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Abstract — Zusammenfassung

Abstract

This thesis deals with the physical modeling of the parts of the voice organ relevant for
voice generation plus techniques for the measurement of acoustic voice properties. An
introduction to characteristics of the voice signal is followed by a literature survey of
existing approaches for the most important functional voice components. Algorithms
that seem to be suitable for modeling of the singing voice are adopted and extended.

The modeling of the vocal fold movement uses a three-dimensional, symmetric
multiple mass model that is capable of simulating different voice registers and voice
pathologies that are found in singers. For the wave propagation in the space between
glottis and mouth opening, the vocal tract, two algorithms are presented, which
have been optimised for different applications. The first model is based on cylinder
segments and requires a fixed sampling rate that yields a high resolution in space. The
second model allows an arbitrary choice of the sampling rate and makes it possible to
reduce the number of parameters for the description of the vocal tract by using conical
segments. Since the noise component is required for a natural sounding voice, a model
is implemented that simulates vortex shedding and sound generation by turbulences.
The dependence of the noise component on the choice of the articulated speech sound
is described by analysis of the voice signal in the domains of time and frequency.

The resonance characteristics of the vocal tract are evaluated with two measure-
ment approaches: a direct method that determines the transfer function and a mobile,
non-invasive set-up for the measurement of the acoustic impedance at the mouth.

For comparison of the characteristic radiation of the human voice with an artificial
singer, a measurement set-up is described that allows a detailed visualization of the
directivity.

The final part of this work investigates the interaction of the elements of the
model. Some examples for the application of the singing voice model to the simu-
lation of different singing styles and voice pathologies are presented. Different voice
registers are modelled with special emphasis on the simulation of overtone singing.
The impedance measurements were the basis for the parameter choice of the vocal
tract model.

As a future application of the model, the investigation of voice pathologies is
planned. First attempts to model edema of the vocal folds and singer’s nodules are
presented and the use of the model as a therapeutic tool for voice therapy is discussed.
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Zusammenfassung

Diese Arbeit beschreibt die physikalische Modellierung der fiir die Erzeugung der
Singstimme relevanten Stimmorgane sowie Messverfahren zur Bestimmung akusti-
scher Figenschaften der Stimme. Nach einer Einfithrung in die Charakteristika des
Stimmsignals wird ein iiberblick iiber bestehende Modellierungsansétze zur Beschrei-
bung der wichtigsten Stimmfunktionskomponenten gegeben sowie jeweils eine Anpas-
sung und Erweiterung geeigneter Algorithmen fiir die Modellierung der Singstimme
vorgenommen.

Die Modellierung der Stimmlippenbewegung erfolgt mit einem dreidimensiona-
len, symmetrischen Mehrmassenmodell, das sowohl fiir die Nachbildung verschiede-
ner Stimmregister als auch zur Simulation von séngertypischen Stimmerkrankungen
geeignet ist. Fiir die Modellierung der Schallausbreitung im Raum zwischen Glot-
tis und Mundoffnung, dem Ansatzrohr, werden zwei Algorithmen vorgestellt, die fiir
jeweils unterschiedliche Anwendungszwecke optimiert wurden. Wahrend beim ersten
Modell bei fester Abtastrate eine rdumlich hochaufgeloste Diskretisierung anhand von
Zylindersegmenten erfolgt, erlaubt das zweite Modell eine freie Wahl der Abtastrate
und Reduzierung der fiir die Ansatzrohrbeschreibung nétigen Parameter durch Ver-
wendung konischer Segmente. Fiir einen natiirlichen Stimmklang ist ein Rauschanteil
erforderlich, fiir den ein Modell verwendet wird, das die Wirbelbildung und Schaller-
zeugung durch Turbulenzen nachbildet. Die Abhéngigkeit des Rauschanteils von der
Wabhl des artikulierten Phonems wird durch Analyse des Stimmsignals im Zeit- und
Frequenzbereich beschrieben.

Zur messtechnischen Bestimmung der Resonanzeigenschaften des Ansatzrohres
werden zwei Verfahren vorgestellt: eine direkte Methode zur Messung der iibertra-
gungsfunktion sowie ein mobiler, nicht invasiver Messaufbau zur Ermittlung der aku-
stischen Impedanz am Mund.

Fiir den Vergleich der charakteristischen Abstrahlung der menschlichen Singstim-
me mit der eines kiinstlichen Séngers wird ein Messverfahren beschrieben, das eine
detaillierte Darstellung der Richtcharakteristik erlaubt.

Im letzten Teil der Arbeit wird die Interaktion der Modellkomponenten unter-
sucht und anhand einiger Beispiele die Anwendung des Singstimmenmodells fiir die
Nachbildung verschiedener Singstile sowie von Stimmstorungen vorgestellt. Neben der
Modellierung verschiedener Stimmregister wird insbesondere die Nachbildung von
Obertongesang untersucht, wobei die beschriebene Impedanzmessmethode wichtige
Hinweise fiir die Parametrisierung des Ansatzrohrmodells lieferte.

Als Ausblick auf zukiinftige Anwendungen des Modells fiir die Untersuchung von
Stimmerkrankungen werden erste Ansétze zur Modellierung von Stimmlippenschwel-
lungen und Sangerknotchen vorgestellt sowie die Verwendung des Modells als didak-
tisches Werkzeug fiir die Stimmtherapie diskutiert.

Keywords

physical model, vocal folds, vocal tract, aspiration noise, artificial singer, impedance
measurement, pathologic voice, overtone singing
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Introduction

,Ein scharfes Wort soll gesprochen werden iiber die unbefugte Jagd der
stimminteressierten Physiologen bzw. Laryngologen auf die Bestimmbarkeit
der Gattung wie der Facheinteilung der Sangerstimmen. Die Bestrebungen der
Kehlkopfspezialisten, aus der sichtbaren Bauart der Kehlkopfteile und des An-
satzrohrs (insbesondere des Gaumens) unmittelbar auf das Hérbare, auf Cha-
rakter und Klang schlieffen zu wollen, sind zwar dem Problem nach versténdlich.

Die Forschungen sind noch in keiner Weise abgeschlossen und spruchreif.
Und solange sie keine wissenschaftliche Beweiskraft haben, ist in all solchen
Féllen der Sénger nichts als Freiwild fiir tatenlustige Sonntagsjéiger.“m

Voice research has significantly intensified in the last decades. Numerous new appli-
cations of computer speech, transmission and coding of speech, or voice recognition
have found a way into our daily life. Physical models for voice synthesis have often
been rejected because of their poor quality or the computational costs. However, high-
quality models are increasingly employed as the rapidly growing speed of computers
allows researchers to take into account more and more details of voice physiology.
A satisfactory on-line modeling of speech based upon the physiology of an individ-
ual speaker is not yet possible, even though the advantages of such an approach are

tempting:
e the synthesis of individual voices could be based upon the actual physiology

e speech transmission could use a set of physically-based parameters for increased

naturalness of the speech

e a comparison of recorded voices with results from simulations could give certain

hints for diagnosis

Some of these applications are not available today but are currently developed with
efforts in industry as well as at universities. Before such goals can be achieved, basic
research is necessary at several stages: measurements of anatomical static and dy-

namic parameters, mapping of such parameters to mathematical models, development

From: Franziska Martienssen-Lohmann: Der wissende Sénger, Gesangslexikon in Skizzen, Atlan-
tis Musikbuch-Verlag, Ziirich, Mainz, 1956.



and implementation of such models, and development of measurement methods for
validation of the results.

Physical modeling is the description of observed phenomena by means of mathe-
matical terms. The model will always be an approximation of reality. The challenge
for an engineer is to find a compromise between the conformity of the calculated result
with reality and the complexity of the model.

The focus of this thesis is laid upon the synthesis of vowels rather than on speech
synthesis. The problem of speech generation is a very complex topic that extends
from physics via phonetics to linguistics. However, the acoustic part is quite similar
to singing voice generation if plosives and fricatives are excluded. In other words, this
work deals with the analysis and physical modeling of voiced sounds like vowels.

The thesis is divided into seven chapters. In chapter [1/ the signal properties of
the singing voice are described and the variety of different singing styles is presented.
The chapter concludes with a description of the radiation characteristics of a singer.
Physical modeling of the voice can be divided into several functional components. The
generator for all voiced sounds are the vocal folds. In chapter|2/vocal fold physiology is
briefly described. A new model based upon a description of existing vocal fold models
is presented. Parameters of the model are discussed and compared to literature and
measurements. The production of different vowels as well as of consonants is achieved
by modification of the anatomical space between the vocal folds and the lips. This
space is called the vocal tract (in German: Ansatzrohr). Chapter [3| deals with the
structure and parametrisation of the vocal tract. Existing models are presented and
the implementation of two models is described. At the end of the chapter results
from simulations are compared to measured transfer functions and vocal tract mouth
impedances for selected phonemes. Chapter 4] investigates the non-harmonic part of
the voice signal: the noise. Two kinds of noise sources are described and an algorithm
for aspiration noise, i. e. noise generation at the glottis, is presented. The results from
simulations are compared to measurements and literature. In chapter |5 the radiation
characteristics of a singer are analysed. Measurements of the directivity of human
singers and an artificial singer are presented. An outline of the possible interaction
between vocal tract and vocal folds, and the applications of the combined model to
the synthesis of the singing voice are presented in chapter [6. Emphasis is laid on the
generation of overtone singing and the generation of pathological voices. In the last
chapter this work is summarised and discussed and applications for educational and

medical use are proposed.

Terms in Latin language — such as medical terms — are printed in italics (cf. appendix,
Table [A). The appendix also contains lists of speech sounds, abbreviations, Figures
and Tables.



Chapter 1

The singer

Music has most probably been founded by early mankind, when people tried to en-
tertain each other by producing composed sounds. Their voices might have been one
of their instruments being available and versatile. The range of sounds that can be
produced are as different as the simple voice of an untrained child, the mighty voice
of an opera singer, or the magic biphonic sound of an overtone singer. With respect
to timbral range and flexibility only very complex musical instruments like organs or
synthesisers can compete with the human voice.

This chapter will illuminate the character of the “musical instrument” and sound
source the singer. The aspects presented in section[1.1 are the perceptual and func-
tional properties of the voice signal and a glancing view on the sound of a choir. A
description of different singing styles is given in section Due to their complex-
ity, the multitude of aspects of spoken language synthesis is not considered here. A
comprehensive study of speech models and data has been published by B. Kroger
[Kro98]. Extreme singing styles like growl (Louis Armstrong) will not be considered
here, either.

In Figure 1.1 a schematic overview of the integration of the functional components
influencing the human regulatory system is given.

In the drawing, the entities body/man (outermost box), brain (middle box) and
conciousness/higher-order centers (innermost box) are described with their functions
(boxes), flow of information (solid lines) and interactions (dashed lines). The voice
generation is initiated by the higher-order centers (‘give me the phoneme [a:]!’). The
motor cortex forms the necessary laryngeal and articulatory targets for the motor
nuclei control of the muscles of the phonatory organs. Muscle activity will set the
boundary conditions, i.e. the physical properties of the voice organs. As a result,
voice is produced. Of course, the process is much more complex as the interaction
between the different functional components continuously changes these boundary
conditions, partly intended by the singer, partly without intention. Two levels of

control of the phonatory organs can be found: the feedback of sensory receptors at
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Figure 1.1: Schematic voice production of a singer (after [Hir68])

the muscles of the voice organs to the sensory centers of the brain, and the feedback

of the ear to the auditory cortex of the brain. Both feedback loops enable the singer

to adjust voice organ parameters like tension of the folds or positioning of the tongue

in order to achieve a desired sound quality of the voice.

1.1 Voice signal

An important feature of a musical sound is its variation over time. A categorisation

of variation can be made either from the musician’s point of view: intended vs.

unintended sound variations, or from a perceptual point of view: modulation of signal

parameters like amplitude, pitch or timbre.



1.1. VOICE SIGNAL

ot

The singing voice has most features of a musical instrument with a sustained
sound: equally spaced harmonics, a rather wide frequency range of the fundamental,
and a modulation of the stationary sound. If the singer illustrates the musical content
with text, all of these properties plus spectral envelope vary quickly over a huge range
of parameters. In the following, these well-known acoustically relevant cues will be

discussed.

1.1.1 Harmonic structure

The main character of the sustained voiced sound is the structure of the spectral
envelope which contains phonetic information and the timbre.
The harmonics are the peaks of

equally spaced frequencies within a

spectrum, and the envelope is their
amplitude distribution vs. frequency as
shown in Figure1.2.

In case of normal phonation, the

Level [dB]

fundamental frequency f, determines

the lowest frequency of the harmonics.

The upper harmonics are integer mul-
tiples of fy, i.e. 2fy, 3fy etc. and are
well above the noise floor for frequen- 0 2000 4000 6000 8000

Frequency [Hz]
cies below 7TkHz but at least 40dB,

1
10000

in amplitude, weaker than

corresponding to a factor of in

L
100

the maximum harmonic for frequencies

power or Figure 1.2: Spectrum of a voice signal

below 4kHz. If the singer uses vocal fry register (also called pulse, glottal fry, creak
or StrohbaB register, see section [1.2.1) or vocal-ventricular mode (VVM) techniques
[Fuk99], the lowest harmonic can be an integer fraction of fy i.e. %, % etc. Subhar-
monics and irregular spacing of the frequency peaks also occur if non-linear effects
determine the fold oscillation. These effects will be briefly discussed in chapter
The envelope of the harmonics is determined by the source spectrum of the voice
signal at the glottis and the shape of the space between glottis and lips, generally called
the vocal tract (VT). The singer’s choice of phoneme determines the constrictions
within the VT which form an acoustic filter that amplifies and attenuates at certain
frequencies. Peaks within the envelope spectrum of such a filtered signal are called
formants. The frequency, bandwidth and amplitude distribution of the formants

characterise the sound and are specific for each vowel and unvoiced sound.

LA list of abbreviations can be found in appendix [A.
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Apart from the stationary features of the signal, the dynamic aspects have to be

considered for speech signals. These aspects are beyond the scope of this thesis.

1.1.2 Pitch and amplitude

Maria Callas, a famous mezzo soprano singer, claimed to have a vocal range, i.e. the
difference between lowest and highest not, from Fj (~185Hz) to Fg (~1319Hz)
[Fis93]. Almost three octaves is a very big range for musical use for a mezzo soprano
voice. The classification of singers is done into the main groups Soprano, Mezzo-
Soprano, Alto, Tenor, Baritone, and Basso. In Table [1.1 the range of voices for

these groups is shown [Fis93]. The variation of loudness of the singing voice can be

Table 1.1: Ambitus and frequency range of voice groups (after [Fis93]).

Lower limit Upper limit
Group Note fo [Hz] | Note fo [Hz]
Soprano G3..C4  196..262 | Dg..Gg  1175..1568
Mezzo-Soprano | F3.F% 175.185 | Cg 1047
Alto Cg..Eg 131..165 G5..B5 784..988
Tenor FAi.Cy  92.131 | C5.Gs  523.784
Baritone Fo.FY 8792 | G4.B)  392..466
Basso Co.Ey  65.78 | F4..Gy  349..392

expressed by the sound pressure level (SPL). The SPL variation between piano and
forte phonation, measured at the mouth, is about 57..92 dB for non-professional male
singers and about 60..90 dB for non-professional female singers [NR00]. The standard
deviation for each of the groups (10 healthy subjects each) is about 5dB. However,

professional singers achieve much higher SPL values.

Vibrato

Vibrato is an intentional variation of amplitude and fundamental frequency of a sus-
tained vowel. It is used by experienced singers to increase the subjective intensity
of a tone without increasing the SPL. Some effort has been made by P.-M. Fischer
to describe accurately the characteristics of vibrato [Fis93]. The approaches aim at
either describing the singing technique for musical use or analyzing the physical cause
of vibrato generation. Most authors cited by Fischer agree on an optimum vibrato

frequency to be between 5.5 Hz and 6.5 Hz, while the amplitude variation should not

2The musical notation follows the American style. For German notation, the following conversion
(American < German) applies: ... A <> Ay, Ay «» A, Az <> a, Ay <> al, Ay < a2 ...
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exceed 3dB, and the frequency modulation should be about 41 semitone. However,
the underlying process for the generation of vibrato is not clearly understood, yet.
Fischer distinguishes between two origins of vibrato: the respiratory wave (Ger-
man: Atemwelle) and the glottis wave. The respiratory wave is caused by a rhythmic
movement of the diaphragma and the peritoneum with a frequency of 3.5 Hz to 4 Hz
that causes a frequency modulation of +1 semitone. The glottis wave is caused by
a rhythmic contraction of the glottis muscles with a frequency of 6.5 Hz to 8 Hz that
varies individually in amplitude compass of voice and frequency modulation. The op-

timum vibrato should combine both origins resulting in the desired complex vibrato.

Jitter and shimmer

Jitter and shimmer are expressions for small variations in period length and ampli-
tude of a signal. With respect to these parameters, the voice of a singer is far from
being a stationary sound. Small fluctuations are perceptually important for the natu-
ralness of a voice sound. If jitter and shimmer are absent, the voice sounds clean and
boring, in other words: synthetic. Therefore, algorithms for the additive synthesis
of natural sounding musical signals always include a residual component, often white
noise [Goo96]. However, care must be taken to synchronise the harmonic and residual
part of the signals [Her91].

The origin of jitter and shimmer can be found in the function of vocal fold muscles
as well as in the variations of the vocal tract geometry. A comprehensive overview
about jitter can be found in an article by J. Schoentgen. The author defines jitter as
follows:

Jitter designates small, random, involuntary perturbations of the glottal
cycle lengths. [Sch01]

An equivalent definition could be given for the glottal cycle amplitudes. The effect
of these variations is similar to the influence of noise upon a signal, except that the
variations are an important part of the sound and therefore not unwanted like noise

in a signal chain.

1.1.3 Harmonics and noise

Taking Figure (cf. page ) into account, another particular sound property can be
seen apart from the harmonics. The spectrum illustrates noise between the harmonics
and for frequencies >4 kHz. Noise dominates in unvoiced phonemes like fricatives but
is also present in voiced sounds like vowels. In phoniatrics the ratio of the harmonic
and the noisy part (harmonics-to-noise-ratio, HNR) of the signal is an important

measure for diagnosis and therapy of voice disorders like a hoarse voice. The origin
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of noise in the human voice can be manifold but the physics behind the generation
process is similar in all cases and will be described in chapter [4. An accurate de-
scription of the noise to harmonic ratio of a voice signal is difficult because of the
time-variant fundamental frequency. If the signal was stationary, efficient methods
could be applied that are advantageous for the harmonics-noise separation of musical
instruments like flue organ pipes [Rio01]. Due to the effect of vibrato and jitter, these
methods cannot be used for the singing voice. A discussion of this problem is done
in section

1.1.4 Choir sound

A choir can be called an arrangement of several singers, some of whom sometimes sing
the same notes, and who sing more or less harmonic intervals against other voices.

The particular sound of a choir is of-

ten called choral sound and is more than 1
just the addition of separate voices of dif- ﬂ m
ferent or same pitch. S. Ternstrém has de- 05! ”

scribed some of the effects, including those

of room acoustics and the feedback control

iy
X

of singers, from a signal processing point of
view [Ter91].

Crosscorrelation
o
cb

A close look at the signal structure of
two voices that should follow the same — vowel
. — fricative
score reveals that the signals are only 1, 500 1000 1500 2000
roughly identical — differences occur in tim- Time (ms)

bre (structure of the harmonics), relative Figure 1.3: Correlation of two voices that
phase and amplitude. sing the sounds [o:] and [f}]
The difference of voiced and unvoiced

sounds with respect to the correlation, i.e. the similarity, of the signals is given in
Figure Two male singers were recorded during simultaneous phonation in the
same (anechoic) room with microphones located close to the mouth [JK98]. The
crosstalk separation was better than 20dB. The thick solid line shows the cross-
correlation between the sound pressure signals of the two singers, who were asked to
sing the sound [0:]3 at same pitch. From the strong fluctuations it can be seen that
the correlation alternates between high negative and positive values. This means that
the signals are similar but their relative phase alters with time during the adaptation

process. The thin solid line indicates the correlation between the pressure signals when

3A list of phonemes according to the Association Phonétique Internationale (API) is given in
appendix B!



1.2. SINGING STYLES 9

the sound [[:] is pronounced. In this case, the correlation is almost zero, meaning
that the signals are not correlated. Music for choirs mostly consists of vowels, i.e.
sustained voiced sounds, that are separated by consonants. Therefore, in a choir
stationary sounds like vowels will show interference effects between singers in the

same group that contribute to the choral sound.

Another important aspect of the choir sound is the radiation characteristics of a

singer. This topic will be discussed in chapter 5.

1.2 Singing styles

1.2.1 Registers

There is no general agreement about the classification of the singing voice in regis-
ters. Following J. Sundberg [Sun87], the registers will be differentiated according to
their homogenity in sound when perceived by a listener. However, the origin for the

differentiation of registers is a change in the vocal fold configurations.

Common designations of the voice used for speech and singing with comfortable

vocal fold configuration are modal or chest register.

Above the modal register the falsetto register is found in male voices, whereas two
different registers can be distinguished in female voices in the upper region: middle
and head register. Female voices with very high pitch are often identified as whistle

register.

Below the modal register the voice can produce sounds in two additional registers:
the straw bass (German: Strohbafl) and the vocal fry register [Hol74]. In Western
singing styles these register play a minor role, whereas in Eastern countries the low
registers are common. The straw bass register is perceived as a very low but still
natural sounding voice, while the vocal fry is different from the above registers because
it is based upon a different vocal fold vibration pattern. In the vocal fry or pulse
register a periodic interruption of the vocal fold (VF) oscillation cycle can be observed,

causing a reduction of the fundamental frequency fy; down to integer fractions like
fo/2, fo/3 ete.

Apart from the registers described above, further terms are used for extreme
phonation modes. The vocal fry register differs from a phonation mode being used in
the Tibetian chant tradition: the vocal-ventricular phonation mode (VVM) [Fuk99].
L. Fuks claims that in this style the ventricular folds oscillate at an integer fraction

of the vocal fold frequency.
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1.2.2 Overtone singing

Overtone singing is a technique of forming the overtone spectrum of a sung tone in
such a way that one higher harmonic rather than the fundamental frequency deter-
mines the melody pitch. Using a sophisticated articulation technique, an overtone
singer achieves a perceived separation of the fundamental and one partial. This tech-
nique is also called biphonic singing, like the (pathologic) simultaneous generation of
two vocal fold modes, most overtone singing styles seem to achieve the separation by
modification of the vocal tract only [Hai01]. Although some singers can even produce
three separated tones, the following description will be restricted to the generation of
one upper and one lower tone. The upper tone is often called melody tone whereas
the fundamental is often called drone because it often serves as a musical fundament
that changes its low pitch rather slowly. In the following these names will be used
for the description of the lower and the upper tone of a biphonic sound. Experienced

singers can yield a separation in amplitude between drone and melody tone of more

than 40dB.
Figure (1.4 shows the spectrum of a

biphonic sound that has been recorded

o

in an anechoic room at 1m distance

|
=
o

from the singer’s mouthE

|
N
[=]

Only a few scientific publications

about overtone singing are available.
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Extensive studies have been carried
out by Tran Quang Hai [Hai00], who
describes the broad variety of differ-
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ent overtone styles. A recent study
of S. Adachi and M. Yamada [AY99]

presents measurements (sound pres-
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sure and MRI images) and simulation
of X66mij singing, a special singin

. J‘ I8 P g‘ & Figure 1.4: Spectrum of a biphonic sound
style originally used by mongolian
singers [HG80]. Adachi supports the
“resonance” theory [HG80], which considers the source for the melody tone to be a

separated harmonic of the lower tone.

Section 6.3.3 deals with detailed measurements and synthesis of overtone singing.

4Sound examples and spectrograms from live recordings can be found at the internet page
http://www.akustik.rwth-aachen.de/ “malte/overtone.
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1.3 Discussion

As presented in this chapter, the singing voice is not only a versatile musical in-
strument but also a generator of a rather complex sound featuring the described
properties. From a signal analysis point of view, the voice has been studied inten-
sively in the past. Models for additive synthesis of the singing voice have been built
by e.g. P. Cook [Co090], who describes many details of the voice organ and assembles
their effects by connecting sound generators and filters.

The control of parameters for articulatory voice synthesis is another complex topic
that has not yet been mentioned. Modern communication devices like GSM mobile
phones use sophisticated algorithms to encode and decode speech for bandwidth re-
duction. These algorithms aim at modeling the most important speech properties by
extracting important parameters from the glottal waveform and the acoustic vocal
tract properties. Examples are vocoder and code-excited linear prediction (CELP).

In contrast to the approaches above, this thesis aims at describing the synthesis of
a voice signal using physical descriptions of the functional components and measured
parameters of the voice organ. This method differs significantly from the additive
synthesis and speech coding, since the number of parameters necessary for physical
models is of similar order as the actual properties of the voice organ. However,
voice production using a physical model should give similar results, if the model is

sufficiently accurate.
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Chapter 2

Vocal folds

The vocal folds (VF) are the most important functional components of the voice
organ. Situated in the larynz, the VF are functioning as a generator of voiced sounds.
Their task is similar to that of a valve modulating the air flow from the lungs to the

vocal tract.

2.1 Biomechanics

In Figure 2.1 a schematic graph of the vocal folds is

given. The region below the glottis is the so-called supraglottal

subglottal area and consists of the caudal surface of  ventri- (toé\l/\r/(:\?ds
the VF and the adjacent trachea that is connected %:Ic?é N mouth)

to the broncho-pulmonary organ. Above the VF the glottis
supraglottal area is the lower part of the vocal tract }83? \

(VT), where the ventricular folds are situated. They , 5“2?(';;“’"'
are often also called false vocal folds, because under L)’( (tmggs
certain conditions they can be responsible for voiced

sound generation, as explained in section [1.2.1. Figure 2.1: Sketch of the glot-

Apart from phonation, the VF open the airway tis, sectional view

for breathing, whereas during phonation the VF are

close to one another. These two modes of function are denoted VF abduction (opening
of the glottis) for breathing and VF adduction (closing of the glottis) for phonation.
The positioning of the VF and therefore the geometric properties of the opening be-
tween the vocal folds and the tensions within the folds are determined by the muscles
within the vocal folds. The driving force for the oscillation of the VF, however, is not
caused by laryngeal muscle action but is a result of the air flow through the constric-
tion of the adducted glottis and the resulting forces on the VF tissue. Historically,
the essential functioning of the vocal fold movement has not been clearly understood

before 1956 when R. Schilling explained the self-sustained nature of the VF movement
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Schb6]. In 1962 still a theory claimed the oscillation of the VF to be caused by an
active control of the nervus recurrens [Hus62|.

