to the result. This
is very difficult to obtain with other syn-
thesis methods such as subtractive syn-
thesis. The center graph (Frontispiece b)
plots the excitation pressure at the bot-
tom region of the trachea section of the
model, and the bottom graph (Fron-
tispiece c) shows the behavior of the vo-
cal folds in terms of the width of the
glottis during vibration. After a rapid set-
tling period, the glottis vibrates steadily
in response to the regular pressure.

Figure 3 shows the cochleogram of a
sequence of four different vowels pro-
duced by Robovox. Note the dynamic be-
havior of the formants, represented by
the lines running through the shaded
areas.

Additive Re-Synthesis Example
Each sound in Diphone is referred to as
a segment. The program produces a set
of analysis data for each segment and
stores it in a dictionary of segments. Di-
phone provides an intuitive user inter-
face for operations, in which one can
drag segments from a dictionary and
drop them into a working area, referred
to as the sequence window. At the top 
of the sequence window the computer
displays the segments for concatenation
and at the bottom it provides a menu of
parameters for monitoring the concate-
nation.

The program concatenates the sounds
by applying an algorithm that interpo-
lates the analysis data of neighboring
segments. It is important to stress that Di-
phone does not manipulate the sounds
directly, only the analysis data (Fig. 4).

Composers working with recorded
sound normally concatenate the sounds
using splicing and cross-fading tech-
niques. In most cases, however, the results
do not sound satisfactory because the in-
ner contents of the sounds involved do
not always match. Diphone is a good tool
for forging such concatenations.

The following example shows the cre-
ation of an artificial utterance combining
four segments extracted from words spo-
ken in Irish and Croatian. Four utter-
ances were used, two from each language
(Figs 5 and 6).

The segments were combined in se-



first and second syllables were slightly
changed; the first was shortened and the
second was enlarged. Figure 12b shows
the pitch analysis of the modified utter-
ance. Also visible in this figure are the
changes in the duration of the first two
syllables. Figure 12a shows the spectro-
gram of the new utterance. Note that the
spectrum content (frequency domain)
remains identical to the spectrum con-
tent of the original sound. This is the
power of the PSOLA technique: one can
manipulate the prosody of the utterance
without damaging the timbre.

CONCLUDING REMARKS
My compositional activities are deeply
rooted in the belief that experimental
but highly methodical approaches to mu-
sical composition are powerful methods
for hands-on research into sound systems
and cognition. The composition of this
piece helped me to gain an unprece-
dented practical understanding of the
human voice, its computer simulation
and cognition.

In many ways, this piece is an attempt
to extend the lexicon of vocal music to 
a new dimension, combining surreal
linguistic systems and synthesized and
computer-manipulated voice.

The more sophisticated the technique
used to synthesize and/or process voice,
the more realistic the results obtained,
but this sophistication often comes at a
price: It requires more know-how and in-
deed patience to operate. Physical mod-
eling synthesis of the human voice is very
promising, but it is very difficult to con-
trol. Also, it is computationally very in-
tensive, making it almost impossible for
real-time synthesis even on the most pow-
erful computers. The advantage of work-
ing with a physical model is that its own
“physiology” often guarantees realistic re-
sults. Even though one may program the
model to behave in ways that would be
humanly impossible, the results often
sound very much like the human voice.

I have deliberately avoided working
with languages that I can speak fluently
in order to prevent biased results. How-
ever, it has not been possible to com-
pletely avoid this bias. As we grow up our
brains develop themselves to deal effi-
ciently with the languages that surround
us [14]. The brain develops listening pref-
erences and speech motor abilities that
are very difficult to change in adulthood.
Thus, the older we get, the more difficult
it is to learn a new language without the
accent of our mother tongue. Therefore
my auditory system has most probably
acted as a filter in my selection of the re-
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