Muscles

Ligamentum vocale

Musculus
thyro-arytaenoideus

Cartilago thyroidea

Musculus
vocalis

Musculus
cricothyroideus

/
Musculus

thyro-epiglotticus, ~ Musculus

ary-epiglotticus

Processus

vocalis Musculus

cricoarytaenoideus lateralis

Musculus cricoarytaenoideus
posterior

Processus
muscularis

Cartilago Musculi
cricoidea arycaenoidei

Figure 2.2: Drawing of vocal fold muscles (after [Net99])

In Figure 2.2/ the vocal folds and their surrounding muscles and cartilages are
shown from above, the top corresponds to the front, the bottom to the rear of the
larynx. Three different groups of muscles can be distinguished: muscles that open
or close the glottis slits plus muscles stretching the vocal folds. Figure depicts
the arrangement of the muscles and their effect on the vocal folds. Inside the larynx

Figure 2.3: Organisation and functions of the muscles in the larynx (after [Boe93])

the vocal folds are stretched between cartilago thyroidea and arytenoid cartilage. The
tension of the vocal folds is adjusted roughly by musculus cricothyroideus (2.3a),

whereas musculus vocalis (2.3b) does the fine-tuning.
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Only one muscle can open the glottis slit between the vocal folds, musculus
cricoarytaenoideus posterior (cf. Figure[2.3c). This muscle is primarily used to allow
breathing. The glottis is closed in the front by musculus cricoarytaenoideus lateralis

(2.3d), whereas the rear part is closed by musculus arytaenoideus transversus (2.3e).

Organisation

Figure 2.4 illustrates the sectional view of one VF. The

vocal fold consists of the musculus vocalis, the ligamen- NP

tum wvocale and a mucous membrane epithel, denoted

Ligament
mucosa. The tissues are build up in layers, therefore z
the structure is not homogeneous and not isotropic, ei- Vocallis L.)(
muscle

ther. The slimy mucosa is moving on the surface of the

ligamentum wvocale.
Figure 2.4: Sectional view of

Movement one VF (after [Hir68])

In Figure 2.5 the movement of the VF during one cycle of
oscillation is shown, driven by the air flow from below the
VF.

The movement is quite complex: the VF move sideways,
but there is a an additional action of the upper part that is
often called mucosal wave. High-speed recordings or strobo-
scopic imaging of the vocal folds reveal a phase lag between
the lower and the upper part of the VF. This phase lag is
essential for the self-sustained oscillation of the VF, because
there is a difference in aerodynamics between a convergent
(274 to 4" view from top of Figure 2.5) and a divergent glot-
tis (5 to T view).

Technically speaking, the vocal fold movement is driven
from the lung pressure and can be understood as a self-

sustained exchange of potential and kinetic energy caused by

an equilibrium of forces on the vocal fold tissue. These forces

can be categorised into two groups, i.e. relatively slowly Figure 2.5: Glottal cy

cle for modal register
ary conditions like muscle tensions on the one hand and, on (taken from [Hir68])

changing forces that are imposed by quasi stationary bound-

the other hand, rapidly changing stress-, damping- or aero-
dynamic forces that occur during one cycle of oscillation.
Dimensions within the larynx (<2cm) are small compared to the wavelengths

considered for phonation (>7cm). The Strouhal number has been found to be <1
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for speech [Hir92], therefore the flow through the glottis can be assumed to be quasi
stationary. In addition, as a first-order approximation, laminar flow and lossless
propagation are assumed. Therefore Bernoulli’s law can be applied, giving a relation

between static pressure P and dynamic pressure % pv?:

1
P+ épvz = const. (2.1)

An application of the Bernoulli equation to the case of a constant air flow through a
constriction illustrates the reduction of the pressure P while the particle velocity v is

increased. This pressure drop causes forces that pull the VF together.

When the VF are just about to open, the glottis is convergent and no pressure
difference across the glottis occurs. Only the quasi-static lung pressure presses the
vocal folds apart. When the vocal folds are closing, the mucosa is delayed and the flow
through the divergent glottis exhibits a profile with slower air movement at the surface,
the shear layer, and faster movement at the centre of the flow. As a consequence, flow
separation occurs and vortex shedding takes place. These phenomena will be discussed
in chapter 4. An excellent review of these and further aeroacoustic phenomena and

their application to musical instruments and the human voice has been written by

A. Hirschberg in [HKW95].

2.2 Vocal fold models

If the interaction between the vocal folds and the other functional components is

considered, a schematic signal flow as given in Figure 2.6 can be drawn.

As input parameters to the

VF model, the setting of the glot-
Sub-and ] . .
supraglottal Glotta tal muscles and surrounding tis-
pressiire flow sues plus the sub- and supraglot-
o ey "] Vocalfold model tal pressures are important. As
., Glottal output parameters, the glottal
Boundary area d the ol 14
conditions area and the glottal flow are gen-

erated. The parameters are not
Figure 2.6: Function sketch of a vocal fold model independent because the modu-

lation of the air flow significantly
changes the sub- and supraglottal pressure conditions. Reflected waves, e. g. from the
vocal tract, will change the pressure conditions as well. In section these more

complex aspects will be considered.
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2.2.1 Two-mass models

The use of lumped elements for the characterization of the vocal fold properties is
a characteristic aspect of the common two-mass VF model. The main idea of this
approach is the reduction of the anisotropic structure of the fold tissue into a small
number of condensed elements such as masses, springs and stiffness. In 1969 the first
attempt was published of a model that used a one-mass oscillator for each VF [FC69).
The model can produce voiced sounds with additional constraints only [Rod95]. In
1970 the first model with two masses was presented by D.E. Dudgeon [Dud70]. In
Figure 2.7 the general set-up of such a two-mass model is shown.
The dashed line indicates the sectional

view of the vocal fold. The two masses are

denoted m,,, and m, and shall represent the

tissues of the VF, not necessarily the mu-

o
W
= H

W)

S o

cosa and wvocalis tissues. The coupling of

each masses to the bounding cartilages is

modelled by a damping element D’ and a

kK
3

spring element k°. The coupling of both \ Fn .-

\ - - Z
masses to one-another is represented by a el # ______ - l—F
spring element £™ without damping. Exter- K X

nal forces on the masses are described by F},
and F,. The movement of the masses is of- Figure 2.7: Set-up of a two-mass model
ten restricted to the z—direction and there-
fore, during movement, only x—components of the coupling elements are taken into
account.

A self-oscillating VF model requires at least two degrees of freedom (DOF') because
a one-dimensional mass-spring system without acoustic feedback would not be capable
of sustained oscillations if constant energy is supplied. However, this does not imply
that two DOF are sufficient for a satisfactory description of the vocal fold movement:
it is the minimum requirement for a VF model. The movement of the masses can be

described by a system of two differential equations:

MyZy + Doy + kP + k™ (20 — ) = Fow
(2.2)

MmZm + Din@m + kP2 + E™(2, — 1,) = Fyn -
In equation md is the inertial force on the mass, Dz represents the force resulting
from the damping of the oscillator, k?z expresses the spring force that results from the
compression or expansion of the spring between mass and boundary, and k™ (z, — z,,)
or k™(x,, — x,) is the force that is caused by the coupling of the two masses. The

force F) is the external force driving the oscillator. In the case of the vocal folds, this



18 CHAPTER 2. VOCAL FOLDS

aerodynamic force is generated by the static pressure and/or the Bernoulli forces in
the glottis. The forces and their origins are discussed exemplarily for the model of

Ishizaka and Flanagan in the following section.

Model of Ishizaka and Flanagan

The first model that describes

one vocal fold as a system of
1 Z
two coupled masses is the model k5§ ﬁH o ) Xl_.

b
of K. Ishizaka and J.L. Flana- Km Dm
gan [IF72], subsequently called N K"
\ m,
IF model. Their model does /L/LI/W\ m, /E
©
not yet assume jet generation at XVQ Xmo

the glottis but is still the most
common approach for vocal fold
modeling. In Figure 2.8 the set-
up of the IF model is shown.

The model is symmetric, as

only one vocal fold has been Figure 2.8: Set-up of the IF model
implemented, and the resulting
glottal flow U, is calculated under the assumption of a symmetric VF movement.
From the three main sections subglottal, supraglottal and glottal area, the latter is

subdivided into four regions where significant pressure changes occur.

Transglottal pressures: The pressure differences across the glottal sections are
shown in Figure[2.9.

The first section is characterised by
the reduction of the cross-section from
the trachea to the area A, between
the masses m, across the constriction

length [, and yields the following pres-

sure change:

Figure 2.9: Pressure drop across the glottis

The area A, = 2l,(z,0 + x,) is calcu-
lated from the length of the glottis [,
and the distance x, of the mass m, to the neutral position x,y. The area A,, between

the mucosa masses is calculated accordingly. With v = % the first term in (2.3
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identical to the Bernoulli law (2.1) with exception of a leading factor. This factor is
based upon the assumption of the vena contracta effect, which describes the increase of
the pressure drop at sharp discontinuities. Measurements of van den Berg [vdBZD57]
on gypsum models of the larynx determined the factor to be 1.37. However, the
assumption of a sharp edge at the entry of the glottis has been discussed controver-
sely [P*94]. The second term in (2.3) takes into account the geometry change in the
constriction.

In the following glottal section the pressure decreases linearly over the mass m,
due to viscous losses that are characterised by the shear viscosity coefficient p. The
pressure difference across the thickness th, of the vocalis mass in z—direction is then

2
path, pthy
e Uy + 1

P — Py =12 U, . (2.4)

Because of the flow continuity across the discontinuity, the pressure jumps according
to (2.1) at the transition between both masses.

P 1 1

Across the mass m,,, again a linear pressure decrease as in takes place.

(ath,y, pth, -

Py = Py =120, + S0 (2.6)

In the last glottal section the pressure “recovers” towards the ambient atmospheric

pressure outside the voice organ. This pressure difference is

p (U ’
P4 _Psup - —5 A— ]i'e y (27)

with the pressure recovery coefficient k.

=2 1-— . 2.
ke ASUP ( ASUP ) ( 8)

The factor k. shall describe the expansion of the flow to the vocal tract walls. However,
the diameters of the glottal area and the vocal tract entry area are quite different
during phonation (A, < Agp), thus the factor is often neglected in recent models
[PHWB95].

Aerodynamic forces: The aerodynamic forces F'* on the masses m, and m,, are
calculated as averaged pressures on the areas of the masses. The areas are calculated
from the wvocalis thickness d, or the mucosa thickness d,,, and the length [,. Three

cases need to be distinguished:
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1. In case of an open glottis the following equations apply:

Fo = LX(P + P)dl,
(2.9)

m

Fo = 3(Py+ Py)dyly -

2. If only the masses m,, are closed, the dynamic pressure disappears and only the

static pressure is present: P, = P, = P,,;. As a consequence the forces are

EF = Psubdvlg )

v

(2.10)
F¢ =0.
3. In the remaining cases, when only the masses m, or all masses are closed, no

aerodynamic forces act on the masses:

Fé=F"=0. (2.11)

Spring forces: The forces that act on the springs between the masses and the
boundary are different for the cases of the open and the closed glottis. For the open
glottis the force is given to

F' =k, (z + ni,2°) . (2.12)
k, is the linear spring stiffness for the open vocal folds. The coefficients 1, and n,
describe the nonlinear character of the springs. With the linear spring stiffness k. of

the closed vocal folds the following equation applies to the case of the closed glottis:
F* = ko (v 4 mi,2®) + ke [(2 + 20) + e (7 + 20)%] - (2.13)

The coupling of the masses one to the other yields the following force on the masses:

Er =™z, —xp) ,
(2.14)
Er = E™xy, —x,) .

Damping forces: The damping increases when the glottis is closed (see eq. (4) in
[IF72]). The damping coefficient is then

D = 26Vmk . (2.15)

In this equation, £ denotes the degree of damping of an uncoupled oscillator. For
¢ < 1, the system oscillates, whereas for £ > 1 the system is damped too much (above

critical damping) (cf. [Vog95]).

Mass movement: The movement of the masses is described by a system of differ-

ential equations.
MyZy + Dyity + FC + F™ = F, |
(2.16)
My + Dy + F2 + F™ = F,, .

The equations are iteratively solved using start values of the rest positions.
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Smooth models

The idea of a smooth border line between the “edges” of the VF has been described
by D.G. Childers, who introduces a one-mass model that has been applied to the
simulation of voice pathologies and synthesis of vocal fry [CHMAS6].

The characteristics of a free jet that separates from the VF surface, and the evi-
dence of a moving separation point have been described in theory and measurements
by X. Pelorson et al. [PT94]. As no discontinuities in the pressure distribution over

the glottis occur, the forces on the VF outline can be calculated analytically.

These aspects have been implemented into a two-mass model by N. Lous et al.
[LHVH9S]. Continuous lines between the boundaries and both point masses are as-

sumed as shown in Figure 2.10

This is in contrast to the IF model

that uses stepwise geometry changes.

Another new aspect of Lous’ model
is that, instead of a combination of a
small and a big mass, two identical oscil-
lators on each side of the glottis are used.
Therefore, a reduction of parameters can

be achieved: m; =ma, kY =k}, Db=D5. lungs Ug mouth

The time-dependent channel height A

in the sections between the co-ordinates .

) ) Figure 2.10: Geometry of Lous’ model

of the smooth model ¢ = 0..3 is calculated
as follows:

~hi—hi

Zi — Zi—1

h(Z) (Z — Zifl) + hifl . (217)
Lous assumes a quasi-stationary frictionless and incompressible flow between the tra-
chea and the point z,, where the jet separates from the connection line between the
masses [LHVHOS8|. The pressure difference between the subglottal pressure P, and

the pressure in the glottis P(z) at position z is calculated using Bernoulli’s equation:

Po — P(2) = 5—;’3 <ﬁ _ hi(]) U2 (2.18)

C. Vilain et al. [VPT99, Vil01, VPHT01] describe the flow through symmetrical and
asymmetrical replicas of the VF and focus on a description of the glottal flow in both
cases. In contrast to Lous’ model the two oscillators for each VF are not necessarily

identical, and the model takes into account viscous losses (Poiseuille flow) and the
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instationarity of the flow by adding two terms to the pressure equation (2.18):

Psub_P(z) :szog(ﬁ_th)ng

12p | z1—2 (1 1 z2—z (1 1
+ 219 |:h17h0 hg h% + ho—hy h% hg Ug (2]‘9)
o0z (B 4oz (|

lg h1—ho ho ha—hy h1 g -

For both models, the forces acting on each of both masses m;,7 = 1,2 are calculated

Z— zi1 Lz — 2
— | P(2)d —— | P(»)dz . 2.20
) (Zi - zil) (2)dz + /zz <Zi+1 - Zi> (2)dz ( )

Modified two-mass models

as follows:

F = [

i—

Modifications of the IF model have been done by T. Koizumi et al. [KTH87] with
respect to the geometric properties of the masses and the coupling spring properties.
The models aim at a more realistic voice synthesis. However, the pressure drop across
the glottis is not significantly different from that of the original IF model.

The model of 1. Steinecke and H. Herzel [SH95] has been developed for studies
of voice disorders using methods from nonlinear dynamics. The IF model has been
reduced using the findings discussed in [P794] to a basic description of the resonators,
leaving just the coupling, linear springs and the Bernoulli forces. Due to its simplicity,
the model has often been used for parameter studies (cf. e. g. [TMH'97, JZ01]), and
has recently been extended to a three-dimensional surface [Dre01].

With calculations based upon a simplified IF model, J. C. Lucero [Luc96] showed
that register changes between chest and falsetto register can be associated with a
transition of the spring stiffness k% across a critical value. This interpretation does

not necessarily rely on physical reasoning but indicates the flexibility of the IF model.

2.2.2 Other models

Few other models have been described that differ significantly from the lumped-
element approaches based upon the IF model. However, some approaches are briefly

described in the following.

Multiple mass models

In 1973 1. R. Titze extended the IF model by dividing each mass in a number of 8
masses in longitudinal (y—) direction (I, = 8a) [Tit73, Tit74], subsequently called
T73 model.
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A schematic drawing of the

ARYTENOID
CARTILAGE

-
ol

set-up is shown in Figure [2.11.

The main advantage of such an
approach is the possibility to

model physical modifications and

waves in the longitudinal dimen-
sion of the vocal folds. The
model is described in detail in
section 2.3.

The model of D. Wong et al.
[WICT91] is a hybrid model that
combines the IF72 and the T73

model because it divides the two

masses in each five segments in

longitudinal direction. However,

the model does not include jet VOCA"'S

generation.
In 1995 B. Story and I.R. :
Titze presented the body-cover x

model [ST95], that adds another
mass to the IF model. One big

. Figure 2.11: Schematic set-up of the 16-mass model
mass is coupled to the boundary (after [Tit73])
(thyroid cartilage) and to each of
the other two small masses by
non-linear springs and damping elements. The small masses are coupled with a linear
spring. In this model, the generation of a free jet is assumed. The jet separates from
the minimum glottal area. Another difference to the IF model is the neglection of

viscous losses and the pressure drop due to the inertance of the air.

Rotational model

Instead of using two masses with one translational DOF each, the rotating mass
model of J. Liljencrants [Lil91] replaces one translating mass by a rotational DOF of
the one mass. Another new idea is the description of the mass surfaces as rounded
areas. The model assumes a free jet that separates from the surface. Depending on
the jet diameter, a pressure recovery coefficient is assumed that varies from 0.21 to
0.69. The model aims at a simple description of the complex VF movement rather

than at a most physical modeling of all parameters involved.
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Mechanical models

A physical VF model can also be a replica of the biomechanic setup of the vocal folds.
Most models are optimised for the examination of basic physical aspects like tran-
sient flow characteristics [HPH'96] or fold tissue investigations [AT91]. H. Saweda
and S. Hashimoto [SHOO] built a completely mechanical vocal fold model. Only few

mechanical models are suitable for the synthesis of the human voice.

Fluid dynamical models

Numerical approaches to solve the Navier-Stokes equations for the glottal flow have
been demonstrated by e.g. J. Liljencrants [Lil89] and X. Pelorson et al. [PLK95],
who calculated the particle movement through a 2-dimensional channel with a glottis-
like geometry. However, a 3-dimensional solution of the Navier-Stokes equations is
not possible, and the calculation with dynamically changing boundary conditions is
numerically very expensive.

Another approach for the description of the fluid dynamic characteristics of the
flow through a constriction like the glottis is the vortex-blob method [Hof98|. The
method requires a two-dimensional, incompressible and inviscid flow and high Reynold
numbers. The Reynold number is an index for the significance of viscous forces in the
flow [HPH*96]. However, it enables the visualization of the vortex shedding and the
flow separation at the glottis. Therefore, it is mainly used for investigation of basic

flow behaviour rather than for voice synthesis.

Finite element models

In 1996 F. Alipour and I. R. Titze presented a two-dimensional model for the airflow
and vocal fold movement [AT96].

Recently, F. Alipour and D. A. Berry presented a finite element (FE) model of the
vocal folds [ABO1]. A finite element model is very different from the 2-mass approach
because it does not assume lumped elements but describes geometry and physical
properties of the VF tissue with a huge number of very small elements. With respect
to accuracy of the VF description, a FE model is a very good solution if all properties
of all elements and their relations are known. Two major drawbacks are associated
with such models: due to their complexity, the calculation times for dynamic modeling
of VF motion is quite high. Therefore a real-time calculation of the movement is not
possible, yet. The other problem is the availability of the huge number of parameters
for the accurate description of the vocal folds. As described in section 2.1, the VF
consists of several layers of tissue that prove the inhomogeneity and anisotropy of the
VF structure. A correct modeling would require knowledge of stress-strain relations

in all dimensions of the VF.
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2.3 Implemented model

The model presented in this thesis is based on the 16-mass model developed by I. R.
Titze [Tit73| but includes some more recently published modifications. These addi-
tions are marked with bold text and will be summed up in section 2.3.5. The values
of parameters used in the equations are discussed in section |2.3.4.

The implemented model differs from the models that are described in the previous

section in the following features:

e Modeling of modal, head and falsetto register is possible

e Variation of individual masses or spring stiffness in an arbitrary number of

sections allows simulation of e. g. singer’s nodules

e All parameters can be changed and pressure or flow values can be monitored

during calculation

Set-up: Figure 2.12 illustrates the geometry of the model.

Flow ﬂ dm
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Figure 2.12: Sectional view (top) and side view (bottom) of the implemented model

The arrangement of n masses m,,;, with ¢ = 1..n represents the vocalis muscle,

m,; represents the mucosa membrane. Each of the big masses m,; is connected to
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the boundary by a spring with stiffness £° and damping D, and to the small mass
My, by a spring with stiffness £ and damping D™.

The most important difference between this model and the IF model is the segmen-
tation of the VF in n segments. The sum of the arbitrary number of n segments
of width a is the longitudinal length [, of the VF. There are no springs between the
border and the small masses m,,, which is more close to the actual configuration of
the vocal folds, because the mucosa membrane is not directly attached to the cricoid

cartilage. In Titze’s model, the number of 16 masses is fixed.

2.3.1 Forces

In direction of the co-ordinate x, six different kinds of forces F' act on each wocalis

2 is neglected

mass m, ;. One more force, the gravitation force m,-g with g = 9.81m s~
as in [Tit73]. This can be justified by the fact that the effect of the gravitation force
can be understood as an offset of the rest positions of the masses.

Four of the six forces on each vocalis mass m,; are the following:

1. forces due to tensions between a mass and the two neighboured vocalis masses

Myi—1 and m, ;11 (denoted by a superscript index T),
2. spring forces to the coupled mucosa masses my,; (index m),
3. spring forces to the bordering cricoid cartilage (index b), and
4. contact forces during closure of the glottis (index c).

The forces on the mucosa masses are described in appendix D because of better
readability of the text.

Tension forces

Titze uses an exponential relation between tension 7; and the resulting strain (elon-
gation) S; = (r; — 110)/ro of the ligamentum vocale tissue that was measured by van
den Berg [vdB60]:

St = Simas (1 - e_T_ll) , (2.21)

with S} mee = 0.3 as the maximum strain and the coefficient 7; approximates 350 kPa.
Similar equations with exponential stress-strain relations were derived for the vocalis
and mucosa tissues. If the equation is solved for T; and multiplied with the surface

thid; of the ligament section, FZT is the tension force on the ligament:

F'' = —thdmIn (1 - SSl ) . (2.22)
l,mazx
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The nonlinear relations beween stress and strain in the wvocalis and mucosa tissues
have been determined more detailed by F. Alipour-Haghighi and I. R. Titze [AT91] by
measurements on excised larynces of dogs for stress-strain curves for 0% < S < 40%.
The VF of dogs do not have vocal cords (ligamenta vocales) but are very similar to
human VF. The nonlinear stress-strain curve is expressed by the polynomial
equation (2.23).

T) = (0.4 +42.35, — 341.957 + 113257) kPa. (2.23)

The force F; is a sum of the forces Fj" on the ligamentum vocale and the vocalis

stress TUT and active stress T}, . that act on the surfaces th,d, of the vocalis:
FYfy = FF + thydy(T) + Tyaat) - (2.24)

The active stress T}, 4 is caused by the action of the muscles cricothyroideus and
vocalis and is one of the most important parameters for the control of the model.
The tension forces in x—direction between the neighboured wocalis masses is then

given to:

Tyi-1— Tyi Ty — Ty
T Y-l V,0 T v,2+1 V,0
- Fv,i r + Fv,i—H r ) (225)
v, v,1+1

where r denotes the distance to the neighboured element. In z—direction, a similar

T
Fz,v,i
equation applies:

Zui—1 " Rvi Zui — Zui
T T ~v,i—1 v,0 T v,241 v,
Z0,0 T T v, + Fv,i-{—l . (226)
Tvi Tvit+1

Spring forces

The spring forces between the vocalis and the mucosa mass that are applied in the
implemented model differ from the 16-mass model in the nonlinearity of the con-
necting springs and the differentiation of the spring stiffnesses in xr— and

z—direction.
Fzrtlv,i = —k;ﬂ ((xv,i — xmﬂ-) + nlsz(l'vﬂ‘ — Im,i)g) . (227)

The nonlinearity factor n takes into account the saturation effect of the spring for large
elongations. A similar equation applies for the force in z—direction, with exception

of a shifted rest position z, ,, o of the mucosa mass relative to the vocalis mass:

F7 = _k;n ((Zv,z’ — Zmyi + Zv,m,O) + 77;27}2(2@,1‘ — Zmyi + Zv,m,0)3) . (228>

The forces in x— and z—direction to the bounding cartilago cricothyroideus are non-

linear as well:

FL i ==k (@i — o) + 1o (Toi — Towi)?) (2.29)

le'),v,i = —/{32 ((zui - 2071)71') + UZ,Z(Zv,i - Z07v,i)3) . (2.30)



28 CHAPTER 2. VOCAL FOLDS

Contact forces

The contact forces represent the non-linear change of stiffness of the vocal fold tissue

during the closed phase. In z—direction

(2.31)

c — k;v (U)U + ng,m,vwg) for Wy < 0 X
x,0,1
0 else.

71 denotes the nonlinearity coefficient for the stress-strain curves. A similar equation

applies for the contact force in z—direction:

k¢ (z = Zpi— 2
2,0 \“ 1,1 v, v,m,0 thim+th,
: gy for zp; < z,,; + Pt
FC oo =< T Mizw (2mi — Zvi — Zom0) ) (2.32)

2,0,

0 else.

Damping forces

The fifth force is given by the damping force

d
Fx,v,i

= _Diid(xv,i_xv,i71>_D51+1d(xv,i_$v,i+l)_Dﬁid(xv,i_xm,»_Diyij:v,i (233)
in x—direction, and

Fd

2,0,1

= —D!d(20i—20i-1) — DL 11d(20i— 2041) — DTsd(205— Zmi) — D 20 - (2.34)

in z—direction. The damping coefficients for the coupling springs to the neighboured

elements are

T Fi
Dv,i = 2§’U,i My— . (235)

Tu,i

The damping coefficients for the connection to the mucosa mass in x— and y—direction

D;’?i =26, /mmkgj‘i and D7 = 26", /mmk‘g?i , (2.36)
and to the border
DY, =260\ /mykb; and DY, =280\ /mukl, . (2.37)

This approach differs from Titze’s model, where all springs are represented as one

are

equivalent spring constant that sums up the effect of all springs:

F .8 F .8
hppg = 2t IOy b, (2.38)

T Tvi+1
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Aerodynamic forces

The last force is the aerodynamic force F'®. Its value depends on the pressure upon
the mass and the absolute and relative position of the masses. In direction of the
co-ordinate z, the following equation applies for all cases:

Fll

2,01

= Popd,a . (2.39)
The following cases must be distinguished for the wocalis mass in direction of the
co-ordinate x:

( P,ithya for A,, < A, (convergent), open glottis;
P,th,a for A,, > A, (divergent), open glottis;

Fr,. = Ppthya for A, =0,A, >0, closed glottis; (2.40)
0 for A,, >0,A, =0, closed glottis;
\ 0 for A,, = A, =0, closed glottis.

The pressures P, and P,, on the vocalis mass and the mucosa mass are derived in the

following section.

2.3.2 Pressures

In this implementation jet separation is assumed, and therefore only two differ-
ent glottal sections are distinguished. This is in contrast to Titze’s 16-mass model,
where the pressure distribution of [IF72] (cf. page[18) is adapted with modifications.
In a more recent paper [ST95], B. Story and I.R. Titze describe the pressure distri-
bution that applies when jet generation is assumed. The following assumptions are
made in [ST95]:

e Jet separation takes place at the beginning of the masses that determine the

minimum area of the glottis.

e For the convergent case the Bernoulli equation is applied to the first section

(subglottal to minimum area).
e The jet diameter and the pressure in the jet remain constant within the glottis.
e Pressure recovery takes place according to [IM72].

In [ST95] the pressure P, on the vocalis mass are calculated under the assumption

of flow separation at the smallest area A,,;,. In the divergent case the whole glottis
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is within the jet regime whereas in the convergent case only the mucosa mass resides

in the jet regime. For the pressures the following equations apply:

i __1

Az a2 .
Py — (Poup — Poup) 7im—=4— convergent glottis;
P _ A?nin A?ub
v ke
AZ . .
Pyyp — (Psup — Psup) 72— divergent glottis.
A721L'Ln Agub
The pressure on the mucosa mass is
ke
Az
Pm:Psup_(PSUb_Psup>ﬁ
Az T A2

min sub

(2.41)

(2.42)

Note that the same pressure applies for the cases of convergent and divergent glottis.

An illustration of the variables in
(2.41) and (2.42) is given in Figure
2.13. Py, and Py, are the sub- and
supraglottal pressures, A, and Ay,
are the sub- and supraglottal areas,
Apin 18 the minimum area in the glot-
tis, k. is the pressure recovery coeffi-
cient as defined in (2.8)), and A, is the
area between the vocalis masses.

From these assumptions the fol- )

glottis
lowing modifications are made for the

present implementation:

Figure 2.13: Geometry and pressures at the

e The jet separation point is fixed at the discontinuity between the masses.

Looking at Figure most of the mucosa mass is located downstream of the

minimum glottal area for all instants of the glottal cycle.

e The jet separates the dynamic pressure from the mucosa surface. As a conse-

quence, no Bernoulli forces but only the stationary supraglottal pres-

sure act on the mucosa masses.

The assumptions above yield the following equations for all glottal geometries:

1 __1

AZ A2,
R— SUu
Pv — L sub — (Psub — Psup) 1—Fe 1 )
a2 . a2
min sub

P, = Py, .

(2.43)
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2.3.3 Glottal flow

The volume flow through the glottis is calculated from the pressure drop across the
glottis opening. The flow is relevant for the acoustic pressure modulation at the
glottis exit.

Figure shows the setup of pressures near the glottis when the VF model is
inserted into a waveguide.

The index '+’ denotes pressure
acoustic waves p travelling towards

. S R >

the mouth whereas variables with in- b
dex '—’ indicate the opposite direction.
, Rung —>
The resulting pressure below the glot-

tis Ps,p 1s the sum of the waves to and R

from trachea psiub and the nearly sta-

tionary lung pressure Fjyng
Figure 2.14: Geometry and pressures in the

_ waveguide
PSUb = pjub + Poup + Plung . (244) &
The pressure Pk, above the glottis is
Psup = Pgup + p;rup : (2.45)

In the glottal section between subglottal and minimum glottal area, the pressure is
determined by the Bernoulli equation (2.1). At A,,;, the following equation applies

for the pressure:

1 1 1
Pa . Bern = Pap — =pU? . 2.4
AminsBern. = o = 5Us <A?nm Aiub) (240

Downstream, the acoustic pressure is calculated differently from the stationary pres-

sure in (2.43):
1

Pu,jet = Poup — pk U; e (2.47)
The combination of (2.46) and (2.47) yields the transglottal pressure P,,:
Fig = Pop — Poup = pk U; <1 A?nie A;) : (2.48)
Flow continuity enforces the same flow up- and downstream from the glottis:
Uy = “a(ply = Pap) and
(2.49)

Asu —
Ug = p(psup psup) :
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With the abbreviations k; = 1 — k. — (Apin/Asw)? and % = Al -+ ﬁw , the flow

in the glottis U, can be written as a combination of the equations (2.49), (2.44) and

(2.48):

CAmm Amm Amin 2 k’t B
TR i%( ) 2 Okt Pl =) (50

The acoustic pressure waves that leave the glottis in direction of the lungs and the
vocal tract can be calculated with (2.50) and (2.44/2.45):

ps_ub :p:ub—'—ﬁUg ) 951
To—pT L (2.51)
psup psup Asup 9

It is assumed that the flow-induced pressure waves ﬁipUg generate an acoustic point
source. The produced sound wave pf, , does not contribute to the calculations within
the glottis since the jet separates it from the static pressure downstream of the glottis.
Upstream of the glottis, no reflected waves from the lungs have been taken into

account, yet.

Mass movement: The motion of the masses can be described according to New-

ton’s law:

MpFpi = Fl  + "+ Fe o+ FS .+ FY

0,0 T,0,% T,0,% T,0,% T,0,%

+Fr (2.52)
For the mucosa mass, the equations are given in appendix/D. A detailed description of
the implementation of the model can be found in the thesis by Nils Alhduser [A1h99)].

2.3.4 Parameters

Physical modeling of real structures is limited by the accuracy of the parameters used
as well as by simplification of physical laws. For the vocal folds the parameters are
difficult to obtain because direct, in vivo, measurements of material properties such
as tissue density and stiffness are impossible. Some properties of the vocal folds such
as tensions or geometric dimensions can be measured with accuracy, but others are
difficult to obtain, such as values for damping [HMOI92, TK68]. Most parameters
have been derived indirectly [IK68] by measurements on the human voice organ and

some have been derived from excised canine larynces.



2.3. IMPLEMENTED MODEL 33

Masses

The masses are calculated from the dimensions and the tissue densities derived from

measurements of excised larynces.

My total = thvoc.dvoc.lgpv +thldllgpl 5
—_———— —
M’uoc.,total Mlig.,total (253)
M total = thmdmlgpm .

For non-pathologic configurations the total mass is distributed homogeneously over
the vocal fold tissues. Therefore, each of the n,, mass segments has the fractional

mass

__ My total
T T (2.54)
_ M total ’
my, = 7nm .

In Table 2.1 the geometrical and physical values for the fold parameters are listed. The
geometrical and mass properties differ significantly for different registers of phonation.

The modifications from the modal registers are explained in detail in section [6.3.1.

Table 2.1: Geometrical and physical properties of the vocal fold model, configuration for
modal register

Length Width Thickness Density Mass

mm] | [mm] | [mm] | [mg/mm?] jme]
Vocalis lg =14 | dy, = 2.5 | thy = 2.5 | py = 1.04 | myoc. totat = 91
Ligamentum vocale | lg =14 | dy = 1.0 | thy = 1.0 | pp = 1.04 | myg. totar = 15
Mucosa ly=14 | dy, = 1.0 | thy, = 0.5 | pp = 1.02 | My totar = 7

Glottal gap

In the rest position of the VF, the glottal gap is responsible for the initial VF move-
ment, a possible glottal leakage, and the open quotient (OQ) of the oscillation cycle.
If the VF are closed in the rest position, no oscillation would start because no air
flow exists. If the VF are too distant from each other, the VF would not start a
regular cyclic movement because the VF would never close. The open quotient is the
ratio between the amount of time in each cycle when the glottis is open and the total
oscillation period. With the help of high-speed recordings of the human VF, the OQ
has been measured to be 57..84 % for healthy subjects [CHM*90]. The OQ differs
with the singing style and varies significantly in pathologic voices. With the standard
configuration of the developed mode7 a glottal gap of

wo, =2.5-10"?mm ,

!The standard configuration is the sum of all parameters for the modal register that are explained
in this section.
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an OQ of about 70 % is achieved. The model allows an individual adjustment of the
anterior and the posterior attachment of the VF to the boundary. The values for
the distance of one fold to the symmetry line can be varied between —0.2 mm and

0.8 mm. This makes it easy to model asymmetric glottal gaps and glottal leakage.

Spring stiffnesses

By observations of the VF movement a phase difference between the mucosa and the
vocalis tissues was found. The mucosa masses follow the wvocalis tissue with a phase
lag of approximately 55°. This phase lag could be reproduced with the model with the
following adjustments of the stiffnesses of the spring that couple mucosa and vocalis

masses:
kM= k™ =2Nm™ .

T

The factor for the nonlinear character of the springs is
nknfx = 77,’32 =1-10"*m™2.

The spring stiffness that couples the wocalis mass to the cartilago cricothyroideus
supports the active stress T), 4+ of the vocalis muscle and ensures an oscillation for
small values of T}, ,:. Measured values are not available, but
kb =k =3Nm™!

has been proven to yield acceptable results for the standard configuration [Alh99].

The contact springs have not been measured yet, because of the impossibility to
derive the deformation forces during contact of the VF in vivo. In fact, the contact
springs have the task to model the deformation during the compression of the VF.

The values for the contact forces have been first determined for the IF72 model and

were used in most models since then:
kS, =3-k2 =9Nm™,
kS, =k, =3-kI' =6Nm™',
ks m =0.125Nm™! .

Damping

The damping values are used according to [ST95]. For the open glottis the damping
is

& =04,

T

ero=gh=g=02.
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For the closed glottis the damping is increased by 1 as assumed by [IK68].
Er =14,

r 253252:1.2.
Active stress

The value of T, 4. varies between 0 and 100 kPa after I. R. Titze [Tit73] but is assumed
to be in the range 60..140kPa after F. Alipour-Haghighi et al. [ATP89]. For the

implemented model, a standard value of 30 kPa has been chosen.

Subglottal pressure

After G. Fant et al. [FHKLI7] the subglottal pressure P;,;, has values between 400 Pa
and 800 Pa. However, Py, can be significantly bigger when a loud voice is generated
[MEVT78]. With rising subglottal pressure, the amplitude rises, and the fundamental

frequency of the voice signal increase slightly [BF94]. Most models use a value of
Prung = 800 Pa.

In this model, the lung pressure is not “switched on” but follows a ramp of the shape

Prng = % (1 + tanh (”Ig’o)) over 30 samples.

2.3.5 Summary of modifications

The differences to the 16-mass model of I. R. Titze [Tit73] and the body-cover model
of B. Story and L. R. Titze [ST95] are the following:

e The coupling spring between mucosa mass and vocalis mass is replaced by a
combination of a nonlinear spring and a damping element in x— and z—direction

for each segment.

e The coupling spring between wocalis mass and the boundary is replaced by a
combination of a nonlinear spring and a damping element in x— and z—direction

for each segment.

e The exponential stress-strain curves of the mucosa and vocalis tissues in [Tit73]

are replaced by a polynomial description [AT91].

e Jet generation and separation within the glottis is assumed. The position of the
separation is chosen in dependence from the actual positions of the masses close
to the smallest area within the glottis. The Bernoulli equation (2.1) is assumed
between subglottal area and minimum glottal area. The diameter of the jet
remains constant between the separation point and the supraglottal area. The

pressure within the jet is assumed to be constant.
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e Pressure recovery behind the separation point is assumed according to [I[F72].

e The glottis model has been integrated into a waveguide model.

2.4 Simulations

Before the calculation of the mass movement starts, constants and variables that
determine the boundary conditions for the equations are defined. Constants are e. g.
air density po and speed of sound at 37 °C. Variable, i. e. user defined, parameters are
e.g. the lung pressure P4, the active stress on the vocalis T), 4., the spring stiffnesses
k and masses m of the oscillators. In literature usually a symmetric glottal gap is used
due to the 1-dimensional DOF of the mass motion. The implemented model allows a
more realistic configuration (e.g. triangular) of the glottal gap, as illustrated in the
following simulations. The parameters can be changed during calculation and allow
sample-wise modification. In chapter 6.3 simulation results of further configurations
relevant for the singing voice synthesis are presented.

Figure 2.15 shows the setup of the graphical user interface (GUI) for the settings
of the vocal fold model. One VF is shown from above, with the glottal gap situated
to the left.

0 0.5 1 15 25 3

glottis View from top, X [mm] —-

Mumnber of mazzes Anter. fold dist, Jumn YT ertrance rad. [
Tl r[11 BN T »fs
S pring stiffn. krn [N/l Poster. fold dist. [urm] Trach. entr. rad. [mm]
4i | >l 2 4 b 105 1 M3

Spring stiffn. kb IM/ml
4 v 3 defaults

v N

Figure 2.15: Parameter input (GUI) for the VF simulation (left) and position plus orien-
tation of the model in the human body (right)

In this representation, the air flow passes the glottis in z—direction from below.
The dark grey areas represent the wvocalis masses whereas the light grey areas show
the positions of the mucosa masses. On top of the masses, a number indicates the

weighting factor of each mass. Below, the number of longitudinal masses, the spring
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stiffness, the distances of the anterior and posterior rest position of the VF, and the
entry radii of the sub- and supraglottal areas can be adjusted.

In Figure 2.16 the deflection of the vocal fold masses is shown for the above
configuration of the modal register. In this visualization standard values for the VF

have been chosen.

z [mm]
oanN O N

10 2 3 S
ymm] 00  “x[mm]
(a) 3D view

N ON D
™

z [mm] ——>

0 5 10 -
y [mm] -—>

(b) Side view

-2 0 2
X [mm] ——>

(¢c) Top view

Figure 2.16: Deflection of the masses for modal register

Part (a) of the Figure presents a 3-dimensional view of the right VF model, seen
from the rear left side. The middle part (b) of Figure[2.16 shows one vocal fold from
the side. The left dark border represents the cartilago cricoidea, whereas the right
dark border symbolizes the cartilago thyroidea. It can be seen that the subglottal
pressure pushes the VF upwards. In part (c) both VF are seen from above. The
phase offset between the mucosa masses and the vocalis masses during the closing of
the VF can clearly be observedﬁ

Figure|2.17 shows the areas, the pressures, the flow, and the flow derivative during
calculation. The picture at the top of the Figure 2.17/illustrates the constant values
of the subglottal area Ay, (thin line) and the supraglottal area A, (dashed line),

2 Animations of vocal fold movements for selected configurations can be found at the internet
page http://www.akustik.rwth-aachen.de/ malte/vox.
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Figure 2.17: Result of modal register simulation: areas, pressures and flow

plus the variable minimum glottis area A,,;, (thick line). The picture in the middle
visualises the rise of the lung pressure pj,,, (thin line) and the development of the
supraglottal pressure wave pf . (thick line, cf. eq. (2.51)). In the picture at the
bottom of Figure 2.17 the flow (thick line) and the flow derivative (thin line) are
shown.

The configuration was chosen so that the vocal folds did not close completely
(set-up as in Figure(2.15). Further results of calculations with user defined parameter

variations can be found in [Alh99].
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In Figure [2.18/ the forces on the vocalis masses are pictured. The forces on the

mucosa are not shown since they are small compared to the wocalis forces. The

-3

x 10

P N
zVv X,V

x107°

0 5 10 15 20 25 30
Time [ms]

Figure 2.18: Result of modal register simulation: forces on the vocalis masses

upper picture displays the aerodynamic forces in z—direction (thick solid) and in
z—direction (thin solid). It can be observed that the subglottal pressure pushes the
vocalis masses continuously upwards (z—direction), and the Bernoulli force pulls them
together in the open phase of the glottal cycle. The graph in the middle demonstrates
the coupling forces, and the graph at the bottom of Figure 2.18/shows the damping

forces that act on the vocalis masses.
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2.5 Discussion

The better a model of the vocal folds imitates the behaviour of the human VF, the
more complex the calculations become and the number of parameters increase drasti-
cally. The problem is to find a compromise between complexity and the applicability
of a physical VF model. Real time calculations can be achieved only with simple mod-
els, but models that are capable of imitating e. g. voice pathologies require a certain
complexity and more than two translational degrees of freedom.

The oscillation of a model is not a concern, as shown by the simple IF model or
the symmetric model of N. Lous. Further interpretations must be done with care
since the aerodynamic details of the VF oscillation cycle are very complex. One of
the phenomena that remain to be modelled is the description of the pressure increase
due to the closure of the vocal folds. It is expected that the rising pressure acts
as an additional spring force on the VF that causes a delayed closure. This delay
could reduce high frequency components in the glottis signal that are observed with
most VF models. A further problem is the calculation of the jet separation point for
complex VF geometries. The implemented model assumes a fixed separation point
that is sufficient for self-sustained oscillation but simplifies the actual aerodynamics.
More complex algorithms like those of N. Lous et al. [LHVH9S8] or X. Pelorson et al.
[P794] should be adopted for the implemented mass model.

Modified two-mass models have been investigated for modeling of voice patholo-
gies [Mer98, Dre01, HDST01, DAO1]. There is certain interest in the medical field
of communication disorders to apply the knowledge of voice generation to diagnosis
and therapy of singers who suffer from pathologies such as edema or singer’s nod-
ules. The resulting pathological change in voice quality is generally called hoarseness.
Acoustic measures for quantification of the pathologic voice change have been derived
by many authors (e.g. F. Klingholz [K1i86], D. Michaelis et al. [MGS97]). A mea-
sure for pathologic laryngeal configurations called muscle tension patterns (MTPs)
during singing has been introduced by Koufman [KRJ*95]. Especially for the case
of pathologic voice, some attempts are being made to relate extracted parameters
from simple models to clinically relevant measures. It should be mentioned that a
risk of physical modeling is the interpretation of results from an oversimplified model
without sufficiently implemented physics behind it.

The present model aims at modeling complex VF movement with a minimum of
parameters. The degree of complexity can be chosen by the number of segments along
the length of the VF. In section 6.3 the application of the model to the synthesis of
pathologic voices is presented.

The results of the simulations seem to match quite well the data published from

authors who implemented similar algorithms [Tit73]. However, the results have not
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yet been compared directly to measured supraglottal pressures or glottal flow values.
The following paragraph describes a possible way to derive such values from direct

measurements.

Measurements: For verification of the quality of the calculated VF signals a direct
recording of the glottis sound pressure signal could be performed. In the following,
such a procedure is described:

A miniature microphone (Sennheiser KE 4 211-4 [Sen00]) is put through one of
the nostrils and placed close to the glottis. This procedure is done under supervision
of a doctor due to the danger of a glottis cramp that can occur if an object touches
the vocal folds.

Another microphone of the same type is placed close to the mouth at a fixed
position relative to the head. When the pure glottis signal is to be determined, some

problems have to be solved:

1. The signal is not independent of the surrounding structure. Reflections from
the vocal tract superpose the generated sound field. Perceptually, the timbre of

the glottis signal is not independent of the articulated phoneme.

Two possibilities are proposed to compensate for the effect of the reflections

from the vocal tract:

e Damping of the reflected waves by application of e.g. damping tissue in

the mouth cavity

e Equalization of the input impedance of the vocal tract.

2. The sound pressure level inside the glottis is rather high (up to 140 dB). Thus,

standard microphone types cannot be used.

3. To achieve only few interference of the measured sound field with the sound
pressure transducer, the microphone should be as small as possible and placed
just above the glottis under observation of a doctor using a mirror or an endo-

scope.

4. One problem with microphones in this humid environment is that the sensitivity
drops drastically at frequencies above about 3000 Hz when the opening of the
microphone capsule is covered by liquid. To protect the capsule against humid-
ity it was covered by a shrinking tube that leaves about 5mm space between
membrane surface and the acoustic field. Liquid that blocks the opening of the
tube can be removed by carefully blowing into the inlet of the capillary tube.
This makes it possible to perform measurements without the need to extract

and clean the microphones.
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Chapter 3

Vocal tract

The vocal tract can be defined as the space downstream the glottis that ends with the
mouth cavity vestibulum oris or the nostrils. During phonation for speech production
the vocal tract geometry is changed intentionally to yield the target sound e. g. vowel
or consonant. The geometry change is achieved by contraction or relaxation of several
muscles that move tongue, lips, jaw, velum and pharynz. The transition between
different sounds requires an instantaneous change of numerous control parameters.
In this chapter, section 3.1/ gives an overview of the geometry of the vocal tract.
Section (3.2 presents models for the mathematical description of the vocal tract. In
section two implemented models are described. Section (3.4 contains results of
simulations using these models. In the last section measurement methods for

acoustic properties of the vocal tract are presented.

3.1 Biomechanics

As a first rough estimate, the vocal
tract can be described as a tube with
space- and time-varying cross-section and
variable length of about 14.5..17cm for
women, 17..20cm for men and 7..10cm
for children [Sun87].

The nasal tract extends from the
velum to the mnostrils and is important

for the generation of nasal sounds like [g].

For vowels the nasal tract is not strongly

coupled to the supraglottal volume and

therefore the generation of nasal sounds Figure 3.1: MRI photo of a singer’s head in

will not be considered further on. the sagittal plane during phonation of [a:]
In Figure 3.1 an MRI plot of a singer’s
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head is shown in the sagittal plane for configuration of the speech sound [a:]. The
black cavity that extends from the narrow passage at the larynx to the lips is the
vocal tract (VT). The most important muscle for geometrical changes of the vocal
tract is the tongue. It allows fast variations of the vocal tract diameter in a huge
range. Other relevant organs for modification of the VT are jaw, velum, teeth and

lips.

3.2 Vocal tract models

For modeling of sound propagation through the vocal tract several approaches with
different degrees of accuracy and computational effort are possible.

When the interaction be-

tween the vocal tract and the
Supraglottal
pressure = ——> other functional components is
(from VF) |, Mouth
pressure considered, the schematic signal
Area function Vocal del
for selected "] ocal tract mode flow given in Figure 3.2 can be
phoneme Supraglottal .
L » pressure rawn. From the input parame-
Boundary ___ ) (to VF) .
conditions ters the supraglottal pressure is

the most important. The pres-
Figure 3.2: Function sketch of a vocal tract model ~Sure wave travels through the V'T
and is radiated at the mouth.
The vocal tract area functions are determined by the articulatory constrains and

vary in a broad range for different speech sounds [Kro98].

3.2.1 Finite element models

The most accurate approach for a description of the vocal tract would be the dynamic
solution of the 3-dimensional wave equations, based upon a finite element mesh from
3-dimensional vocal tract data. Such an approach including aeroacoustic features
such as losses and noise generation due to turbulences and vortices has not yet been
realised. There are a number of reasons why this approach cannot be applied at
present:

At first, the corpus of data needed for the construction of meshes for various speech
sounds is still far from being complete. 3-dimensional MRI data from vocal tracts
are difficult to obtain due to the time (and the money) needed for the 3D-scan of the
head. Nevertheless, some effort has been made to build a database with such data
[Kr600, KWMPO00, ST96].

Secondly, a calculation based upon the finite element method (FEM) or finite

difference method (FDM) must be carried out in the frequency domain. Therefore
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it is only valid for stationary sounds. In the special case of singing voice synthesis
the boundary conditions change rather slowly but despite this fact the calculational
effort is quite high for an appropriate frequency resolution of the output signal.

FEM models can be used to calculate basic properties of the vocal tract. An ex-
ample of this could be formant frequencies for stationary sounds such as long vowels.
It has been shown by S. El-Masri et al. [EPSB98] by using the transmission line ma-
trix (TLM) method, that the reduction of multidimensional wave propagation to one
dimension can cause significant errors when calculating the vocal tract transfer func-
tion for frequencies above 5 kHz. However, damping of the voice signal for frequencies
above 4 kHz is rather strong and the quality, i. e. the relative bandwidth, of the reso-
nances at high frequencies is rather poor due to the increasing losses with increasing
frequency (discussed in paragraph “losses” in the following section). An important
point is that zeros that can be measured in the vocal tract transfer function [Pha95],
cannot be simulated using a 1-dimensional waveguide model.

In general, the accuracy of a finite element calculation is limited by the uncertain
estimation of the boundary conditions such as wall impedances, the exact form of the
vocal tract, and the radiation impedance at the glottis and at the mouth. Another
problem is the formulation of the aerodynamic equations in the vicinity of a complex,
3-dimensional and time-variant valve like the glottis.

The detailed information of a 3-dimensional mesh of the vocal tract is often re-

duced to a 1-dimensional acoustical model, the plane wave guide model.

3.2.2 Plane wave guide

The classical approach for modeling wave propagation in the vocal tract is the Kelly-
Lochbaum (KL) model [KL62]. This type of model is also referred to as disc model,
cylinder model or waveguide model. It assumes a 1-dimensional plane wave that
emerges from the glottis end of the vocal tract and travels through a line of con-
centric cylinder segments with different cross-sections to the mouth or nose opening.
Since the transitions between adjacent cylinder segments represent discontinuities in
the area function, the number of segments must be sufficiently high for an accurate
approximation of the real VT. The structure of the KL model is illustrated in Fig-
ure 3.3l The upper picture shows a sectional view of the cylinder segments, and the
lower picture represents the signal flow chart for a waveguide model. The boxes with
the letter R represent a multiplication with the reflection coefficient R, the letter T

! represents a delay of the

denotes the transmission factor 7', and the expression z~
travel time between two subsequent segments. At each discontinuity between sub-
sequent cylinder segments a part of the wave is reflected in the backward direction

and one part is transmitted in the forward direction. At each time step and in each
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Glottis Mouth

Figure 3.3: Schematic pressure flow in the waveguide model

segment, the resulting wave can therefore be regarded as a superposition of two waves
that travel in opposite directions. A comprehensive study of the wave propagation in
space and time has been done by J. Liljencrants [Lil85]. The following description is

based on this work.

Static line model: At each junction of two segments, the two waves can be rep-
resented either as pressure waves P or flow waves U. Both representations can be

converted one into the other using the equation

U:P%. (3.1)

A is the area of the cylinder segment, p is the density of air, and ¢ is the speed of

sound. The expression
P pc
Z = — = —
u A

is the acoustic impedance in the cylinder segments. In the following, the pressure

(3.2)

representation will be used. However, the flow representation is possible as well and
yields the same results with exception of differences for extreme parameter combina-
tions (big flow through a very small passage) where the pressure representation can
yield numerical instabilities [Lil85].

At each junction of two segments, numbered 1 and 2, the incident, reflected and
transmitted pressure waves can be drawn as shown in Figure 3.4. In every segment
at all times the pressure P is the sum of the forward wave p, (towards the mouth)

and the backward wave p_ (towards the lungs):

P=p,+p_. (3.3)
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Figure 3.4: Scattering of waves at a junction of cylinder segments

On both sides of each discontinuity, the continuity of pressure and flow must be

fulfilled. This leads to the following equation for the time-averaged pressure waves:

D1+ + P1— = pay + D2 . (3.4)

A similar equation applies for the time-averaged flow waves:

Pi+ —P1— _ P24+ — Pa— . (3.5)

A Zy

Rewriting (3.5) with (3.2) yields:

(P14 = P1-) A1 = (P2 — p2-) Az . (3.5b)

The combination of and (3.5b) results in two equations for the unknown pressures

on each side of the discontinuity:

2A1p14 + (A2 — Ap)pa

Doy = A+ A, and
(3.6)
D = (A1 — Ag)pry + 2A9p
- A+ A, '

The definition of the reflection coefficient

A=Ay Zy—- 7
Ry = = 3.7
DTN YA 2+ 2 (3.7)

allows the simplified form

por = (14 Ria) - p1y — Ris-po—  and
P1- = Ris-prir + (1= Ryo) - pa

for the unknown pressures.
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Losses: Only a relatively small part of the energy that is inserted into the VT is
radiated at the mouth. From measurements that are described in section [3.5.1} a
difference in sound pressure level (SPL) of 15..20 dB between signals recorded at the
mouth and at the glottis was found. There are a number of ways on which energy

gets lost during sound wave propagation through the VT

e Wave propagation through the glottis towards the lungs
e Wayve propagation into the VT walls
e Vibration of the VT walls due to acoustic excitation

Heat conduction at the VT walls

Dissipation due to laminar and turbulent flow

If the vocal tract is considered as an oscillator, the radiation of the sound at the
mouth can also be called a loss of energy.

For losses that mainly depend on

the flow rather than on the pressure, —
| S|
the energy loss can be expressed by a zZ
loss resistance Z; that is in series with 1
Z; Z
the cylinder segments (cf. Figure 3.5). G
The damping factor D® can then be

expressed by the ratio of Z, to the sum
of the adjacent impedances Z; and Z, Figure 3.5: Electric circuit for losses
in the cylinder segments:

1
D? =7 —— fi ial 1 . 3.9
A or serial losses (3.9)

A similar approach holds for losses that depend on the pressure rather than on the
flow. These losses can be represented by a shunt or parallel loss conductance G,

between the cylinder segments. A damping factor DP can then be derived:

AVA
DP =@ Lﬁ for parallel losses. (3.10)
The lossy scattering equations for parallel losses are then
por = (L4 8252 puy — it B o and -
- = 5 ps + (-5 ) e
and for the serial losses
poe = (145255 ) s — BT po- and
(3.12)

_ Ri2+D* Ri2+D*®
pl— - 1+Ds p1+ + (1 - 1+Ds )p2—
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Note that the equations (3.11) and (3.12) only differ in two changes of sign in the
weighting terms for the opposite wave components on each side of the discontinuity.
In Table the damping coefficients for these loss mechanisms are given.

Table 3.1: Losses in the vocal tract (after [Lil85])

Symbol Formular Standard value  Description
Dy - L =3 j;lUg = 0.031 Wave propagation through the
ung

glottis towards the lungs

Db . = WE)% =537 beZ Vibration of the VT walls due

’ to acoustic excitation

D .. = E-Vi =4.71- 10_4ﬁ Wave propagation into the VT
walls

Dy . = 7;21 péf ~  =1610-107%/4 Heat conduction at the VT
walls

5 i = ‘;ZF—Z =5.858-10""-  Dissipation due to laminar flow

D; ., =21/ 275322‘1[{32 =1.234- 10*5% Dissipation due to turbulent
flow

Dy =7,/ Z—j =3.626-10° % Dissipation due to viscous flow

Di,-L =354 =1.429- 10734 Dissipation due to jet genera-
tion (turbulence and noise)

Dp,-L = % =1.795-107°f?A  Sound radiation at the lips

The following symbols have been use: density of air p, density of the VT wall
pw = 1000 kgm ™, viscosity of air y, speed of sound in air ¢ and in the VT wall
cw = 1500 ms™!, glottal flow U,, VT area A, lung pressure P,, VT wall surface
resistance Ry = 12-10% Nsm ™3, specific surface inductance Ly = 20 kg m~2, adiabatic
constant 7, viscosity of air p, thermal conductivity A, and the frequency-dependent

radiation impedance R (cf. section .

Extended plane wave guide models: Quite a number of publications deal with
modification and extensions of the KL model.

In case of fast varying VT configurations, the scattering equations (3.8) and (3.11-
3.12) are no longer valid. Two different solutions for this problem have been published
by S. Maeda [Mae77] and H. W. Strube [Str82]. A discussion of the advantages of
each approach can be found in [Lil85] and [Str00]. However, for the task of modeling

!Standard values for the symbols can be found in appendix
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sustained vowels, the problem of time-variant VT area functions is not crucial and
will not be considered further.

A drawback of the KL model is the limitation of the sampling frequency to the
inverse travel time between two elements. As a consequence, the whole vocal tract
model has to be run at this sampling rate, which is much higher than necessary for
voice synthesis. This problem has been addressed by V. Viliméki [V&l95], who devel-
oped an algorithm for the time-discrete but space-continuous calculation of waveguide
models using fractional delay filters.

Another problem is that the segments must be equally spaced which corresponds
to a local oversampling for parts of the vocal tract that do not change significantly
in geometry.

Recently, H. W. Strube [Str00] showed that the approach of the KL, model can be
extended to take into account variable vocal tract lengths during calculation.

As an alternative to the discretisation of the vocal tract by equally spaced discs,

a recent approach using cone segments is proposed.

3.2.3 Multiconvolution

The continuous time-interpolated multiconvolu-
tion (CTIM) algorithm of A. Barjau et al
[BKC99] is an improved multiconvolution tech-
nique based on the work of J. Martinez et al.
IMAS88, MACS88|. The method described in these
papers uses reflection functions to describe discon-
tinuities in musical instruments, especially wood-
winds.

In the CTIM or cone model wave propagation

is modeled by two opposite waves as in the KL
model, but the propagation is calculated locally at Figure 3.6: Method scheme of the
both sides of each discontinuity (cf. Figure 3.6). CTIM algorithm

An integral method is used for the convolution

of an incident pressure wave p with the time-continuous propagation function o:

L B L & %
Ui(t_Z)_Bi5<t_2>'2ﬁ(t—L/C)1-5e( 7o (3.13)

In this equation L is the distance between two discontinuities, € is the Heaviside unit

step function, B* is the ratio = and B~ the ratio .

coefficient that has been defined by C. Nederveen [Ned69]:

& represents the damping

L
£= ﬂ@m : (3.14)
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In equation (3.14) the factor ¢ depends on ambient conditions [BKC99] and has been
given a value of 0.135 [MACSS|. D,, is the average diameter of two segments.
The reflection and transmission of waves at discontinuities is modeled with reflec-

tion and transmission functions F(t) of the form
F(t) = apd(t) + are®™ + aze’ 4 asie™ + agyte’ . (3.15)

Due to the time-continuous calculation of the propagation functions, the sample rate

F, can be chosen arbitrarily. For different discontinuities as shown in Figure (3.7, the

Figure 3.7: Segments used by the multiconvolution algorithm CTIM

values of a and b depend on the geometry. This calculation is not dependent on the
sampling rate and only needs to be performed at each discontinuity. In many cases
the vocal tract geometry can be represented by a small numbers of cone segments as
described in section

3.3 Implemented models

Two models have been implemented: a waveguide and a multiconvolution model.

3.3.1 Reflection type line analog

The implemented waveguide model is based upon the general structure of the it-
erative approach by Barjau [BKC99|. Since only the basic features necessary for
plane wave propagation in cylindrical segments were implemented, the final algo-
rithm corresponds to the description given in section [3.2.2. Of the damping factors
described in Table 3.1 only the frequency-independent losses are taken into account
by multiplication of the transmitted pressure wave by a damping factor. For the
frequency-dependent sound radiation at the mouth two different models have been

used:

1. the reflection function corresponding to the radiation impedance of a oscillating
sphere (cf. equation in chapter 5), and

2. a radiation impedance that models the radiation impedance of a piston in a
baffle.
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In Figure 3.8 the signal flow for the waveguide
calculation is shown. For each sample, the user-
defined parameters are imported from the main
program VOX. Depending on the spacing of the
vocal tract data, the sample rate is calculated (see
equation (3.16]) on page|54). The reflection coeffi-
cients are calculated using equation (3.7). When
the noise generation module is active, the sound
pressure in appropriate segments is augmented by
turbulent noise. Now the vectors are shifted and
the loop is repeated until the time limit is reached.
The algorithm can be used in interactive mode
for the generation of single pressure samples or
in stand-alone mode for the calculation of vocal
tract transfer functions (VITF). A detailed de-
scription of the algorithm can be found in [Rei99].
The MATLAB code of the algorithm is given in
appendix E.

3.3.2 Multiconvolution technique

The algorithm of A. Barjau et al. [BKC99| is
an improved multiconvolution technique based on
the work of J. Martinez et al. [MA88, MACSS|.
Whereas the time-domain algorithm described by
Martinez requires a spacing of the discontinu-
ities that is restricted to multiples of phase ve-
locity times time step, the interesting aspect of
the CTIM (continuous-time interpolated multi-
convolution) algorithm is its independence of the
spatial VT discretisation and the sample rate.
The flowchart of the multiconvolution algorithm
is shown in Figure [3.9.

rithm has been invented for the impedance cal-

Originally, the algo-

culation of woodwind instruments with toneholes
There-

fore, the transmission of the generated sound

and moderately changing cross-sections.

waves through the mouth opening is not imple-

[ calculate sampling frequency j

jet geometry, input pressure and
damping from VOX

[ calculate reflection coefficients ]

noise
generator
switch on?

no yes

add noise to
discontinuity

2

[ timeshift of wave vectors j

no

yes

[ transfer VTTF or sample to VOX J

Figure 3.8: Algorithm of the wave-
guide model

geometry, input pressure and damping
from VOX

'

calculate tube segments

( calculate constants

/
calculate propagation functions
in tube segments

(calculate pressures at discontinuities)

no

yes
( transfer VTTF or sample to VOX )

Figure 3.9: Algorithm of the mul-
ticonvolution model

mented. Moreover, in contrast to the waveguide algorithm no noise insertion has
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yet been implemented. The calculation scheme differs from the waveguide approach
in the following aspect: An update of the tube segment geometry is necessary after
changes in the vocal tract geometry only. Therefore, the constant parameters that
are used for the convolution routine can be calculated once before the loop is entered.
As a consequence, the algorithm is much faster than the waveguide approach.

The calculation of the tube segments is done with the help of a graphical user
interface (cf. Figure in the appendix, and the following section) and allows the
instantaneous interpretation of the results during construction. A pseudo-MATLAB

code of the algorithm is given in appendix F\

3.3.3 Parameters

For both implemented models only a few relevant parameters exist: equivalent area

functions, sample rate and damping.

Equivalent area functions: The configuration of the geometrical parameters of
the model is done by a GUI that allows the choice of settings for different vowels and
modifications of the default configuration.

In case of the waveguide

model, the data for the equiva-

12r lent area functions (EAF) have
10t been taken from B. Story and
g ol I.R. Titze [ST96] for 10 Ameri-
9 can vowels, from B.J. Kroger et
E o al. [KWMPO0] for 6 long German
4 vowels and from S. Adachi and
ol M. Yamada [AY99] for 4 overtone
sounds.
% 50 100 150 For the multiconvolution

Distance from glottis [mm]
model, the cone segments are

Figure 3.10: Construction of the cone segments, directly calculated from the raw
vowel [i:] EAF data with the following

algorithm:
e Connect left side of the first and right side of the last segment by a line
e (Calculate the location of the maximum distance between the EAF and the line

e Split the line in two lines at the position of the maximum deviation and connect
the open ends with the right or left side of the EAF segment at the location of

maximum distance
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e Repeat the above steps for each new cone segment until the desired maximum

number of segments is reached

If a sharp discontinuity is encountered, i.e. a significant difference in area be-
tween two segments, the algorithm chooses different area values for each side of the
discontinuity. Consequently, the number of segments can be reduced in such cases.

In Figure(3.10 the result of the algorithm for five lines, i. e. four segments is shown.
The thin solid line indicates the raw EAF, the bold solid line represents the radii of
the cone segments. The dotted line shows the course of the algorithm by a cone
segment prior to being splitted in two lines across a strong discontinuity. In contrast
to linear interpolation that aims at minimising the sum of deviations from the given
EAF for each segment, the above algorithm might be less accurate but ensures that
the minimum and maximum values never exceed the true EAF values. This has been
found to be important especially for EAF with narrow passages.

The mode of calculation (cylinder or cone model) can be chosen in a popup-menu
of the GUI as shown in Figure|G.2 in appendix G.

Sample rate: A difference of the two implemented models is the control of the
sample rate. Whereas the sample rate F can be chosen arbitrarily in the cone model
(cf. section [3.2.3)), in the waveguide model the sample rate is determined by the
distance of the cylinder segments.

For the data of [ST96], F} is calculated as the ratio of the sound speed and the

distance between two subsequent segments:

o 350ms~!
o= 0 OIS eg900 Hy. 1
A:  39623mm  Co200Hz (3.16)

This value is significantly higher than necessary for voice generation.

Damping: Also the algorithm for the calculation of the damping is different in both
models.
In the waveguide model the transmitted amplitude is multiplied by a factor 1—¢ at
each discontinuity and the value for the damping of the pressure waves is ¢ = 0.005135.
In the cone model the damping is assumed to be £ = 0.135 [MA88]. In this model,

¢ is an exponential factor that takes into account viscous losses.

3.4 Simulations

The vocal tract transfer function (VI'TF) is the most expressive description of the
acoustic properties of the VT. However, for numerical evaluation a time-domain rep-

resentation is more appropriate. The sound pressure impulse response of an acoustic



3.4. SIMULATIONS

ot
ot

system is a unique measure that relates the sound pressure at its output end (here:
mouth) to a defined input signal at its input (here: vocal folds). For sound generation
using the classical oscillator-filter model the VT impulse response is convolved with
the sound pressure signal at the glottis yielding the sound pressure at the mouth.

In waveguide models the impulse response is not

calculated explicit for sustained sounds since the es- (43
sential interaction of vocal tract and vocal folds (cf. 40
section |6.2) would require a time-variant impulse re- :zz
sponse calculation. Instead, an iterative algorithm is .-
used for a sample-wise calculation of the sound pres- gi—m i 20(}%;
sure between the segments. The calculation of the %15
impulse response is performed indirectly: as input pEa— =10
signal a vector [1 0 0 0 0 ...] consisting of a Dirac Wﬁ

0

impulse with trailing zeros is fed into the VT. For ‘ ‘
each sample, the actual pressures of the two pres- Time [ms]
sure waves propagating back and forth in the VT Figure 3.11: Waterfall diagram
are stored at all discontinuities. In Figure [3.11/ the of sound propagation in the
propagation of the sound wave in the vocal tract be- vocal tract, sound [a:]

tween glottis (bottom) and mouth (top) is depicted

for the vowel [a:]. The travelling time of the sound waves through the vocal tract
can be read from the plot (about 0.5ms) and the locations of sharp discontinuities
(high amplitudes). The amplitude of the pressure signal at the mouth is very weak
compared to the glottal pressure. Both algorithms were evaluated with Dirac impulse
excitation and the stand-alone calculation mode. A comparison of both methods is

given in Figure 3.12/for the configuration corresponding to the vowel [a:].

Radius [mm]

0 50 100 150 0 2000 4000 6000 8000 10000
Distance from glottis [mm] Frequency [Hz]

Figure 3.12: Comparison of VT parametrisation (left) and calculated VITF (right) using
the disc model (thin line) and the cone model (thick line), sound [a:]
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15 i " i 10

Radius [mm]
Level [dB]

0 50 100 150 0 2000 4000 6000 8000 10000
Distance from glottis [mm] Frequency [Hz]

Figure 3.13: Comparison of VT parametrisation (left) and calculated VI'TF (right) using
the disc model (thin line) and the cone model (thick line), sound [ee:]

With both algorithms the correct formant frequencies are obtained (cf. Table B.2|
in appendix B). However, the frequency distribution differs significantly: a difference
of ca. 25dB can be observed for the formants below 3 kHz.

The shape of the curve obtained from the waveguide calculation is in good agree-
ment to measurements [Pha95]. The deviation between both methods thus could be
explained by the missing implementation of the frequency-dependent radiation func-
tion in the multiconvolution model (cf. section 5.1). The VI'TF of other sounds also
exhibits a rather constant deviation of 25dB for low frequencies (cf. Figure 3.13).

An additional problem occurred while calculating the VI'TF of convergent EAF:
the algorithm was not stable if either a huge number of segments or strongly con-
vergent segments were used. In a recent review J.O. Smith mentioned the problem
of using convergent cone segments for waveguide calculations [Smi96]. Though the
algorithm was not applicable for the simulation of sustained phonation. Neverthe-
less, the calculation of the formant frequencies using the multiconvolution model has
been proven to yield satisfactory results for the estimation of formant frequencies
and bandwidths. Within limits, the stability of the algorithm could be improved by
choosing a moderately higher damping value. Nevertheless, the calculation time was

restricted to about 10 ms before instabilities occurred.
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3.5 Measurements

So far the characterization of the acoustic vocal tract properties has been investigated
in detail using indirect methods [FL71, Pha95|. In this section two novel methods
are presented. The first method directly measures the vocal tract transfer function
between glottis and mouth (VI'TF), whereas the other method determines the vocal
tract impedance at the mouth (VITMI). Both methods function as tools for verification
of the simulation results from the two implemented methods, the waveguide and
the multiconvolution technique. In literature VI'TF and VTMI measurements have
been proven to be useful for acoustic characterization of the vocal tract (e.g. [Pha95,
DSWO96]). The description of the novel VIMI method in section is an extended

version of an article that has recently been accepted for publication [KN02].

3.5.1 Vocal tract transfer function

The direct measurement of the vocal tract transfer function (VI'TF) can be performed
by a two channel measurement of the sound pressures at the glottis and in front of
the mouth. In general, two different methods can be used: external excitation of the
vocal tract and internal excitation. Both methods will be described in the following
section.

Depending on the kind of excitation, the ratio of the spectra of both signals yields
the transfer function

H giottis—moutn(f) = %&% for internal excitation, or o
3.17
Hmouthaglottis(f ) = % for external excitation.

In the equations, s denotes a signal that corresponds to the impulse response of a
system measured at the mouth (index m) or at the glottis (index g). FFT stands
for fast Fourier transform. Measurements of the VI'TF have been performed both on

vocal tract models and in vivo.

In vivo measurements — Internal excitation

When the vocal fold signal is used as a sound source, care must be taken that the
excitation of the vocal tract is performed in a way that provides a sufficient supply of
energy to the formants. If the subject utters a sustained sound with approximately
constant fundamental frequency, this prerequisite is not fulfilled. The solution is the
production of either a broadband noise such as whispering or a voiced sound with
varying fundamental frequency over a range of one octave during the measurement
period. Thus it is ensured that energy is fed in all frequency bands from the funda-

mental upwards.
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For determination of the transfer function the following steps have to be per-

formed:

1. Clean both microphones

2. Insert the first miniature microphone (type KE 4-211-2) through the nose down

to the glottis

3. Place the second microphone in front of the mouth

4. Sing and record loud [a:] with loud voice, check for clipping in both channels

5. Sing and record the sound [a:] swept from lowest possible to highest note in

modal register (ambitus > 1 octave)

6. Repeat step 5 for the vowels [e:], [iz], [o:], [w], [ee:], and [o:]

7. Carefully pull out the internal microphone and clean it

8. Backup datal

The procedure must be supervised by a phoniatrician using a mirror to ensure a

proper positioning of the microphone just above the glottis.

It should be noted that the manoeuvre is
rather unpleasant and might not be accepted by
people, who could not bear the microphone and
cable in their pharynz. Another problem is the
danger of a vocal fold cramp that can occur if
the microphone touches the vocal folds. There-
fore, the in vivo measurements described in this
section have been carried out for only one subject
(male, age 33).

The 2-channel recordings are postprocessed as
described in Figure 3.14. The application of the
window in the time domain removes unwanted
noise possibly generated by reflections outside the
vocal tract.

In the following, the measurement results are
compared to simulations, although the EAF data
used for the simulations is certainly not identical
to the vocal tract area functions of the subject

under test. Nevertheless, the formant frequencies

( Recorded signals )
yFFT

( Frequency domain )
Hilbert transform

( Minimum phase spectrum )
IFFT

( Impulse response (IR) )
Hanning window

( IR from 0..20 ms )
FFT

( Clean spectra )
Division

( Vocal tract transfer function )

Figure 3.14: Signal flow of VITF
postprocessing

should be similar in both cases and, within a limited region, independent of the
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subject (cf. appendix B.2). A comparison of the results from a measured VITF
with a simulated VI'TF is shown in Figure 3.15 for the vowels [a:] and [i:]. Further
measurements have been performed but the poor signal-to-noise ratio (SNR) excluded

the results from an evaluation. Between 500 Hz and 3000 Hz a good agreement of
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Figure 3.15: Comparison of simulated (thin) and measured VITF (thick solid) using
internal excitation

simulation and measured VI'TF can be found. However, the double formants at
1000 Hz and 3000 Hz are not separated in the measured curve. A similar finding for
the vowel [y:] has been reported in [FL71]. For frequencies below and above this
range, the formants cannot be clearly identified in the measured curves. For the high
frequencies this problem might be caused by the high damping of the signal of the
glottis microphone for frequencies above 3 kHz due to a possible liquid closure of the

small entry channel in front of the microphone membrane.

In vivo measurements — External excitation

Sweep signals have already been used for the investigation of the vocal tract config-
uration by O. Fujimura et al. [FL71]. A method has been described by Y. Pham
Thi Ngoc [Pha95] for the case of an externally induced vibration of the larynx by
application of a force. Another, non-invasive way is the excitation of the vocal tract
with a broad-band signal at the mouth. The new aspect in this work is the acoustic
excitation using a sweep correlation technique for enhanced dynamics.

In the following, a method is described that uses a swept sine wave of length 2",
n = 10..14 as excitation signal at the mouth. The procedure for signal processing is
very similar to the one described in the previous paragraph (i. e. internal excitation).
The main difference is the choice of the excitation point: here, a sweep signal is

generated at the opening of the mouth cavity. As a consequence, the signals are
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processed similar to the case of internal excitation, apart from the final step where
the ratio is the glottis signal divided by the mouth signal. Since this method does not
require a voice signal, the SNR can be improved if no phonation takes place during
measurement. The articulation can be kept constant if the subject at first utters the
desired speech sound and then tries to keep the articulation configuration in mutism.

A comparison of the results from a measured with a simulated VI'TF using the
waveguide algorithm is presented in Figure [3.16 for the English vowels [o:] and [I:].

The comparison of the measurements with the simulated VI'TF exhibits a general
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Figure 3.16: Comparison of simulated (thin) and measured VITF (thick solid) using
external excitation

agreement of the formant frequencies. However, the relative and absolute levels of
the formants do not match at all. A reason for the low level of the measured higher
formants could be the problematic positioning of the microphone in the larynx. When
the opening of the microphone happens to touch a VT wall, a significant loss of sensi-
tivity occurs for high frequencies (> 2..3kHz). Another reason for the level differences
might be due to the assumption of frequency-independent propagation losses in the

waveguide simulation.

Measurements on models

For verification of the in vivo measurements and simulations of phonemes, experi-

ments have been performed with two different types of physical ‘hardware’ models.
One model is a rigid model with a fixed, continuous equivalent area function. The

other model is assembled from a number of concentric PVC discs with diameters that

are chosen to approximate a desired equivalent area function.
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Aluminium model: The rigid model is a 1:1 aluminium model consisting of two
half plates that are milled to form a vocal tract shape that follows the equivalent area
function for the phoneme [A:]. Two variations have been produced: one with a bent
tube and one with a straight tube. Both models were coated with a thin silicon layer
that imitates the surface impedance of the skin for high frequencies and introduces

laminar and viscous losses. Figure 3.17 presents the half plates of both models. For

Figure 3.17: Bent (top) and straight (bottom) aluminium model

the bent model (top) in the upper left edge the tube can be seen that serves as a
waveguide of the excitation signal into the vocal tract. Below the bent model, the
corresponding straight model is pictured. The VTTFs between 0 Hz and 8 kHz for
both models are visualised in Figure

The frequency plot shows a good agreement of
the frequencies and bandwidths of the resonances
for frequencies below 5kHz. At 5.8kHz a shift

between both resonance curves can be observed,

o

although the deviation in amplitude does not ex-

— straight
----- bent

ceed 3dB. It can be concluded that for frequencies

Sound pressure level [dB]
N
o

below 5 Hz the assumption of a straight instead of
0 2000 4000 6000 8000
a bent VT is justified. The deviation at higher Frequency [Hz]

frequencies is in agreement with calculations us-

o 3di onal . h Figure 3.18: Comparison of the
ing 3-dimensional wave propagation approaches VTTFs of straight and bent alu-

EPSB9S]. minium model

Washer model: The second model can be
called a “washer” model, i.e. a straight model that consists of a number of discs

with variable cross section. The modular assembly concept allows the modeling of
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vocal tract configurations of variable total length and arbitrary EAF. The thickness
of the discs (= 4mm) has been chosen to match the spacing of the MRI data of
Story and Titze [ST96]. The set-up of the model is visualised in Figure Discs

Foot 40-46 disks

Excitation
(through tube)
—_—

1/8" mic. 1/2" mic.

Figure 3.19: Set-up of the washer model

of areas that match the EAF of the straight aluminium model were chosen, lined up
on two screws and fixed with wing nuts. The microphones were fixed at positions
corresponding to the set-up of the aluminium model and equivalent measurements of
the VI'TF have been carried out with the washer model. In Figure [3.20/ the result
of a measurement on the washer model in the configuration of the aluminium model
is shown. The frequencies of the resonances are closely related but not identical for
frequencies below ca. 3kHz.

For frequencies over 1kHz the bandwidth of

the resonances measured in the washer model  -10
is significantly higher, corresponding to a higher
damping.  The losses that could cause this
frequency-dependent behaviour are heat conduc-
tion into or flow dissipation due to viscous flow.

Since a comparison of measurements with and

Sound pressure level [dB]

without coating did not exhibit a difference in the

resonance bandwidth [Rei99], viscous flow due to

the discontinuous surface structure of the washer 0 1000 2000 3000 4000
Frequency [Hz]

model seems to be the reason for the relatively

high damping of the higher frequencies. Figure 3.20: Comparison of the
VTTF's of washer (bold) and alu-

As a conclusion from the above measurements . )
minium model (thin)

the implementation of viscous losses are impor-

tant for physical modeling of the vocal tract.
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3.5.2 Vocal tract impedance

Phonemic speech information transmitted by acoustical signals is encoded by the
time-dependent acoustic response of the vocal tract that is formed by different ar-
ticulatory organs such as lips, tongue, velum and larynz. In order to define the
phonemic positioning of these articulatory organs, X-Ray imaging techniques, MRI
and ultrasonography [SSH*81, WBH"90] have been applied. However, some of those
procedures are very costly. Alternative acoustical approaches are available to esti-
mate the vocal tract transfer function (VITF) [FL71] or even the vocal tract shape
[SGT1], although in an indirect manner. The vocal tract impedance at the mouth
(VTMI) presented in this paper is a characteristic descriptive measure of vocal tract
acoustics as is the vocal tract transfer function (cf. [Pha95]). Both measures can be
used to derive the frequencies and bandwidths of the resonances of the vocal tract.
Whereas a direct determination of the VI'TF requires an in-situ measurement of
the glottal sound pressure, the impedance method is non-invasive. Indeed the vocal
tract impedance measured at the mouth has been used previously to characterise
the resonant frequencies of the vocal tract [ESW97], and to provide feedback on the
vocal tract configuration as a training aid for the correct pronunciation of vowels
[DSW96, DSW97].

Method

The VTMI method is based upon the set-
up described in [ESWO7|, which consists

of a loudspeaker being attached to an

impedance matching horn with an inserted 'ggggl'(er
high value acoustic resistor at its output
end. A schematic set-up of the new system al:nc:)leﬁgr —)
for measurement of the vocal tract mouth Swgep
impedance is shown in Figure(3.21l The au- oG p

) \'
thors of [ESW97] used a high value acous- with
. . . sound card
tic resistor to ensure a sound velocity source

close to ideal. Therefore, for determination . .
Figure 3.21: Measurement set-up

of the impedance only the pressure signal
must be recorded at the end of the horn. This is done with a miniature microphone
positioned close to the vestibulum oris of the speaker under test.

Preliminary experiences with a low output impedance using a similar set-up as
reported in [ESWO7] have shown that the velocity at the vestibulum oris was signifi-
cantly altered by the load of the vocal tract, although horn and resistor should prevent

such variations. Increasing the value of the acoustic resistor reduced the effect but also
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the output power and, consequently, the signal-to-noise ratio. The improvement of
the new setting is to measure the velocity directly by a miniature sensor (Microflown
[dB02]) close to the microphone (Sennheiser KE 4 211-2, cf. Figure [3.21). This has
two advantages: 1.) reduction of power required at the loudspeaker and 2.) minia-

turization of the measurement set-up. The signal is processed identically for both

Loudspeaker Sensor

S

B

Uncomp.
spectrum

Sweep —» Amplifier

Switch pos.
g
Amplifier —»{  FFT % Compensated

spectrum
Reference
spectrum

Switch pos.
A

L Application of
FET Ll Hannlngwmdow Lol FET e Optimized
to the impulse spectrum
response h(t)

Figure 3.22: Signal flow of impedance measurements

sensors following the signal flow given in Figure [3.22. In the Figure, FFT represents
the fast Fourier transform and IFFT denotes the inverse fast Fourier transform that
yields the impulse responses h of the measured system. The acoustic point impedance

Z(f) is defined as a quotient of pressure and velocity spectra:

_ FFT(hy(1))

20) = FFT (D) -

(3.18)

For measurement of the impulse responses of sound pressure h,(t) and velocity h, (%),
a technique using a swept sine as excitation signal is applied [MMO1]. An advantage
of the sweep technique is that harmonic distortions can be cancelled out by windowing
the impulse response (here: Hanning window, 0..20 ms). Thus, minor changes of the
mouth position or the vocal tract configuration during measurement do not reduce
the overall signal-to-noise ratio since the distortion only affects the frequency range
corresponding to the instant when the configuration is changed. The values of the
impedances are expressed as a ratio to the unloaded, free-field impedance. The upper

frequency range of the velocity sensor used allows reading of resonance frequencies,
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relative amplitudes and quality of the resonances up to approx. 5kHz. Using a PC
(800 MHz), measurements with a frequency spacing of 2.7 Hz at a sampling rate of
44.1kHz and a repetition rate below 1 Hz are possible.

The apparatus has been applied to the measurement of German long vowels and
selected consonants, see Table 3.2/ on page [68. In order to control the steadiness of
phonemic positioning of the articulatory organs during the mutely executed VTMI
measurements, ultrasonography of the tongue was carried out simultaneously with
the other measurements. A 3.5/5.0 MHz probe belonging to a common 100°-sector
ultrasonograph was placed in the submental region imaging the air-soft part contour
of the tongue dorsum. Details of this method were published previously [SSH*8I,
WBH*90]. All tongue positions of the examined phonemes were visualised in the

mediosagittal plane.

Measurements and Results

Resonances can be visualised by plotting the absolute value of the impedance ratio
|Z/Zy| vs. frequency. All values are normalised to values measured without vocal
tract attached.

In Figure 3.23 the result of a
measurement on the bent aluminium
model as shown in Figure on page
61 is presented. The thin line indi- go

15f

cates the absolute value of the spec- .

trum of the sound pressure measured iolo,

in a position equivalent to the vestibu- =

lum oris, the dotted line shows the ab- = 5¢

solute value of the velocity measured

at the same location and the thick solid S 1000 - 2000 3000 ‘,,‘40‘00 /NS‘OOO

line represents the absolute value of Frequency [Hz]

the acoustic point impedance. Figure 3.23: Measurement of velocity, sound
The resonance frequencies can be pressure and impedance on a bent vocal tract

model

identified as local maxima of the

impedance curve. It can be observed

that the impedance curve yields a significantly higher peak amplitude than the pres-
sure curve. For verification of the reliability of the VI'MI method, measurements
using this method were compared to results from VTTF measurements on the bent
aluminium model. The model has been excited with a swept sine at the glottis while
simultaneous recordings of the sound pressure were performed on both ends of the

cavities. In Figure a comparison of both methods is depicted. As in the previous



66

CHAPTER 3. VOCAL TRACT

experiment, the measurements were carried out on the bent aluminium model but

with
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Figure 3.24: Comparison of VIMI (top) and
VTTF (bottom) measurements on the bent
aluminium model

The VTTF has been measured us-
ing the method for external excitation
described in section 3.5.1. The up-
per line represents the VI'MI and the
lower line shows the VI'TF of the same
Note that the upper

curve is depicted with linearly scaled

configuration.

ordinate, whereas the lower curve is
scaled in dB. The resonance frequen-
cies in the range between 1000 Hz and
4000 Hz match well, whereas the res-
onances frequencies below and above
this range are lower when the VTMI
method is applied. These differences
might be caused by different “glottis”

and radiation impedances at the open-

ings of the cavities where the measurement head or the microphones were applied
[Fla65].
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Figure 3.25: Plot of four measurements of the VIMI ratio, vowel [y:]

The reproducibility of measurements on a human subject is shown in Figure 3.25.

Four subsequent measurements have been carried out while the subject articulated

the vowel [y:]. The arrows indicate the measured resonance frequencies that identify

the formants of the vocal tract. The resonances vary only a little between the mea-

surements but some curves are shifted vertically with respect to others, indicating a
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different distance between measurement head and mouth opening.

In Figure 3.26 a comparison between measured VI'TF and VTMI for the vowel

[i:] is given. The measurements have been carried out on a male subject, age 33.

The signal-to-noise ratio during the

© 20 VTTF measurement causes the ripple
% 10 on the lower curve. As in Figure 3.24,
; o the frequencies of the resonances mea-
£ sured with both methods match well.
i As an example of impedance mea-
20 surements of a human vocal tract with
5—30 different glottis impedance conditions,
%—40 in Figure [3.27 the result of three
50 : : : impedance measurements of a subject
0 1000 Frequr?g, [Hz] 3000 4000 articulating the sound [a:] without

phonation with glottis open, without
Figure 3.26: Comparison of VIMI and VI'TF

) phonation with glottis closed and dur-
measurements of vowel [i:]

ing phonation is illustrated.

2.2

12/z,|

0 1000 2000 3000 4000 5000
Frequency [Hz]

Figure 3.27: Impedance measurement with glottis open (thick solid), glottis closed (thin
solid) and during phonation (dotted) , vowel [a:]

Two more kinds of measurements were performed with the same subject. In the
first experiment, the pronounced phoneme was recorded four times via a microphone
close to the subject’s mouth. The subject was asked to hold the pronunciation of the

expressions on the bold speech sounds listed in Table 3.2.



68 CHAPTER 3. VOCAL TRACT

Table 3.2: Mean values and standard deviations (in brackets) of formant frequencies of
the vowels (F2 & F3/F4*) and poles in the spectra of the consonants, obtained by four
independent measurements using LPC and VTMI methods.

LPC VTMI LPC VTMI

Speech sound  Expression [Hz] [Hz| [Hz| [Hz]
Vowels 274 Formant 374 or 4" (*) Formant
[:] aber | 781 (60) | 1110 (15) | 3176 (238) | 3515 (85)
B Ahre | 1680 (86) | 1520 (20) | 3335 (157)* | 3450 (20)*
[e] beten | 2062 (51) | 2450 (50) | 3251 (42) | 3250 (50)
[i:] Miete | 2261 (118) | 2600 (50) | 3187 (65) | 3275 (25)
[v:] Hiite | 1901 (67) | 2225 (25) | 3036 (126)* | 3015 (35)*
Consonants 1% Pole 274 Pole

[f] Sascha | 2266 (67) | 2125 (75) | 4816 (134) | 4750 (50)
] ach | 1076 (72) | 1045 (25) | 3742 (38) | 3450 (250)
] jaja | 3300 (60) | 3300 (100) | 4482 (235) | 4150 (50)

The recording of the uttered sounds was evaluated by a linear predictive cod-
ing (LPC) analysis using the COLE/@ package for the program language MATLAB.
In the second measurement, the VI'MI was measured four times under sonographic
observation to ensure the articulatory configuration did not change between the mea-
surements. Still, the invariability of the vocal tract configuration could only be verified
in the imaged plane. As a consequence of the small size of the loudspeaker used in
the measurement set-up, only a determination of the resonances above 500 Hz could
be achieved using the VI'MI method. However, the use of a larger loudspeaker should
allow a derivation of the first formant (cf. [ESWO97]). The results of the measurements
are summarised in Table 3.2

The values indicate a satisfactory reproducibility for each method with exception
of a few phonemes. A comparison of LPC and VITMI analysis should result in similar
— though not necessarily identical — values for the formants or poles. Nevertheless, in
some cases significant differences have been observed.

Another example of a comparison of the two methods is given in Figure 3.28.
The transition of formants of the vowel [i:] pronounced in several tongue positions
changing successively from ventral to dorsal (here: front to back) are presented as
LPC analysis (a) and VTMI measurement (b). The upper curves represent the spectra
of the vowel [i:] (ventral tongue position) whereas the lower curves point out a shift

of F2 towards lower frequencies caused by a dorsal position of the tongue. The upper

Zavailable on the internet at http://www.eeng.dcu.ie/ speech5/matspeech.html
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Figure 3.28: Formant (a) and impedance (b) curves for a sequence of [i:] with tongue
moved from ventral to dorsal position

formants F3 and F4 are difficult to track using LCP analysis but remain visible using
the VTMI method.

Conclusions

It was demonstrated that the VTMI method is able to visualise functional vocal tract
characteristics during articulation. The method presented yields fast and reliable
impedance measurements in the frequency range from ~ 500 Hz to 5kHz, even with
a single sample of duration 166 ms. However, results from LPC analysis and VTMI
measurements seem to differ significantly for some phonemes. This may be caused
by undetected tongue movements not visualised in the selected sonographic imaging
plane or by differences of the glottis impedance with or without phonation. Further-
more, a change of configuration between recording and VIT'MI measurement cannot be
excluded with certainty. The problem should be solved by using an optimised set-up
allowing an on-line voice recording and VITMI measurement in very fast sequence or
even simultaneously, as described in [ESW97].

Further studies are intended to work out different clinical applications of the
method. The preliminary results shown for the vowel [i:] indicate that the method
is able to differentiate among various kinds of vocal tract configurations. Therefore
additional studies are intended to examine the impedance characteristics of the vo-
cal tract in groups of patients suffering from hyperfunctional dysphonia compared
to groups of healthy adults. The voice production of these patients is often char-

acterised by an impaired vocal tract function caused by the pathological use of the
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false vocal chords or by a functional backward dislocation of the tongue. In addition,
examinations in healthy children are proposed to be useful to obtain clinical data for
a prospective application of the method in the articulatory training of deaf children.
In this context, it is of great advantage that this method is able to visualise the vo-
cal tract function even in mutism [DSW96, DSW97]. The dynamic derivation of the
vocal tract transfer function or the vocal tract area functions from the vocal tract

impedance at the mouth during speech might be a future task.

3.6 Discussion

The vocal tract has few but quite complex properties that are difficult to model.
The proposed models are suitable for calculation of the vocal tract transfer functions,
both as separate modules or within a waveguide. The measurements are difficult to
compare to the calculations since the MRI data has been obtained from individuals
who are not available for the invasive measurements. However, good agreement could
be found for the resonance frequencies for all vowels. The damping is a critical value
that needs more detailed investigations. For the CTIM cone model the damping is a
parameter that directly determines the stability of the calculations. A drawback of
the algorithm is its unstable behaviour for segments with increasing diameter. This
problem is known [MACS8, Smi96] and can be avoided for some vowels by choosing
an adopted set of parameters for the segments. An improved algorithm should solve

the problem of instability for critical VT configurations.



Chapter 4

Noise generation

In this chapter the relevance of noise generation for voice synthesis is discussed. In
section [1.1.3 it has been shown that an analysis of a voice signal always reveals a
significant noise content. The vocal fold signal generation using the models described
in section 2.2 do not include noise generation and therefore sound unnatural. During
voice production noise is generated either when an air stream is directed against an
obstacle or when a divergent configuration or a discontinuity of the bounding walls
causes a laminar flow to separate from the boundary. In both cases the laminar flow
is disturbed and vortices are shed that travel some distance and then break down and
dissipate their energy in turbulent air movement.

For a natural sounding voice synthesis it is necessary to take into account more
aspects of the aerodynamics of the voice generation process than just Bernoulli’s law.
Noise generation during voice production may occur whenever a non-laminar stream

of air propagates. This may happen in two cases:
e constrictions within the vocal tract
e jet formation at the glottis.

The perceptual relevance of the first case is evident because the oscillator-filter model
cannot produce unvoiced sounds such as consonants or whispered voice. The second
case has been investigated by D. Hermes [Her91], P.R. Cook [C0o090] and recently
by P.J.B. Jackson [Jac00, JS00] and D. J. Sinder [Sin99|. From Lighthill’s analogy it
can be derived that sound generation by turbulences is most efficient near changes in

geometry [Hir92]. In this thesis only aspiration noise will be considered.

4.1 Noise sources

From a perceptive point of view, two different noise types can be distinguished: noise

that is generated in voiceless sounds such as consonants or noise that is part of a
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voiced sound such as vowels. For singing voice synthesis the consonants are mainly
used to connect vowels and play a minor role for the timbre of a voice, whereas for

speech synthesis the consonants carry most of the information.

4.1.1 Fricatives

Noise sounds generated in the vocal tract or at the mouth are called fricatives (from
Latin fringere: to break). This sound occurs when flow passes through a narrow
passage or hits an obstacle. To get an impression of the sound you can form a jet
with your lips and direct it against a close object. Examples for such sounds are
the phonemes /[/ (shake), /f/ (feel) or /s/ (see). Fricatives are very important
for speech synthesis and analysis. Since the comprehensive work of Shadle [Sha85]
several attempts have been made to measure [BMBT96], characterise [Jac00] and
model [Sin99] fricatives. For singing voice synthesis the use of fricatives is restricted
to transient sounds, combined voiced and fricative sounds, or non-voiced sounds. In
this work fricatives will not be considered.

According to M. Liu and A. Lacroix [LLI8] the generation of fricatives can be
modelled by the KL model. The insertion of secondary sound sources, like frica-
tive noise, between the glottis and mouth segments adds two poles to the frequency

response of the VT.

4.1.2 Aspiration noise

Even in voiced sounds a significant

part of the signal consists of noise. The 25
origin of this noise cannot be explained 2f
by the sound generation process that _ °f
has been described in chapter |2l = Y
Its origin is due to vortex shedding % 0'27
at the vocal folds that causes turbu- é—o.s
lences downstream of the glottis. In 3 |
contrast to fricative noise, aspiration m_1_5
noise is generated in pulses that are -2¢
synchonised with the glottal cycle. In ~ -25; 0,005 0oL 0015 0.02
Time [s]

Figure[4.1 the waveform of a synthetic
vowel [a:] is shown. The thick line in- Figure 4.1: Calculated waveform and noise
dicates the sound pressure as produced burst for vowel [a:]

by the vocal fold movement. The thin

line is the sound pressure of the noise.
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Listening tests by D. Hermes [Her91] revealed the perceptual relevance of relative
amplitude and relative phase of noise pulses and glottal pulses. An integration of

noise and harmonics to a unique sound only occurs when

e the noise is modulated by the glottal pulse,
e the energy within both components is of same order, and

e the phase difference does not exceed 7'/8.

Modeling of the pulsed noise has been investigated earlier. However, a model that
generates aspiration noise using a physically motivated algorithm has not been im-

plemented for a singing voice model.

4.2 Noise models

For the generation of noise various models have been reported in literature.

J. Liljencrants [Lil85] uses the following equation for the generation of a momen-

tary noise flow u,,

1
u, = Uy (1 — —) cn KKy, (4.1)

X

with the quotient x that relates the actual Reynolds number Re to a critical Reynolds

Re\> 4 p \’ U2
= == =2 4.2
v (Rec> ™ (,uRec> A (42)

At Reynolds numbers below Re. no noise is generated. A value of Re. ~ 1800 has

number Re,:

been determined by experiments on plastic models. In equation (4.1) the random
number ¢, with ¢, € {—1..1} models the amplitude fluctuations of the noise signal,
and K, is a factor describing the efficiency of the energy transfer from the average
(DC) flow Uy into the noise flow w,. For K, an empirically determined value of 0.01

is assumed.

P.R. Cook modelled pulsed noise generation by implementation of an aerodynami-
cally motivated noise generation module into the signal chain of a complex oscillator-
filter model [Co090]. This algorithm takes into account the pulsed noise and relates
it to flow parameters (U, v). However, the assumption of free field boundary condi-
tions that yield a radiated power proportional to U® does not apply for the duct-like
environment of the glottis [Hir92].
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D.J. Sinder recently developed a noise model [Sin99] based on simple equations
that were obtained from fluid dynamic theory. The main idea is the description
of vortices by a small number of parameters that can be derived from previously
calculated measures, for example, flow velocity or geometrical boundary conditions.

Equation (4.3)) gives the relation between the expectation value for the shedding

interval E {Tpeq} and vortex diameter D, Strouhal number St and jet velocity U;.

D
StU;’

EA{Tpea} = (4.3)

The Strouhal number St = fs’;]%D is a dimensionless measure for the ratio of accel-
eration due to the unsteadiness of the flow and convective acceleration due to the
non-uniformity of the flow [Hir92]. It corresponds to the mean frequency of the gen-
erated noise spectrum.

The vortex production rate increases

when the flow increases or when the diame-

ter of the opening decreases.

_ﬂ-d — — x —_
POIF % o 1], (4.4) -4 0
A
In equation I' = 10T is the vortex ro-
tation and U denotes the normal component Figure 4.2: Relation between flow, vor-
of the surrounding flow. ticity and vortex velocity

The relations between the geometry in the vocal tract and the flow properties are

Pnoise =

illustrated in Figure The sound pressure is proportional to the sine of the an-
gle between the flow direction U and the jet velocity v. An interesting aspect of this
approach is the dependence of the noise generation on the geometry of the first supra-
glottal segments. For sharp discontinuities in this area a strong noise contribution is
expected. In this prediction is investigated experimentally.

4.3 Implemented model

The noise generation algorithm used in this work is based on the work of D. J. Sinder
[Sin99]. Two significant differences to Sinder’s algorithm have been implemented. At
first, the assumption of energy loss of the vortex during propagation has been added.
It is assumed that the vortex energy is reduced exponentionally with growing distance
at an estimated rate of 40 dB for a travel distance of 4- D. As a second difference the
source smoothing algorithm has not been implemented.

In this implementation each vortex is programmed as a struct in which the pa-
rameter values are the struct elements. The algorithm for vortex generation is shown
in Figure 4.3.
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glottal area and volume flow from VOX

| increment timer |
[ -

| calculate flow velocity |
vortex lifetime
expired?
yes deadmalrk vortex
erase deadmarked ¥ '
vortices —
| update vortex position |
calculate intervall T | | calculate surrounding turbulences |
[
| calculate amplitude |
no yes
create
new vortex| no

increment
- counter
reset timer
yes

sum up amplitudes in each segment

transfer noise vector to VOX

Figure 4.3: Signal flow of the noise generation module

From the actual parameters flow, EAF and glottal minimum area the flow velocity
is calculated [Hir92]: .

v = mjll : (4.5)
The shedding interval Ty is calculated according to equation (4.3)) and, if the time
difference between the last vortex generation exceeds Typeq, @ new vortex with initial
velocity 0 7 is generated. For each vortex, position and diameter are then calculated
from the actual flow parameters. According to equation (4.4) the contribution of the
vortex to the turbulent sound is calculated. During propagation the object properties
are updated until the conditions for the life of the vortex are expired. A detailed
description of the implementation of the model can be found in [Sel01].

Figure 4.4 exemplarily shows the propagation of generated vortices in the vocal
tract. The vortices are represented as lines of variable length and intensity. The
diameter of the vortices equals the length of the lines whereas their intensity is indi-
cated by gray-scaled colours. The darker the lines, the more noise is produced. The
Figure illustrates that a sharp discontinuity in geometry causes an increased sound

production, as expected from equation (4.4).
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The glottis is represented in Figure 4.4 as the area be-

5
low 0 on the abscissa. During calculation of voiced sounds, = 4 M‘J
the minimum area change and the noise production can be & 3
c
monitored. The algorithm is integrated into the combined -.g 10
voice model described in chapter 6.1. @ 0
51
=2
4.4 Measurements g2 fﬁ
-4
The analysis of the noise contents in a voice signal is a dif- - 0O 10 20 130

ficult task. The most difficult problem is the time-varying Distance from glottis [mm]

fundamental frequency that does not allow to just calcu- pigure 4.4: Vortex shed-
late a long time FFT and then consider the harmonic and ding in the vocal tract
non-harmonic part of the signal. Different methods are

available for the analysis the non-periodic part of voice,

e.g. reviewed in [Jac00] or [C0090].

4.4.1 Time-domain analysis

The noise analysis can be performed in the frequency domain or in the time domain.
The glottal-to-noise excitation ratio (GNE) is a measure that has been proven to yield
reliable results for the characterization of the noise content in a voice signal [MGS97].
The signal is analysed using a correlation method that has been implemented for
the characterization of hoarseness by determination of the two measures irregularity
and GNE. A graphic representation of these parameters is the Gottingen hoarseness

diagram that can be used for documentation of the course of a voice therapy!.

4.4.2 Frequency-domain analysis

The method used in this work for the frequency-domain analysis of voiced sounds is
an implementation of the PSHF algorithm by Jackson [JS98]. Among the frequency-
domain methods, the pitch-scaled harmonic filter (PSHF) is a recently published
method [Jac00] that requires the measurement of the period lengths for the separation
of harmonics and noise. Therefore, it can be applied to voiced sounds only.

Prior to the application of the PSHF algorithm, the exact length of each period
has to be determined. This is achieved by application of a bandpass filter to the voice
signal around the estimated fundamental frequency and subsequent indexing of the
zero-crossings. Then the PSHF method applies overlapped FFT over four periods,

subsequently shifted by one period length. The harmonic part is present in every 4"

Hnformation can be found on the internet at
http://www.physik.uni-oldenburg.de/Docs/medi/hoerz/
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bin of the spectrum whereas the non-harmonic part resides in the three other bins.
The algorithm allows the separation of the harmonic and the non-harmonic part of
the signal.

An advantage of this method over other methods is the high immunity against
pitch changes that are characteristic for the human voice [JS98]. However, if the
HNR is very low the method fails because the period lengths cannot be determined
anymore. In this case, the application of cross-correlation methods is appropriate
[MGS97]. A comparison of both methods is given in the following section.

4.4.3 Results

To analyse the noise content in the voice, recordings of 13 healthy subjects were per-
formed in an anechoic chamber using high quality measurement equipment. In Figure
4.5/ the results of a PSHF analysis of 11 non musically trained subjects (indices 1..11)
and 2 experienced singers (indices 12 and 13) pronouncing a number of vowels are pre-

sented. On the abscissa the index of the singer is given, and to the right mean values
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Figure 4.5: Results from a HNR-Analysis using PSHF

with standard deviations for the different vowels are presented. Measurements that
could not be evaluated due to disturbant noise (e. g. direct breathing into the micro-
phone) are excluded. From the mean values it can be concluded that the HNR value
differs significantly for different vowels, the vowels [o] and [u] are well separated from
the other sounds. This analysis gave reason for a more detailed investigation of the
correlation between the sung vowel and the noise content. The aim of the described
measurements is the verification of the implemented noise generation algorithm.

For an impression of the difference in noise content between a musically trained

and a non musically trained singer, in Figure [4.6 the results of a hoarseness diagram
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analysis of an experienced singer (a) and an unexperienced singer (b) are presented. It
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(a) Experienced singer (b) Unexperienced singer

Figure 4.6: Hoarseness diagrams of an experienced (a) and a less experienced singer (b)

can be seen that the cluster of curves is located towards less irregularity and towards
less noise contents for the experienced singer. The vowels [0:] and [u:] contain less
noise content for both singers.

For verification of the results that were obtained with the PSHF algorithm, a sec-
ond analysis of the same voice signals has been performed using the GNE algorithm
IMGS97]. In Figure 4.7 the results of GNE analysis of the same voice signals are

presented. On the abscissa the index of the singer is given, and to the right mean
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Figure 4.7: Results from a GNE analysis using the Gottingen hoarseness algorithm

values (Av.) with standard deviations (Std.) for the different vowels are presented.
Although the GNE algorithm works on a different way from the PSHF algorithm,
the data presented on Figures and show similar trends. The average values
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for the noise content are grouped in two domains: for the vowels [a] and [u] a sig-
nificantly lower noise content can be observed. In Figure [4.8 the supraglottal vocal

tract area is shown for different configurations. The vocal tract area data is taken
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Figure 4.8: Supraglottal equivalent area functions of the vocal tract for different vowels

from [ST96] with exception of the data shown in Figure 4.8 (c) which has been taken
from [KWMPO00]. All plots are snapshots that were taken during a simulation with
the standard configuration (cf. section 2.3.4) when the equivalent glottis diameter
(area segment left from zero on the abscissa) was 2 mm during the closure phase. The
equivalent area data is rather smooth and slightly divergent for the vowels [o] and [u]

but exhibits rather strong discontinuities for the vowels [a],[z] and [e].
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4.5 Discussion

The generation of aspiration noise is important for the naturalness of voice.

The noise content in measured and simulated voice signals varies with the vocal
tract configuration which is in line with the vortex theory. The noise content in front
of the mouth also dependents on the mouth area, because the frequency dependent
radiation impedance is bigger for larger mouth openings. The mouth area is rather
big for the vowels [a:], [ee:] and [e:] but small for the vowels [o:] and [u:]. Since the
mouth opening for the articulation of the vowel [a:] is biggest, one would expect the
maximum noise content. However, the measurement results indicate that the noise
content is even stronger for the vowels [e:], [e:] and [i:].

The use of the implemented noise model is not restricted to the generation of
aspiration noise at the vocal folds. With minor modifications, the same algorithm
could be applied to noise generation at arbitrary positions within the voice organ.

This would allow simulation of fricatives like [f], [s] or [x].



Chapter 5

Radiation

The sound wave that has travelled from the glottis to the mouth, is partly reflected
at the mouth opening and partly transmitted into the surrounding air. The reflected
part contributes to the superposition of waves propagating in the vocal tract. The
importance of this effect has been discussed in section 3.2.2l The transmitted part is
responsible for the radiation and perception of the generated sound. Both, reflected
and transmitted sound waves are affected by the discontinuity between vocal tract
and an assumed free field around the human body. The frequency-dependent effect
is characterised by the radiation impedance that is described in section 5.1.
Directivity is defined as the spatial distribution of sound energy around a sound
source. Whereas for rather simple models like a baffled tube that radiates in free field,
the sound radiation is known from measurements or calculations (see, for example,
[Sch66]), a detailed investigation of the radiation characteristics of the singing voice is
still lacking. Measurements of the radiation characteristics have been carried out by
J.L. Flanagan [F1a60] as well as by J. Meyer and H. Marshall [MM84] who demonstrate
the general radiation behaviour of an artificial or a human singer. In section [5.2 new

measurements of the singer’s directivity are presented.

5.1 Calculation

Several models exist for the description of the radiation impedance of the singer. One
commonly used approach is the description of the actual radiation by assuming an
oscillating piston in an infinitely large baffle. This model can be further simplified as
an oscillating sphere with a surface that equals the piston area [Sch99].
The characteristic impedance of such a sphere is given by
Jkr
1+ jkr

Z(r) = pc (5.1)

The transformation of equation in the time domain [Kro95] yields the exponential
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reflection function
Ry = =30 e He(t) (5.2)

r
with the Heaviside unit step function €. For the case of a circular piston in an infinite

wall the radiation impedance can be calculated as follows [Fla65]:

Ji(kd) | Ki(kd)
Z=1-2 2 5.3
kY T ka)y (5:3)
J; denotes a Bessel function of 1% order, K is a related Bessel function, k = 2L ig

(&
the wave number, and d is the diameter of a circle that is equivalent to the mouth

area. A plot of the magnitude (Abs), the imaginary (Im) and the real (Re) part of the
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Figure 5.1: Radiation impedance of a baffled piston

radiation impedance normalised to the free field impedance Z; for two typical mouth
opening areas is presented in Figure[5.1. The solid line corresponds to a closed mouth
as for [u:], whereas the dashed line represents a widely opened mouth as for [a:].

For big openings the magnitude of the radiation

impedance is not linearly increasing with frequency but

shows convergence for frequencies above 5000 Hz towards

1. In most radiation models the frequency dependence is

described using the simple equivalent electric circuit shown

in Figure 5.2. The values for the resistance R and the in- Figure 5.2: Electric cir-

ertance L were determined by Flanagan [Fla65] to be cuit for mouth radiation
8p 128pc
L= 371‘27“ and R = W (54)

where c is the speed of sound, p is the air density, and r is the lip radius. A significant

deviation from the actual values is expected for frequencies above 3 kHz.
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5.2 Directivity measurements

The directivity measurement of sound sources is a well-known method in the fields
of electroacoustics and musical acoustics. The measurement aims at describing the
sound radiation characteristics of the sound source in terms of a graphical or analytical
description of the distribution of emitted sound power. Parameters of the evaluation
are elevation and azimuth angles and the frequency band.

The directivity measurement of mechanical musical instruments yields high accu-
racy due to the repeatable broadband excitation either with an electric [MM95] or a
mechanical signal. Measurements of the directivity of a singer cannot be done in a

similar way because of two main problems:

1. The excitation signal is neither constant in amplitude nor in pitch. Therefore,
a measurement with a good reproducibility is very difficult and exhausting for

the singer under test.

2. A scan of equidistant positions around the singer cannot be easily done by

turning the sound source in arbitrary positions.

A method for directivity measurements of human singers is presented in the following
section. For reproduction of the calculated signals and more repeatable directivity

measurements an artificial singer is described in section [5.2.2.

5.2.1 Human singer

A measurement method has been developed using
the voice as excitation signal [KJ99, Jer98|. The

method requires two microphones M; and M, a

PC with data acquisition and signal processing

facilities, a turntable in an anechoic room, and a

curved beam with a sledge to allow variable verti-

PC

cal positioning of the microphone M; equidistant

frontend [— )

to the singer’s head. The setup for the directivity

measurements is shown in Figure

Figure 5.3: Setup for measurement
Compensation for microphone position: of a singer’s directivity

Due to the microphone’s close position to the
mouth and the head, an equalization of the sta-
tionary spectrum recorded by M, has to be performed. For this purpose, the artificial
singer (described in the following section) was equipped with a “nose microphone”

and was fed a “pre-whitened” signal that yielded a flat spectrum at a distance of two
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meters. The set-up for the measurement of this compensation spectrum is shown in
Figure 5.4 (left). Moreover, to the right the spectrum of the signal from the nose
microphone recording is plotted.
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Figure 5.4: Set-up (left) and spectrum (right) for correction of the microphone position

The correction for the level loss was applied during internal processing of the

signals within the measurement program.

5.2.2 The artificial singer

For the reproduction of a voice signal the radiation characteristic of the human torso
plays an important role. An artificial singer has been built to verify the measurements
of human singers.

The purpose of constructing an artificial singer is to achieve natural reproduction
of the human voice with regard to both the frequency behaviour and the radiation
properties. Preliminary investigations on a simple cylinder-shaped artificial speaker
revealed insufficient sound power due to the limitations of the small loudspeaker as
well as a radiation characteristic that lacks the details of a real singer’s directivity. A
human-like artificial singer was constructed that meets the requirements for the repro-
duction of a loud human voice. A photo of the singer is illustrated in Figure[5.5 (a).

The following list contains the implemented features of the artificial singer:

Technical properties
e Shape equal to the ITA dummy head [Sch95] for natural diffraction

e Two low-range speakers (Fane Studio 5M) with a 4th-order symmetric bandpass
system for the reproduction of low frequencies, opening of the bass reflex tube
in the neck

e One midrange loudspeaker (TPC 80 RW/4h) for radiation at the mouth
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e Guided airflow from loudspeaker to mouth to avoid standing waves
e Transition frequency between midrange and bass system: 150 Hz

e Equalization of the frequency response for both channels separately with the
digital controller HUGO [Kle96, SK00]

In Figure the artificial singer is shown. The head is made of polyester by using

(a) front view (b) opened

Figure 5.5: Photos of the artificial singer

a gypsum form. The upper part of the torso (a) consists of seven handcrafted pieces
of wood. The two bass speakers can be seen (b), as well as the bass reflex tube. A

technical drawing of the torso is given in appendix
The installed loudspeakers have
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Figure 5.6: Spectrum of the artificial singer mea- ¢a1 be achieved with the equalised
sured at 1m distance from the mouth system extends 80dB from below
70 Hz and allows reproduction of so-

prano to bass singing voices. Subjective listening tests confirmed the realism of the
head’s voice both for reproduction of voice recordings and for convoluted signals in

choir auralisations using measured impulse responses [Jer98].
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A sequence of directivity measurements of the artificial singer in the transverse
plane (elevation = 0°) and the sagittal plane (azimuth = 0°) is shown in Figure [5.7.
Due to the set-up, the radiation could be measured in the upper hemisphere only. The

measurements are normalised to the 0°/0° direction. The radiation characteristics

211 Hz 211Hz

1003 Hz 1003 Hz

270
7404 Hz 7404 Hz

transverse plane sagittal plane

Figure 5.7: Polar plots from directivity measurements of the artificial singer

are comparable to the directivity patterns of loudspeakers. At low frequencies the
radiation is almost omnidirectional. With rising frequency, sidelobes can be observed
that move from front to back with radiation at the back continuously decreasing. At
high frequencies (>6 kHz) the main radiation is directed to the front.

These observations are in agreement with the findings of J.L. Flanagan [F1a60],
and J. Meyer and H. Marshall [MM84].
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Comparison human singer — artificial singer

The Figures 5.8 and [5.9 present a comparison of the directivity between a female
singer, male singer and the artificial singer in the transverse plane (left) and the
sagittal plane (right)m The plotted radiation patterns were chosen by their similarity
in order to compare the frequencies at which they occur. The plots of Fig. 5.8 indicate

/330

240 300

270

1000 Hz

1783 Hz 1105 Hz

transverse plane sagittal plane

Figure 5.8: Comparison of directivity patterns of a female singer (top), a male singer
(middle) and the artificial singer (bottom) around 1000 Hz

that similar radiation characteristics for the female, the male and the artificial singer

can be found at different frequencies. For male and female singers, the radiation

Further results (static and animated polar plots) can be found on the web page
http://www.akustik.rwth-aachen.de/"malte/directivity,


http://www.akustik.rwth-aachen.de/~malte/directivity
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patterns are relatively identical at the same frequency, although they occur at lower
frequencies compared to the equivalent patterns of the artificial singer.

This effect can also be observed at a higher frequency range as presented in Fig-
ure 5.9. As in the previous analysis, the directivity patterns of the human singers
occur at lower frequencies compared to those of the artificial. In addition, at higher
frequencies differences between male and female singers are found. In the sagittal
plane, the described pattern cam be seen at a lower frequency for the male singer

compared to both the female and the artificial singer. Another difference was ob-

2000 Hz 2000 Hz

1587 Hz 1587 Hz

270
2379 Hz 2379 Hz

transverse plane sagittal plane

Figure 5.9: Comparison of directivity patterns of a female singer (top), a male singer
(middle) and the artificial singer (bottom) around 2000 Hz

served in the sagittal plane: the male singer exhibits a less prominent sidelobe in the

upper hemisphere compared to the female and the artificial singer.
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5.3 Discussion

The radiation of a singer can be measured quite accurately with the described method.
However, the time needed for such a measurement is rather long, and the procedure
is exhausting for the singer under test. The radiation data from human singers and
the data from the artificial singer are in good agreement. For experimental purposes
the artificial singer can be employed as a realistic sound source when fed with a signal
measured at the mouth of a human singer or originating from a voice simulation

algorithm as described in this thesis.
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Chapter 6

Singing voice synthesis

The origin of physical voice synthesis goes back to the speaking machine of W. Ritter
von Kempelen in 1769 [vK91]|. The machine was capable of producing vowels as well
as consonants and even nasal sounds. An overview about the fascinating history of
voice synthesis can be found in [Sch99]. More recently, the synthesis of singing voice
has successfully been performed by sophisticated algorithms based upon a source-
filter approach [Co090], sampling techniques as available in musical synthesisers or
a combination of both. A highlight in singing voice synthesis might have been the
computer-assisted fusion of a male and a female voice for the sound track of the 1995
film Farinelli — Il Castrato at IRCAM, Paris.

However, these models — with exception of von Kempelen’s physical model — are
limited with respect to the possible interaction between the modules used for sound
generation and cannot be called physical models. An approach that takes into account
these interactions is not linear anymore but needs to allow signal flow between the

modules.

6.1 Implemented model

For singing voice synthesis a combined model was used, consisting of separate models
for vocal folds, vocal tract and noise generation as described in sections 3.3 and
4.3

The interaction of the models can be controlled in the graphical user interface

with buttons that change the following parameters:
e Reflected flow from glottis into VT on/off
e Noise generation on/off

Future work will provide switches for the reflected flow from the VT into the glottis
and the reflected flow from the lungs into the glottis.
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The signal flow of the combined model is given in

( Initialise parameters )
[
ters the vocal fold signal is calculated sample-wise. The [ v j

Figure [6.1. After initialisation of the global parame-

Calculate vocal fold motion

sound pressure wave is fed into the vocal tract model and supraglottal pressure

and the resulting pressure wave at the mouth is stored.

[Calculate wave progressionj

All user-defined parameters are modifiable during through vocal tract

calculation and allow an arbitrary change of the bound- \l{
ary conditions. ( Add noise component )
Since the stability of the multiconvolution model has \lf

) ] . (Update boundary conditions)
not allowed simulations of signals longer than about |

30ms (cf. section [3.4), the CTIM method has not yet

been applied to the generation of continuous waveforms.

Figure 6.1: Signal flow of the

Nevertheless, it has been used for the calculation of combined modules
VTTFs as the length of the signals has not exceeded
15..20 ms.

6.2 Interaction between vocal folds and vocal tract

The waveguide models described in chapter 3.3 assume propagation of a wave that
originates from the flow modulation at the glottis. Due to the concept of superposition
of two waves travelling in opposite directions, several ways of interaction between vocal

folds and vocal tract can be considered.

The most important relation between both voice components is the pressure wave
that enters the vocal tract. Without this component no phonation would be possible.
A simple source-filter approach as described in the following section considers only

this one-way relation.

The waveguide approach allows to take into account more complex interaction
than the oscillator-filter model since the flow dependence on the input impedances of
vocal tract and subglottal areas can be modelled. In 1837, the influence of acous-
tic impedances on the VF vibration has been studied by J. Miiller [Mil37]. .
Hertegard and J. Gauffin examined the interaction between the voice source and
the VT [HG93]. LR. Titze reports that the subglottal resonance is important for
register changes [Tit88]. Only in the two cases in which the vocal tract can be seen
either as an infinite tube with the radius of the supraglottal area or as an acoustical
swamp (no reflections), the input impedance has no influence on the flow transfer

from glottis into the vocal tract.
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6.2.1 Convolution

The most simple model for the synthesis of voice is the ‘classical’ oscillator-filter model
that consists of a glottis model and a vocal tract model, which are independent of
each other. For voice synthesis a vocal fold signal of arbitrary pitch is generated and
convolved with a formant filter that represents the VI'TF for a vowel sound.

An alternative approach has been described by M. M. Sondhi and J. Schroeter
[SS87]. It is based upon a combination of a time-domain model for the vocal fold

signal and a frequency-domain model for the vocal tract.

6.2.2 Vocal fold impedance

The basic assumption of the source-filter model is the unidirectional propagation of an
acoustic wave from the glottis to the mouth. In the human voice organs some evidence
exists for the need of a more complex model. The sound wave that is generated by
the vocal fold movement propagates in two directions, upwards towards the mouth
and downwards towards the lungs. As a first approach, the sound wave that travels
into the lungs is absorbed with exception of low frequencies (DC component). The
wave that travels upwards is not absorbed but rather reflected at constrictions within
the VT and finally reflected to a significant part at the mouth opening. The reflected
waves travel back towards the glottis and will there be reflected and transmitted
again. As a result, a standing wave pattern is built inside the vocal tract that acts as

a variant resistor for the incident sound wave from the glottis.

Glottis impedance

The reflection of acoustic waves at the glottis depends on the actual cross section of
the glottis. Values from 1..10mm? can be assumed for the glottal slit, corresponding
to 1..30 % of the sub- and supraglottal areas. As a rough approach, the glottis can be
said to be acoustically hard-walled for waves that are reflected there. Consequently,
a big part of the energy that is directed towards the glottis will be reflected, and
the reflected wave will interfere with the incident wave. The influence of different
reflection coefficients at the glottis that take into account the change in glottal area
during the oscillation cycle has been investigated by M. Liu and A. Lacroix [LL98]. Y.
Pham Thi Ngoc states that the dependence of the glottis impedance on the glottal area
can be described as a function of laminar losses, turbulent losses, and the impedance
of a tube section of glottal area [Pha95].

In addition, the opening varies with the phase of the VF cycle, resulting in mod-

ulation of the reflection factors and therefore also in modulation of the standing
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wave patterns and the formant structure of the VT. This phenomenon has been ob-
served when comparing the formant structure of voiced and whispered speech [Jov98].
Impedance measurements of the vocal tract indicate significant changes of the VTMI
for open and closed glottis (see section [3.5.2).

In Figure 6.2 the differences in the

supraglottal pressure for different de- toool
grees of interaction between the vocal
fold and the vocal tract model is de- T 800
picted. o

The dotted curve represents the é |
supraglottal pressure wave generated E 400
without any interaction, the thin solid & ‘,
line indicates the course with time- 2000 L} \_} L} u
variant glottal impedance enabled and 0 \ \ \

0 0005 001 0015 002 0025 003

the bold solid line represents the course Time [s]

with the glottal impedance and noise __, ) )
Figure 6.2: Comparison of different degrees of

module switched on. interaction

The supraglottal waveform is af-
fected with respect to amplitude and ripple during the open phase. The period length

is not changed. Perceptually, the difference between the waveforms was little.

6.3 Singing voice synthesis

The synthesis of the singing voice was carried out for configurations of the voice organ

for vowels, overtone singing and two pathological cases.

6.3.1 Vowels in modal, head and falsetto register

A satisfactory synthesis of vowels is the primary aim of this thesis. For inclusion of
all relevant parameters and models, the combined model consists of the combination
of the multiple-mass fold model attached to the waveguide vocal tract model. The

radiation was calculated using the simple, low-frequency approach.

Modal register

For the calculation of the examples for voice in modal register the standard configu-
ration as given in section has been used. As examples, the German long vowels
[a:], [i] and [u:] are shown in Figure

A comparison of the spectra of the different vowels illustrates the variety of the

generated sound pressure signals.
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Figure 6.3: Time signal and spectrum of different vowels, modal register

Head register

The fundamental frequency of the head register
voice is about 500 Hz for the following configura-

tion:
e doubling of the mucosa tensions,

e division of the oscillating masses by a factor
10 due to lengthening and thinning of the
VF tissues,

e reduction of the vocalis tensions T, ., and
the the tension forces to a tenth of the stan-

dard value,

e increase of VF distance from the symmetry
line to 0.175 mm.

From the simulated sound pressure it is obvious
that the VF do not close completely. The remain-
ing glottal gap yields a DC offset of the pressure
signal. The spectrum should indicate a rather
poor overtone structure. However, for the cho-
sen configuration, the higher harmonics are still

rather strong.
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Level [dB]
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o
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Frequency [Hz]

Figure 6.4: Time signal and spec-
trum of the supraglottal sound
pressure, head register
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Falsetto register

Male singers can extend the head register to higher frequencies with the falsetto
register. Physiologically this mode of phonation is characterised by a reduction of the
oscillating VF length due to a contraction of the musculus lateralis.

The falsetto register is not a completely new

N
o
o

register but develops from the head register by

modification of the following properties:

e reduction of the oscillating length of the VF
to 2/3; within the model, this modification
is achieved by a reduction of I, to 2/3 of the 5 001 0.02

standard value, Time [s]

Sound pressure [Pa]
N
o
o

e reduction of the VF distance to a small value 120
of 1 um, 100

80
e reduction of the subglottal value to 2/3 of 60 w )VW M

the standard value. 1000 2000 3000 4000 5000
Frequency [Hz]

Level [dB]

In Figure [6.5 the results from a simulation using _ _
Figure 6.5: Time signal and spec-

trum of the supraglottal sound
mental frequency of the generated sound is 350 Hz pressure, falsetto register

the above configuration is depicted. The funda-

which is in the upper range of a Tenor singer. In
contrast to the simulation of the head register, the

glottis closes completely in the falsetto simulation.

Jitter and shimmer vs. vibrato

For a generation of jitter and shimmer or vibrato that is based on physical principles,
different modes for modulation can be applied. As described in section 1.1.2) the
origin of jitter, shimmer and vibrato can be manifold. The following features are

considered in the implemented model.

Glottal noise: The generation of aspiration noise will introduce small fluctuations
of the sound pressure just above the glottis, as described in section [4.1.2. Due to
its generation process, these fluctuations are chronologically correlated with the open
phase of the glottal cycle (pulsed noise), but otherwise not controlled intentionally.
Consequently, the modeling of glottal noise is not parametrised but switched on/off
only in the GUI.
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Subglottal pressure: One way to create vibrato would be the modulation of the
subglottal pressure which corresponds to the breathing vibrato described in [Fis93].
The periodic movement of the diaphragma and the peritoneum can be summed up
by the periodic modulation of p,,;, with a frequency of 3.4..4 Hz. The vibrato can be
controlled by periodic variation of the subglottal pressure with an arbitrary frequency
and an amplitude given in percent of the DC lung pressure.

Vocalis stress: Adjustment of the (active) wvocalis stress is the most important
factor for the value of the fundamental frequency. A fast periodic modulation of the
vocalis stress leads to jitter, a slow variation causes vibrato.

The two vibrato forms due to modulation of the subglottal pressure and wvocalis
stress have been simulated under the assumption of a synchronous, periodic modula-
tion with 5% modulation depth.

In Figure 6.6 spectrograms for three different kinds of vibrato modulation are pre-

sented. The breathing wave vibrato is shown in (a), the vibrato caused by modulation
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(a) Plung (b) Tv,act (C) Plung and Tv,act

Figure 6.6: Spectrograms for different vibrato modulations

of the vocalis tension is depicted in (b) and the spectrum resulting from a combination
of both modulation methods is shown in (c¢). The effect of the breathing wave vibrato
is rather weak compared to the results in (b) and (c) but clearly identified as vibrato
by a listener. The result from the vocalis modulation was a rather profound vibrato
that was amplified for case (c).
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Supraglottal VT area: The entry area of the vocal tract is responsible for the first
reflection of the glottis wave when leaving the glottis. The lower VT area (3..4 cm)
just above the glottis has been found responsible for the singer’s formant [Sun87].
Furthermore, video recordings of the supraglottal area of singers during phonation
revealed a movement of the vocal tract walls a few centimetres above the glottis
INRO1]. The results from simulation of moderate (5%) change of the supraglottal

EAF exhibit a weak, vibrato-like modulation of the supraglottal pressure wave.

6.3.2 Vocal fry

The synthesis of the vocal fry or "Strohbafl’ regis-

ter has been performed with a fold configuration E 500

as for modal register except for the active stress o

T, act that has been set to zero. Consequently, the ﬁ 400

vocal folds are driven by the forces in z—direction é 200

only, which corresponds to a very loose voice con- ugn 0

trol. 0 0.02 0.04

Time [s]

Figure 6.7 illustrates the irregular cycle of the 120

VF movement (pressure signal, top). The spec-

trum (bottom) exhibits subharmonics as observed g 100

in human vocal fry recordings. Note that the fre- % 80

quency axis is limited to 2kHz for a better visu- ~ 50

alization of the low frequency components. 0 500 1000 1500 2000
An increase of the active wvocalis stress yields Frequency [Hz]

a more regular vibration pattern.
& v P Figure 6.7: Time signal and spec-

trum of the supraglottal sound
pressure, vocal fry

6.3.3 Overtone singing

Prior to the simulation results, some measure-
ments and calculations are presented which made

it possible to properly adjust the parameters of the vocal tract.

Measurements

Measured data of overtone singers is relatively rare. This might be caused by the
fact that insight into the function of biphonic singing is of minor interest to most
artists because the determination of voice physiology is mostly invasive or very costly
(laryngoscopy, MRI). However, noninvasive sonographic and acoustic measurements

are possible.
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Impedance Z/ZO
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Frequency [Hz]

Figure 6.8: VI'MI measurements of a biphonic

sequence, rising melody pitch

In Figurel6.8 a sequence of VTMI
measurements is shown that were ob-
tained using the method described in
section 3.5.2. The curves are shifted
(from bottom to top) to visualise the
course of time during the phonation of
the rising overtone. The impedances
are absolute values divided by the field
impedance, i. e. the impedance with no
vocal tract attached to the horn.

The plot illustrates that, apart
from the overtone, only relatively weak
resonances are excited between 3 kHz
and 4kHz. At higher resonances in the

upper part of the plot a double resonance can be observed. This indicates that the

overtone singer does not form a single resonance at the frequency of the melody tone

but rather two closely neighboured resonances.

Figure 6.9 shows the results
of another VI'MI measurement

on the same subject. The se- /

quence of shifted curves demon-
trates the “morphing” from vowel
[a:] (bottom) to the configura-
tion of an overtone (top).

It is interesting to note

Impedance Z/Z0

that the second formant around
1300 Hz does not move signifi-
cantly during the course of the

sequence whereas the 3" for-

mant moves from 2500 Hz down- 0

wards until it merges with the

second one. All other frequencies

1000 2000 3000 4000 5000

Frequency [Hz]

Figure 6.9: Sequence of VI'MI measurements, mor-

are increasingly damped towards

the overtone configuration. How-

phing from vowel [a:] to an overtone

ever, a weak resonance can be observed at 4 kHz.

The effect of formant merging is known as “focalisation” and can also be found in

the transition from [y:] to [i:] as well!

IP. Badin, personal communication
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Calculations

The synthesis of overtone singing aims at a verification of the modelled process of
sound generation. In a first step the vocal tract geometry is modelled using MRI
data obtained by Adachi and Yamada [AY99] from a X66mij overtone singer for four
different melody pitches Fg, Gg, Ag, C7 which equal 1397 Hz, 1568 Hz, 1760 Hz and
2093 Hz respectively. Figure [6.10 shows the equivalent area functions for these four

configurations. In (6.1) the equations for calculation of the resonance frequencies

N
N

B P2 BN
N A OO o O

Vocal tract radius [mm]
5\ =

S N b OO
-

0 20 40 60 80 100 120 140 160 180
Distance from glottis [mm]

Figure 6.10: Vocal tract radius functions for overtones Fg (dotted), G (dashed), Ag (thin
solid), C7 (thick solid)

are given. The first equation relates the resonance frequency to the length [; of a
A/2 resonator and the speed of sound ¢g. The assumption of an acoustically hard
surface at the glottis and at the constriction generally results in too high values for

the resonance frequencies but should be a first order approximation.

Co Co S
— _— 1
fi 21, Ju 2r V Vh (6.1)

The second equation describes a Helmholtz resonator with the area of the mouth
2

opening S = nr2,, the volume V = Azrm )", r? of the Helmholtz resonator and the
length of the mouth opening h = Az + 0.8 r,,,. The last term 0.8 r,, is a length

correction for a circular opening.
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In Figure 6.11 the comparison of the original

= 20
S
and the modified area functions of the overtone Ag & 5
as well as the corresponding vocal tract transfer é
©
functions (VI'TF) are shown. The area functions 4 10
@
taken from S. Adachi (thin solid line, visible at the = 5
mouth) have been modified at the mouth opening § 0
_ o _ 0 50 100 150
(thick solid line). The VTTF calculation has been Distance from the glottis [mm]
carried out using the CTIM algorithm. An im- 0
provement of the second resonance by about 15dB _ -10
m
could be achieved by matching the resonance fre- = -20
[
quencies of the two resonators. Similar results can g 30
be obtained using the KL model, although the 40
amplification is less impressive compared to the "0 1000 2000 3000 4000 5000
CTIM model. Frequency [Fz]
) Figure 6.11: Area functions (top)
Synthesis and VITF (bottom) of overtone

Ag
In Table a comparison of overtone resonance

frequencies and levels calculated analytically from
the above theory and from simulations using ei-

ther the disc model or the cone model is presented. In the left column the resonance

Table 6.1: Comparison of calculated overtone resonances

analytical disk model cone model
Overtones after [AY99] fi fu fo | P, —Pp | fo | Pp, — Py,
Pitch [Hz] | [Hz] | [Hz] | [Hz] [dB] [Hz] [dB]
Fg 1397 | 1304 | 3144 | 1325 -6.5 1378 3
Gg 1568 | 1356 | 2416 | 1550 2 1500 6
Asg 1760 | 1413 | 2616 | 1655 0.8 1570 7
Cr 2093 | 1541 | 2619 | 1960 2.5 1810 39
Optimized overtones
Fs 1397 | 1304 | 1344 | 1325 15.5 1378 23
Gg 1568 | 1356 | 1760 | 1550 13 1500 25
Ag 1771 | 1413 | 1771 | 1655 16 1570 24.5
C 2093 | 1541 | 1986 | 1950 7 1810 10

frequencies using the original configuration in [AY99] are given. The second and
third columns indicate the longitudinal and Helmholtz resonances calculated from
equations (6.1).

The fourth and fifth column show the resonance frequencies and the sound pres-

sure level difference between the second and third “formant” using the waveguide
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model. The pressure level difference demonstrates the amount of damping that re-
duces the higher harmonics. The last two columns show corresponding results using

the multiconvolution model.

6.3.4 Pathologic voice

The presented model can be applied to simulations of pathologic voice generation.
Two different cases have been investigated in more detail: edema and vocal fold nod-
ules. These diseases often occur in professional voice users such as singers or speakers.

The modeling of other diseases such as lesions has not yet been implemented.

Edema

The diagnosis of an edema is present when at the inner side of the vocal folds an
increased geometry and mass of the mucosa tissue is observed caused by an additional
accumulation of liquid. Reasons for this pathology are often an inflammation and/or
misuse of the voice.

The edema has been modelled by distributing a mass increase over about one third
of the vocal fold, ranging from 1.1 to 1.5 times the specific vocalis mass and ranging

from 1.5 to 3 times the specific mucosa mass. The set-up is shown in Figure|6.12. In

Masses of vocalis and mucosa

mmfac 17| 1 mvfac 17 1
mmfac 'IEII mvfac 10 I
mmfac 3 || 1 myfac 9 |1
/I\ 10 mmfac 8 | 1.5 mvfac 8 E
I mrfac ¥ || 2 mwfac ¥ ] 1.3
= ; mmfac 6 || 3 mvfacB |15
£, : mrfac & [ 2 mwfac & 1.3
- o7 mmfac 4 [15 mvfacd |11
mmfac 3 | 1 mefacd |1
mrfac 2 || 1 mvfac 2 :
mmfac 1 || 1 myvfac 1 1
0 L.
0 0.5 1 1.5 2 2.5 3
View from top, x [mm] ——>
Mumber of mazses Poster. fold dist. [um YT entrance rad. [rmm
Il b 11 Al vffioo KT I
| Spring stiffn. k1 [M./m] | Anter. Fold dist. [uml | Trach. entr. rad. [rm]

4| | >|2 4|| kil 25 <| | >|3
| Spring stiffr. k2 [MAm]

s { default |

Figure 6.12: Mass distribution for fold movement with edema
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Figure 6.13/ the results of a simulation are given.
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Figure 6.13: Supraglottal pressure for fold movement with edema

The results do not exhibit any particular change compared to a healthy voice (cf.

Fig. 2.17 on page with exception of a lowered fundamental frequency due to the

increased mass.

Fold nodules

Singer’s nodules are characterised by a local increase
of tissue, in most cases on opposite locations of the
vocal folds. In Figure [6.14 an example of such a
singer’s nodule is pictured [K1e99].

The set-up for the calculation of the singer’s nod-
ule is similar to the set-up for the edema, with the
exception that only one mass of one segment out of
11 vocal fold segments is increased. A factor of 3
has been chosen, both for vocal fold masses and the
mucosa masses.

The observation of the animation of the masses
reveals an irregular VF movement that begins regu-
larly with the first (1,0) mode. After a few cycles,

y -

Figure 6.14: View upon vocal
folds with singer’s nodules

the oscillation shifts to the second (longitudinal) (2,0) mode and stays in a periodic

but rather complex movement pattern. The fundamental frequency is divided by two
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compared to the simulation of a healthy voice. The sound pressure and the spectrum
of the resulting signal are depicted in Figure|6.15.

The signal exhibits a significantly lower funda-

E 500 mental frequency that is due to the irregular VF
g movement pattern in the (2,0) mode.

é 400 In contrast to the simulations the in vivo ob-

E’ 200 servation of the vocal folds in patients suffering

é 0 from singer’s nodules does not necessarily exhibit

0 Oﬁfne il 0.04 an irregular VF movement. This might be caused

by an automatic compensatory parameter change.

120 It was found that the irregular movement can be

g 100 turned into a regular one by increasing the active

g 80 stress T, gt ON the vocalis muscle. With increas-

- ing 1) 4ct, the fundamental frequency rises and, at

00 a certain value, the oscillation falls back to the

0 1000 2000 3000 4000 5000
Frequency [Hz] first (1,0) mode. It was discovered that by suc-

cessively increasing T, ,.¢, the change between the
Figure 6.15: Supraglottal pressure

for fold movement with nodule two states of oscillation takes place when the ac-

tive stress is increased by ca. 5%. A spectrogram
of the transition is shown in Figure 6.16.
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Figure 6.16: Spectrogram for the transition from second to first mode

In the Figure the transition of the (2,0) mode into the (1,0) mode can be observed at
the time 0.5 seconds.

2Sound examples for most simulations can be found on the internet page
http://www.akustik.rwth-aachen.de/"malte/vox
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6.4 Discussion

As presented in this chapter, the task of simulating the singing voice has been success-
fully carried out for selected configurations. The parameters were chosen as similar
as possible to actual parameters within the human voice organ.

Future extensions of the vocal fry simulations with an asymmetric VF model could
lead to a deeper understanding of the aerodynamic coupling of both vocal folds. The
extension of the present multimass model into an asymmetric model could be useful
for the modeling of biphonic voice sounds since asymmetric models have already been
successfully applied to the simulation of pathologic voice [ABO1, SH95].

The vocal tract models seem to fulfill the requirements even for extreme VT
configurations as indicated by the simulation of overtone singing.

In the case of the simulation of pathologic voice, it is not easy to derive quantitative
rules for the description of pathologies from the results, since both main modules,
vocal fold model and vocal tract model, still need to be improved for more realistic
voice synthesis. Nevertheless, it could be demonstrated that the adaption of vocal
fold parameters for the case of a singer’s nodule yields reasonable results. Moreover,
the effect of a compensation of the nodule by increase of the vocalis tension has also
been successfully modelled.

The investigation of the interaction between vocal tract and vocal folds is still
progressing. The wave that is reflected back into the glottis should also be taken
into account for the calculation of the pressures within the vocal fold model. Prelimi-
nary results, however, indicate that the pressure wave from the vocal tract drastically
changes the supraglottal pressure conditions in a way that oscillation cannot be sus-

tained. Further research must be carried out to find the reason for this behaviour.
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Chapter 7

Summary, conclusions and outlook

7.1 Summary

To understand the physics of the human voice is a challenge that requires knowledge of
several different scientific fields. For a correct description of the boundary conditions,
insight into geometry and biomechanical construction of lungs, larynx and vocal tract
is necessary.

The voice generation process can be divided into several discrete models. In this
work appropriate mathematical models for simulation of vocal fold movement, wave
propagation through the vocal tract and noise generation at the glottis have been
implemented. All code has been written in MATLAB to provide easy visualization of
dynamic changes in geometry and auralisation of the generated signals.

The vocal fold model is a symmetric multiple mass model that consists of an
arbitrary number of two-mass-segments for each fold. The aerodynamics are modelled
by assumption of a free jet that separates from the vocal folds.

A noise module models the creation and propagation of vortices and noise gen-
eration due to turbulences in dependence of flow parameters and dynamic geometry
changes of glottis and vocal tract.

Sound propagation through the vocal tract is modelled either by the classical
waveguide algorithm or by a multiconvolution technique that allows arbitrary sample
rates and less computational effort. The losses due to radiation have been modelled
either with a low-frequency approach or by use of digital filters that simulate a baffled
piston.

Furthermore, the radiation of an artificial singer has been investigated. A replica
of an adult human’s head and upper torso has been built. The “hummy head” has
been realised by insertion of loudspeaker systems into the replica of a human torso.
A comparison of directivity measurements of human singers showed good agreement
with the radiation characteristic of the artificial singer.

The simulations with the combined model, consisting of a vocal fold model, a
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vocal tract model and the radiation, reveal a mutual dependence of the components.
Therefore, synthesis of a naturally sounding voice cannot be done with the simple
linear oscillator-filter model but rather with a combined model that takes into ac-
count pressure flows and connection impedances between models. The naturalness of
synthesised vowels could be significantly improved.

The combined model has been applied to the synthesis of overtone singing. Sono-
graphic imaging and analytical calculations based on magnet resonance imaging
(MRI) data proved that the melody pitch during overtone singing is caused by super-
position of two resonances. The first resonance is related to a longitudinal A/2 reso-
nance between glottis and a constriction formed by the tongue whereas a Helmholtz
resonator between the constriction and the mouth opening causes the second reso-
nance.

Results of the voice simulation have been compared to measurements of the sound
pressure at the glottis. Additional in situ measurements were carried out for the
verification of the pressure transfer function calculations of the vocal tract. A novel
method for measurement of the vocal tract mouth impedance (VIMI) has been ap-
plied to the determination of the vocal tract resonances. The application of this
method allows a non-invasive analysis of different configurations of the voice organ
and provides a sufficiently good signal-to-noise ratio for measurement of the vocal
tract resonances during phonation. An application of this method for the diagnosis
and therapy of articulatory dysfunction is described. The feasibility of the method in

clinical use is subject to current research.

7.2 Conclusions

This work presents a physical model for voice synthesis that serves both as a research
device and as an educational tool for modeling, visualization and auralisation of the
human voice. The challenge of building such a model is to find a trade-off between a
detailed description of the physiology and the physical relations that are involved on
one hand and, on the other hand, the implementation of fast and stable algorithms.
Due to the complexity of the voice generation process and the limited time within
the frame of a doctoral thesis, only the most important models for generation of sus-
tained vowels have so far been implemented. The focus was laid on the mathematical
description of the main components of voice generation with an emphasis on singing
voice synthesis. As a consequence, no attempt has been made to “improve” the gener-
ated signals by means of post-processing techniques such as filtering to obtain a more

realistic sound.
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The main topics of the thesis are modeling of

e sound generation due to the vocal fold movement,
e noise generation at the glottis,
e sound propagation through the vocal tract, and

e radiation characteristics of the a singer.

For all models, algorithms described in literature were modified, implemented in
MATLAB and checked with respect to their suitability for singing voice synthesis.
Modifications have been applied to the models to include latest developments.
These models were coupled in several ways. The influence of their coupling has
been investigated and it could be shown that the simple oscillator-filter approach is of
limited accuracy. The combined model includes noise generation that is based upon
the vortex sound generation theory. The noise is inserted correctly into the vocal
tract. Furthermore, new measurement techniques have been developed to verify the

simulation results. The methods include

e direct measurement of the vocal tract transfer function (VITF),
e measurement of the vocal tract mouth impedance (VTMI),
e determination of the harmonics-to-noise ratio (HNR), and

e measurement of the directivity of a singer.

The VITF measurements yield correct results for the determination of the vocal tract
resonances, but the measurement procedure is rather invasive and not suitable for
investigations in most singers. However, results from measurements of the VI'TF can
be used for characterization of individual articulatory configurations. The method has
been successfully applied on one subject and a comparison of the results to simulations
and literature indicated a good agreement of the measured frequencies within the
expected range.

The VTMI method is a non-invasive way to characterise the vocal tract reso-
nances. A high correlation between resonance frequencies and literature or VI'TF
measurements has been found. Due to the external excitation of the vocal tract,
phonation of the singer under test is not necessary. As a consequence, the medical
application of the VI'MI method to patients with no or weak phonation is superior
to classical measurement methods such as LPC analysis.

Some problems still remain to be investigated more in detail. Since the main idea
of a physical model is the description based on exact input data or at least physically
realistic data, the realism of results from such models depends on their complexity

and the accuracy of the parameters used.
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7.3 Future development

The future development of physical voice models and measurement methods could

evolve in several directions.

Aerodynamics

One of the most important topics with respect to a correct description of the voice
generation process would be the investigation of the aerodynamic flow within and
above the glottis during phonation. The time- and space-variant determination of
the jet separation point seems to be crucial for the calculation of the aerodynamic
forces on the vocal folds [PHWB95]. A continuous 3-dimensional description for the
vocal fold surface could combine the multimass model described in this thesis with
the aerodynamic models of Lous [LHVH98] and Vilain [VPH'01].

The application of miniature flow sensors such as the microflown could yield in-
formation about the flow distribution during in vivo measurements. However, the

protection of the sensor against the humid environment is problematic.

Asymmetric fold model

An extension of the model towards asymmetric vocal fold configurations is in fact
possible. Investigations of the effect of asymmetry have been done by Steinecke and
Herzel [SH95] and Tigges [TMH197].

Alternative models

A different approach would be the modeling of the vocal fold tissue or the vocal
tract geometry with finite elements. Recently, Alipour [AB01] demonstrated a 2-
dimensional finite element model of the vocal folds. The calculation of waveforms is
based upon a finite element model consisting of some hundreds of elements for each
VF. However, the calculation of the aerodynamics for such a model is very complex

because the geometry changes between each sample in direction of all co-ordinates.

Improvement of the implemented models

The following improvements should make the model more useful:

e Stabilization of the cone model
The development of a numerically stable algorithm for the CTIM calculation
of the impulse response should reduce the computational costs and segments

needed for articulatory synthesis.
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e Generation of ventricular fold phonation
More sophisticated voice generation mechanisms require the inclusion of the

ventricular folds into the present model.

e Simulation of the singer’s formant
Variations of the EAF should enable the generation of a singing voice that

exhibits the characteristic spectral enhancement known as singer’s formant.

Medical applications

The preliminary results presented in section 6.3.4 indicate that distributed mass VF
model is suitable to simulate pathologic voice production mechanisms such as those
regarding edema or vocal fold nodules. It has also be shown that compensation
mechanisms, for example increase of the wvocalis tension can be modelled. Future
applications of the models should extend the range of applications towards secondary
effects of the primary pathology.

A more comprehensive model could include the morphology of exterior muscles
that support the larynx such as musculus sternothyreoideus. The implementation of
such an exterior muscular frame allows a simulation of mechanisms of physiologic
and pathologic balance between interior and exterior muscles. Such a complex model
could be used to study the interaction of interior muscular dysfunction and pathologies
of external muscles strains. A clinical application could be the visualization and
auralisation of such complex pathological findings.

An interesting extension of the VF model would be a more realistic representation
of the surfaces. Texture mapping from photos of human VF tissue could render
the model more realistic. Simulations of VF pathologies could then more easily be
compared by doctors with video images of the vocal folds.

The implementation of morphologic and functional glottal asymmetries will al-
low a simulation of unilateral VF paralyses. Also, biphonic voice generation caused
by different vibrational modes of each VF could be modelled using this asymmetry
feature.

Finally, the demonstration of physiologic and pathologic mechanisms in teaching
and consultation of patients will be an important application of the model. Once the
model parameters are adapted to the patient’s anatomy and physiology, a simulation

of the individual voice characteristics could be achieved.
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Chapter 8

Kurzfassung

Die Nummerierung der Abschnitte in dieser Kurzfassung entspricht der Nummerie-
rung der Kapitel der Dissertation. Wegen der Kiirze des Textes ist auf die Darstellung
von Bildern verzichtet worden, daher sei zur Erlauterung der Abschnitte auf die Dar-

stellungen in den entsprechenden Kapiteln der englischen Version verwiesen.

Einfithrung

Das Verstédndnis der physikalischen Ursachen der menschlichen Stimmerzeugung ist
eine Herausforderung, die Kenntnisse in verschiedenen wissenschaftlichen Bereichen
erfordert. Um die Vorginge adédquat zu beschreiben und die Parameter realistisch
zu konfigurieren ist das Verstédndnis der geometrischen und biomechanischen Zusam-
menhénge des Aufbaus der Lunge, des Kehlkopfs und des Ansatzrohrs notig. Die
Stimmerzeugung kann zur Beschreibung dieser Zusammenhénge in verschiedene Mo-
delle zerlegt werden. In dieser Arbeit wurden jeweils mathematische Modelle fiir die
Simulation der Stimmlippenbewegung, die Schallausbreitung durch das Ansatzrohr
und die Rauscherzeugung im Kehlkopf geschaffen. Die Programmierung aller Module
erfolgte in MATLAB, wodurch eine einfache Darstellung der Schwingungsbewegungen
sowie eine Klangausgabe der simulierten Schallwellen moglich ist.

Zur Uberpriifung der Simulationsergebnisse wurden z.T. eigene Methoden ent-
wickelt, mit denen neue Erkenntnisse iiber die Funktion aussergewhnlicher Gesangs-

techniken wie dem Obertonsingen gewonnen wurden.

8.1 Der Sanger

In diesem Kapitel werden die Signaleigenschaften der Singstimme beschrieben. Durch
Steuerung der Stimmlippenfunktion ist der Sédnger in der Lage, verschiedene Stimmre-

gister zu wéhlen, durch die nicht nur der Stimmumfang, sondern auch die Klangfarbe
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des Primérschalls bestimmt wird, d.h. die Zusammensetzung der erzeugten Oberto-
ne. Die Geometrieéinderung des Raumes zwischen Stimmlippen und Mundoéffnung, des
Ansatzrohrs, bestimmt jedoch in erster Linie den Klang des abgestrahlten Schalls. Mit
den wichtigsten klangbestimmenden Artikulatoren Zunge, Kiefer und Lippen werden
Laute gebildet, die im musikalischen Kontext mit oder ohne textliche Bindung als
Melodie, Begleitstimme oder Chorklang zum Horer gelangen.

Der komplexe Klang der menschlichen Stimme weist viele Eigenschaften von Mu-
sikinstrumenten auf, die einen angehaltenen Klang erzeugen. Zu diesen Charakte-
ristika gehort eine regelméflige Obertonstruktur, ein nichtlinearer Oszillator fiir die
Primérschallanregung (Stimmlippensignal), die Klangformung durch einen angekop-
pelten Resonator, eine grofle Variabilitat der Grundfrequenz sowie Mikroschwankun-
gen der Signalamplitude (shimmer) und Momentanfrequenz (jitter). Die Besonderheit
des Chorklangs wird anhand der Kohérenz stimmhafter und stimmloser Stimmklénge
erlautert. In der Diskussion wird die physikalische Modellierung der Stimmorganfunk-
tionen den in der Sprachsynthese iiblichen Verfahren zur Nachbildung des Stimmsi-

gnals gegeniibergestellt.

8.2 Stimmlippen

Die Stimmlippen sind ein inhomogenes, anisotropes Gewebe, dessen Eigenschaften
sowohl willkiirlich zur Einstellung verschiedener Register als auch unwillkiirlich wah-
rend der Phonation in weiten Bereichen verédnderlich sind. Ein Modell, das diese Ei-
genschaften exakt nachbildet, ist heute noch nicht verfiighar. Zur Anndherung der
wirklichen Geometrie und Schwingungsform werden daher Modelle eingesetzt, welche

lediglich die wesentlichen Funktionen nachbilden.

Stimmlippenmodelle

Das am weitesten verbreitete Stimmlippenmodell wurde 1972 von K. Ishizaka und J. L.
Flanagan als gekoppelte Anordnung zweier Massen fiir eine Stimmlippe konstruiert.
Es wird im Folgenden als IF-Modell bezeichnet. Das Modell bildet nur eine Stimmlip-
pe nach; die Bewegung der zweiten Stimmlippe wird als symmetrisch zur Mitte der
Glottisoffnung angenommen. Die beiden Massen werden mit unterschiedlichen Werten
fiir Masse und Federkonstanten zur Anbindung an den angrenzenden Knorpel verse-
hen, was eine Zuordnung der Massen zu den Geweben vocalis-Muskel und mucosa
(Schleimhaut) nahe legt. Der Druckverlauf vom subglottischen Raum (Lungendruck)
bis zum supraglottischen Raum (Druck im unteren Bereich des Ansatzrohres) ist in
mehrere Sektoren unterteilt, in denen jeweils unterschiedliche Mechanismen fiir den

Druckverlauf zugrunde gelegt werden (Pressure recovery, Coanda-Effekt).
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Neuere Modelle setzen fiir die Schwingungserzeugung der Stimmlippen die Er-
zeugung eines Jets voraus, durch den wihrend der Offnungs- und SchlieBphase des
Schwingungszyklus unterschiedliche Kréfte auf die Massen wirken. Hierdurch ist die
Annahme der nicht nachgewiesenen Mechanismen des IF-Modells nicht mehr nétig,
da die durch die Jetbildung verursachten Bernoullikréfte eine entsprechende Funkti-
on iibernehmen. Weitere Ansétze reprasentieren die anisotrope Gewebestruktur der
Stimmlippen durch mehr als zwei Massen (Body-Cover-Modell, B. Story und I.R.
Titze 1995).

Implementierung

Fiir die Nachbildung der Stimmlippen wurde ein symmetrisches Mehrmassenmo-
dell geschaffen, das aus einer beliebigen Anzahl von Zwei-Massensegmenten fiir jede
Stimmlippe besteht. Grundlage fiir diese Implementierung ist das 1973 von I. R. Titze
entwickelte 16-Massen-Modell. Die aerodynamischen Eigenschaften wurden — im Un-
terschied zu Titzes Implementierung — unter der Annahme der Ablésung eines Jets
von den Stimmlippen beriicksichtigt. Die Unterteilung der Stimmlippe erfolgt in eine
beliebige Anzahl von Segmenten, wodurch eine Nachbildung vom 2-Massen-Modell
bis zu einer quasi-kontinuierlichen Beschreibung der Stimmlippen in Léngsrichtung
moglich ist. Als Ablésepunkt fiir den Jet wurde der Ubergang zwischen den beiden
Massen gewihlt. In Abhéngigkeit der relativen Stellung der beiden Massen je Seg-
ment wirkt die zusammenziehende Bernoullikraft nur auf den unteren, stromaufwérts

befindlichen Teil der vocalis-Masse.

Simulationen

Uber eine grafische Benutzerschnittstelle (graphical user interface, GUI) kann die
Grundeinstellung fiir ein Register gewihlt werden sowie physikalische Gréflen wie
Lungendruck, Stimmlippenspannung, Offnungsgrad und -winkel etc. eingestellt wer-
den. Die Bewegung der Stimmlippen, die Werte der auf die einzelnen Massen wir-
kenden Kréfte und die aus der Berechnung resultierenden Grofien Volumenfluss und
supraglottaler Schalldruck konnen wiahrend der Berechnung visualisiert werden. Sei-
tenansicht, Draufsicht und eine dreidimensionale Darstellung einer Stimmlippe sind

simultan moglich.

Stimmlippensignale wurden fiir verschiedene Registereinstellungen berechnet. Die
Simulationsergebnisse zeigen fiir Brust-, Kopf-, Falsett- und Strohbassregister eine gu-
te Ubereinstimmung mit perzeptiven Eindriicken gesungener Klinge. Diese Resultate

decken sich auch mit Literaturangaben zu vergleichbaren Simulationen.
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8.3 Ansatzrohr

Bei der Formung unterschiedlicher Kldnge wird die Form des Ansatzrohres in weiten
Grenzen verdndert. Sowohl die Léange als auch der Verlauf der Querschnittsflachen als
Funktion der Distanz von der Glottis sind fiir jeden erzeugten Klang unterschiedlich
und verdndern sich wéihrend des Singens und der Artikulation sehr stark.

Fiir die Modellierung der Wellenausbreitung im Ansatzrohr wird meist die Nahe-
rung einer ebenen Welle angenommen, wenn auch die Voraussetzung dieser Annahme
fiir Frequenzen oberhalb von ca. 4 kHz nicht mehr fiir alle Ansatzrohrkonfiguratio-
nen gegeben ist. Da jedoch die wesentlichen klangbildenden Ansatzrohrresonanzen
(Formanten) unterhalb dieser Frequenz liegen, wurde auch in dieser Arbeit eine ein-

dimensionale Wellenausbreitung vorausgesetzt.

Implementierung

Die Schallausbreitung durch das Ansatzrohr wird entweder mit einem einfachen Wel-
lenleiteralgorithmus oder einer Mehrfach-Faltungstechnik (continuous-time interpo-
lated multiconvolution, CTIM) modelliert. Das CTIM-Verfahren bietet eine grofere
Freiheit bei der Wahl der Abtastrate und ist weniger rechenintensiv als das Wellen-
leiterverfahren.

Beide Berechnungsverfahren verwenden fiir die Nachbildung der Ansatzrohr-
geometrie so genannte dquivalente Flichenfunktionen (equivalent area functions,
EAF), die fiir Kldnge unterschiedlicher Sprecher bzw. Sanger aus Magnet-Resonanz-
Aufnahmen gewonnen wurden und in der Literatur verfiigbar sind.

Die Modellierung der Schallabstrahlungsverluste bei der Ansatzrohrberechnung
wurde auf zwei Arten realisiert; eine Methode nutzt einen einfachen, linearen Ansatz
fiir die Beschreibung der Abstrahlung, die zweite Methode néhert die Abstrahlung an

die eines Kolbenstrahlers in einer Wand an.

Simulationen

Fiir die Berechnung der Wellenausbreitung im Ansatzrohr wurde als Anregung an der
Glottis ein Dirac-Impuls verwendet. Iterativ werden beim Wellenleiteralgorithmus fiir
eine gegebene EAF-Konfiguration die hin- und die zuriicklaufenden Wellen entlang
des Ansatzrohres berechnet. Beim CTIM-Verfahren werden zunéchst die Reflexions-
funktionen berechnet; erst dann wird die iterative Berechnung der Wellenausbreitung
durchgefiihrt.

Die Programmoberfliche des Ansatzrohrmoduls erlaubt eine Variierung der EAF
wihrend der Berechnung, um Ubergéinge zwischen Lauten nachzubilden oder den

Einfluss verschiedener Verdnderungen der Artikulation zu simulieren.
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Beide Verfahren ergeben fiir die aus der Literatur entnommenen EAF-Daten eine
gute Ubereinstimmung der Formantfrequenzen bis ca. 5kHz. Der Verlauf der Verstér-
kung bzw. Dampfung mit der Frequenz weist jedoch stéarkere Abweichungen auf, deren
Ursache vermutlich in der unzureichenden Beriicksichtigung der frequenzabhéngigen

Déampfungsmechanismen zu finden ist.

Messungen

Um eine Vergleichsmoglichkeit zwischen Simulationsergebnissen und den Vokaltrakt-
konfigurationen menschlicher Sdnger zu schaffen, wurden mehrere Messverfahren ver-
wendet. Einerseits wurde die Ubertragungsfunktion des Ansatzrohres (vocal tract
transfer function, VI'TF) bestimmt, indem mit zwei Mikrofonen wihrend externer
oder interner breitbandiger Anregung der Schalldruck simultan an der Glottis und
am Mund aufgezeichnet wurde. Eine weitere Methode wurde entwickelt, um die Im-
pedanz des Ansatzrohrs am Mund (vocal tract impedance at the mouth, VTMI)
zu bestimmen. Hierzu kam ein neuartiger Sensor zum Einsatz (pu—flown), mit dem
die Schallschnelle gemessen werden kann. Mit Hilfe dieser Methode kénnen die Re-
sonanzfrequenzen des Ansatzrohres bestimmt werden, auch wenn keine Phonation
stattfindet. Der Einsatz der VI'MI-Methode bei der Bestimmung der Artikulation
beim Obertonsingen gab Hinweise auf den Funktionsmechanismus dieser speziellen

Gesangstechnik.

8.4 Rauscherzeugung

Neben dem aus Harmonischen bestehenden Primérschall, der durch glottale Modu-
lation des Volumenstroms erzeugt wird, gibt es im Stimmorgan auch Rauschquellen,
die ihre Ursache in turbulenter Stromung haben. Es lassen sich zwei Grundarten von
Rauschen unterscheiden: zum einen das Friktionsrauschen, das — dhnlich dem Schnei-
denton einer Lippenpfeife — bei der Anstromung einer Kante entsteht, und das Aspi-
rationsrauschen, welches bei der Glottisbewegung selbst entsteht. Beide Rauscharten
verhalten sich sehr dhnlich, doch tritt das Friktionsrauschen meist als eigener Klang
auf (z.B. bei den Lauten [f] oder [s]), wihrend das Aspirationsrauschen bei der gesun-

den Stimme mit dem harmonischen Signal perzeptiv verschmilzt.

Implementierung

Fiir die Nachbildung des Friktionsrauschens wurde ein Ansatz nach D. J. Sinder (1999)
implementiert und modifiziert. Ein Rauschmodul bildet die Entstehung und Ausbrei-

tung von Wirbeln sowie die Erzeugung von Rauschen durch Turbulenzen nach.
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Als Eingangsparameter fiir die Modellierung dienen der Fluss durch die Glottis
und die dynamischen Geometrieinderungen von Glottis und Ansatzrohr. Das gene-
rierte Rauschsignal wird am Ort der Entstehung in die entsprechenden Segmente
des Ansatzrohrs zu den von der Stimmlippenbewegung direkt erzeugten Schallwellen
addiert.

Messungen

Die Erzeugung von Aspirationsrauschen beim Menschen wurde anhand einer Gruppe
von elf unerfahrenen Sdngern und zwei Sdngern mit Chorerfahrung verifiziert. Da-
bei konnte ein Zusammenhang zwischen der Geometrie des supraglottalen Raumes
im Ansatzrohr und dem HNR (harmonics-to-noise ratio) bzw. dem GNE-Verhéltnis
(glottal-to-noise excitation) bei verschiedenen Vokalen nachgewiesen werden. Zur Be-
stimmung des HNR wurde ein Implementierung des PSHF-Algorithmus von P. J. B.
Jackson (1998) verwendet, das GNE-Verhiltnis wurde mit dem Gottinger Heiserkeits-
diagramm (Michaelis 1997) bestimmt. Bei den Vokalen [o:] und [u:] konnte ein relativ
geringer Rauschanteil gemessen werden, was mit einem sanft ansteigenden Verlauf
der EAF korreliert. Bei den Kldngen [z:] und [e:] tritt hingegen ein relativ starker
Rauschanteil auf; zugleich ist ein deutlich abrupterer Verlauf der EAF im Ansatzrohr
unmittelbar oberhalb der Glottis beobachtbar.

8.5 Abstrahlung

Der Ubergang des Ansatzrohrs in das Freifeld an der Mundéffnung hat sowohl Aus-
wirkung auf die Klangbildung im Ansatzrohr als auch auf die Charakteristik der Ab-
strahlung in die Umgebung des Séangers. Wéhrend die Diskontinuitét der akustischen
Impedanz an der Mundéffnung entscheidend den Anteil der riicklaufenden Welle im
Ansatzrohr und des ins umgebende Schallfeld transmittierten Schalls bestimmt, ist die
Richtwirkung des Séngers durch die spezielle Geometrie des Kopfes und Oberkorpers
sowie der Mundform bestimmt.

Es wurde die Schallabstrahlung eines kiinstlichen Sadngers untersucht, der eine
moglichst realistische Nachbildung des Oberkorpers und Kopfes eines erwachsenen
Menschen darstellt. Dem kiinstlichen Sénger wurde durch den Einbau eines 2-Wege-
Lautsprechersystems eine Stimme verliehen. Ein Vergleich der Richtcharakteristiken
von menschlichen Siangern mit der des kiinstlichen Séngers zeigt eine generelle Uber-
einstimmung, doch sind sowohl Unterschiede in der Frequenzabhéngigkeit zwischen
verschiedenen Sédngern als auch zwischen menschlichem und kiinstlichem Sanger zu
beobachten.
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8.6 Synthese der Singstimme

Die Nachbildung des Singstimmsignals auf Grundlage eines physikalischen Modells ist
bereits im 18. Jahrhundert in Form einer sprechenden Maschine vorgenommen worden
(von Kempelen, 1769). In neuerer Zeit sind zahlreiche Versuche unternommen worden,
die Singstimme kiinstlich zu erzeugen, doch lassen die Ergebnisse bislang Natiirlichkeit
oder Flexibilitdt der register- und sdngerspezifischen Eigenschaften vermissen. Die
hier vorgestellte Implementierung legt den Schwerpunkt auf eine moglichst variable

Anpassung des Modells an eine gegebene Physiologie.

Implementiertes Modell

Das Modell zur Singstimmsimulation besteht aus den in den vorangegangenen Ab-
schnitten behandelten Einzelmodellen, wobei diese iiber die Druckwellen miteinander
gekoppelt sind (siehe folgender Abschnitt). Fiir die Berechnungen angehaltener Klén-
ge stellte sich das CTIM-Verfahren als ungeeignet heraus, da der Algorithmus bei
léingeren Berechnungen im Fall divergenter Kegelsegmente instabil wurde. Mit dem
Wellenleiter-Ansatz konnten sowohl Aspirationsrauschen als auch beliebige Vokalklén-

ge nachgebildet werden.

Interaktion der Modellkomponenten

Die Simulationen mit der Kombination der Modelle fiir die Stimmlippen, das Ansatz-
rohr und die Abstrahlung lassen eine gegenseitige Abhéngigkeit der Modelle erkennen.
Dies lasst den Schluss zu, dass qualitativ hochwertige Stimmerzeugung nicht mit dem
Osrzillator-Filter-Modell realisierbar ist. Wurden bei der Kombination der Modelle die
an den Grenzen zwischen den Modellen auftretenden Impedanz- und Schalldruck-
verlaufe beriicksichtigt, liefl sich eine deutliche Verbesserung der Natiirlichkeit bei

Vokalen erreichen.

Simulationsergebnisse

Das kombinierte Modell wurde zur Berechnung von stimmhaften Vokalkldngen ein-
gesetzt und, beispielhaft fiir die Berechnung eines komplexeren Klangs, fiir die Syn-
these von Obertonkldngen verwendet. Weitere Analysemethoden (siehe Abschitt [8.3)
wie die Sonographie eines Obertonsédngers sowie analytische Berechnungen auf der
Basis von Magnet-Resonanz-Verfahren bestiitigten die These, dass die Uberlagerung
von zwei Resonanzen fiir die Bildung der Melodiestimme beim Obertonsingen ver-
antwortlich ist. Die erste Resonanz wird durch einen \/2-Léngsresonator zwischen
Glottis und einer Verengung im Ansatzrohr gebildet, die zweite von einem Helm-

holtzresonator zwischen der Verengung und der Mundoffnung.
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Ein weiteres Beispiel der Anwendung des Modells ist die Nachbildung der Stimme
eines Sangers mit Sdngerknotchen. Séngerknotchen konnen bei starker Stimmbela-
stung auftreten und sind durch eine 6rtlich begrenzte Verdickung an der Kontaktfla-
che der Stimmlippen charakterisiert. Im Modell wurde eine solche Verdickung durch
Vergroferung der Masse des vierten von elf Segmenten nachgebildet. Die resultieren-
de Schwingung wies einen unregelméifigen Ubergang zwischen der Grundmode und
einer hoheren Mode auf, wobei die verringerte Grundfrequenz durch Erhéhung der
vocalis-Spannung wieder auf den Wert der Stimme ohne Sdngerknotchen korrigiert

werden konnte.

8.7 Schlussfolgerungen

Die vorliegende Arbeit beschreibt Methoden zur Berechnung und messtechnischen
Erfassung von Schallsignalen im menschlichen Stimmapparat. Die Funktionskompo-
nenten des Gesamtsystems ,,Sénger“ werden identifiziert und modelliert, wobei ein
Ansatz im Zeitbereich gewéahlt wird, um die Zeitabhéngigkeit und Interaktion der
Funktionskomponenten beriicksichtigen zu kénnen.

Die Ergebnisse der Modellierung der Stimmlippenschwingung zeigen, dass das
Mehrmassenmodell geeignet ist, auch komplexe Schwingungsvorgéinge nachzubilden,
obwohl eine sehr einfache Beschreibung der Jetablosung implementiert worden ist. Die
Ergebnisse der Stimmsimulation werden mit Ergebnissen von Schalldruckmessungen
an der Glottis verglichen und bestétigen eine geringe aber dennoch vorhandene Ande-
rung des Stimmlippensignals in Abhéngigkeit von der Ansatzrohrkonfiguration. Um
die Ergebnisse der Simulationen zu iiberpriifen, wurden weitere in situ-Messungen
zur Bestimmung der VI'TF durchgefiihrt. Diese direkten Messungen setzen jedoch
die recht invasive, transnasale Applikation eines Mikrofons in der Nihe der Stimmlip-
pen voraus. Eine neu entwickelte Methode (VITMI) zur nicht-invasiven Bestimmung
der Resonanzen des Ansatzrohrs wird vorgestellt, und Ergebnisse werden fiir ver-
schiedene Stimmkonfigurationen gezeigt. Die Impedanzmethode bietet auch bei in si-
tu-Messungen wéihrend der Phonation ein ausreichendes Signal-zu-Rausch-Verhéltnis.
Eine Anwendung der Methode fiir die Diagnose und Therapie von Artikulationssto-
rungen wird beschrieben. Die Verwendungsmoglichkeiten der Methode im klinischen

Bereich sind Gegenstand aktueller Untersuchungen.
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Appendix A

Abbreviations — Terms — Symbols

Abbreviation
Av.

cf.
CTIM
dB
DOF
EAF
FEM
FFT
GNE
GUI
HNR
Hz

IF
IFFT
ITA
KL
0Q
pl.
Std.
SNR
SPL
VF

Vs.
VT
VTMI
VTTF

Table A.1: List of abbreviations

Description
Average
confer

Continuous-time interpolated multiconvolution [BKC99]

Decibel

Degree of freedom
Equivalent area function(s)
Finite element model

Fast Fourier transform

Glottal-to-noise excitation (ratio) [MGS97]

Graphical user interface
Harmonics-to-noise ratio

Hertz

Ishizaka-Flanagan VF model [IF72]
Inverse fast Fourier transform

Institute of Technical Acoustics, RWTH Aachen

Kelly-Lochbaum VT model [KL62]
Open quotient of the glottal cycle
plural

Standard deviation

Signal-to-noise ratio

Sound pressure level

Vocal fold(s)

versus: against

Vocal tract

Vocal tract impedance at the mouth
Vocal tract transfer function
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Table A.2: List of Latin terms

Latin term English description German description
ambitus interval lowest < highest note Stimmumfang
anterior towards the front vordere(r)

caudal towards the bottom nach unten, untere(r)
cortex cortex (periphery part of the brain)  Hirnrinde
diaphragma diaphragm Zwerchfell

epiglottis epiglottis (area above the VF) Kehldeckel

glottis (slit) opening between the VF, glottis Stimmritze

larynx larynx (anatomical section near VF) Kehlkopf

palatum palate harter Gaumen
peritoneum abdominal movable tissue Bauchfell

pharynz throat Rachen

posterior towards the back hintere(r)

velum velum weicher Gaumen
vestibulum oris  vestibule of the mouth Mundvorhof

vortex eddy Wirbel

VOX voice, program code Stimme, Programmcode
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APPENDIX A. ABBREVIATIONS - TERMS - SYMBOLS

Table A.3: List of symbols

Symbol Description

© DN FITVUITIZN >SRN He x93 208 N

sub
sup

Nm e SogaozN

Area
Length of mass in y-direction
Thermal capacity at 0° C, 100 kPa

Speed of sound in air at 37° C, 100 % rel. humidity

Damping constant

Diameter, thickness of VF in x—dimension
Nonlinearity coefficient, Adiabatic constant
Force

Frequency

Fundamental frequency

Index for glottis

Vortex rotation

15t order Struve function

Pressure impulse response

Related Bessel function

1%t order Bessel function

Spring constant

Length

Thermal conductivity at 0°C

Length of the vocal tract

Mach number

Index for mucosa mass or mouth
Shear viscosity coefficient of air
Kinetic viscosity of air

Sound pressure

Sound pressure wave

Reflection coefficient

Reynolds number

Air density at 37° C, 100 % relative humidity
Strain

Strouhal number

Signal

Index for entity above the glottis
Index for entity below the glottis
Transmission coefficient

Thickness of masses

Flow, Volume velocity

Flow derivative, Volume acceleration
Jet velocity

particle velocity, Index for vocalis mass
Damping coefficient

Acoustic impedance in air

Value Unit

22.9-

1.86 -
1.5-

1000
350

1073
0.14

107°
1075

1.14

414

m2

m
Jkgldeg™!
ms?

kg st

Wm™!deg™!

Nsm~™

kgm=2s7!
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Speech sounds

Table B.1: Speech sounds with examples in English and German

Sound | Description English | German
[a] unrounded open front vowel — fasten
[a] unrounded open back vowel far Vater
[A] unrounded mid-open back vowel come —

[e] unrounded mid-closed front vowel — beten
[i] unrounded closed front vowel heed Miete
I unrounded half-closed front vowel hid Wind
€] unrounded mid-open front vowel head Mé&nner
[ee] unrounded half-open front vowel had Ahre
[o] rounded mid-open back vowel paw hoffen
o] rounded mid-closed back vowel — Boot
[u] rounded closed back vowel who Buch
] rounded half-closed back vowel hood Mutter
[y] rounded closed front vowel — Hiite
[x] velar voiceless fricative — ach
Il postalveolar voiceless fricative shake Schnee
[s] alveolar voiceless fricative see Spaf3
[j] palatal voiceless fricative — ja
] velar nasal singer Sénger
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Table B.2: Range of formant frequencies for vowels (F1-F4), taken from [Val98] and poles

in the spectra of the consonants.

Phoneme 1%t Formant | 2"¢ Formant | 3"¢ Formant | 4" Formant
Vowels [Hz] [Hz] [Hz] [Hz]
[a:] 610-850 1100-1900 3000-3100 3750-4100
e:] 290-650 1770-2300 2680-2870 3450-3880
[e:] 230-560 2300-2630 2800-3140 3600-3820
[i] 160-460 2400-2500 3100-3400 3600-3700
[y:] 200-580 1660-2090 2310-2590 3320-3440
o] 230-480 640-920 2510-2710 -

] 160-400 500-900 - -
Consonants 1%t Pole 2nd Pole 374 Pole 4t Pole
i 2200 4900 i i

x] 730-1100 3000-4000 - -

[j] 260-440 2100-2700 2950-3450 3750-3950
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onstruction of the artificial singer

Figure C.1: Mesh of the artificial head
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Figure C.2: View of torso from the side (left) and from the front (right), measures in mm
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Forces on the mucosa masses

Tension, spring and contact forces

Similar to equation (2.23) in section 2.3.1, a tension force due to a polynomial stress-

strain curve after [AT91] is assumed:
El = thy,d,, (0.5 + 38.3S,, — 49.552, + 347.652)) kPa . (D.1)

The spring forces on the mucosa masses in x—direction are similar to the vocalis mass
forces but coupling force and contact force have opposite sign, and the boundary force

does not exist:

Fomi = P07+ Fna ™ 0
v . = — m .
z,m,i v,m,i
(D.2)
kS (wm + n,iw’mwg@) for w, <0 ;
Fa?,m,i =

0 else.

The forces that act in z—direction on the mucosa masses can be described as follows:

T _ T Zm,i—1—2Zm,i T Zm,i+1"2Zm,i
Fz,m,i - Fm,i Tm,i + FmaiJFl Tm,i+1 ’

v _ m
Fz,m,i - _Fz,v,i ) (DS)
Fe.. =—F¢

zZ,m,i 2,0,
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Damping forces

With the damping coeflicients D7, and D7, that were given in the equations (2.36

T,

for the connections of the mucosa masses to the wvocalis masses, and the damping

coefficient for the coupling springs to the neighboured mucosa elements

FT.
Dy i = 260, i\ [ M=, (D.4)
’ ’ rm,i

the damping force in x—direction on the mucosa mass is given to

d
Fw,m,i

= D} id(@mi = i) = Db sy d(@m s — Tmisr) — Dyid(wo; — 2mi) - (D.5)
The damping force in z—direction is given to

Fe = —DrTn,id(Zm,z‘ — Zmyi-1) — DZ;,z-Hd(zm,z- — Zmyit1) — Dgfid(zv,z‘ — Zmy) - (D.6)

Aerodynamic forces
The following cases must be distinguished for the muscosa mass in direction of the
co-ordinate x:

( Puthya for A, < A, (convergent), open glottis;
Puthya for A, > A, (divergent), open glottis;

Fy, = 0 for A,, =0, A, >0, closed glottis; (D.7)
P,th,a for A,, >0,A, =0, closed glottis;
L 0 for A, = A, =0, closed glottis.

The pressure P, on the vocalis mass has been given in (2.42).

For the mucosa mass, equation (D.8) gives the forces in the z—direction:

P,(wy, — wy)a — Pyypdya for A, < A, (convergent), open glottis;
—Pyypdya for A, > A, (divergent), open glottis;

F, = Pypwya — Pyypdpna for A, =0,4, >0, closed glottis;
—Pypdna for A, > 0,4, =0, closed glottis;
L —Pypdyna for A, = A, =0, closed glottis.

(D.8)
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Program code of the waveguide
model

data=get (Hndl.figureNumber, ’UserData’);
radius = data.radius;
dist = data.spacing;
numcyl=length(radius); ’% number of cylinders constituting the VT model
lastj=numcyl+1l; % index of last junction (=output end)
cO0 = c; % sound speed in air [m/s]
Fs = round(c0/dist); % sampling frequency
dx=c0/Fs; % path increment [m]
dt=1/Fs; % time increment [s]
damp=1-XiO0;
nuem=zeros (1,numcyl-1); % reflection coefficient
nuep=zeros(1,numcyl-1); % refl. coeff. for backwards travelling waves
lcyld=ones(1,numcyl);
lcyl=lcyld*dist;
lsum=sum(lcyl); % total length of vocal tract
n=round(lsum/dx); % total number of samples
nspc=round(lcyl*n/lsum); % number of samplepoints within each cylinder
rl=radius;
rr=rl;
for i=2:numcyl
Bm(i)=(rr(i-1)/r1(i))"2; % Sout/Sin
end
Bm(1)=1; % dummy value for division in next line
Bp=1./Bm;
a=-c0/ (2*rr (numcyl) ) ;
a32=a; b3=a;
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Teta32=[exp(b3*dt)]; % matrix Teta for output end
TT21=((b3*dt-1)+exp(-b3*dt) )/ (dt*b3°2); % 2nd row, 1st col.
TT22=(1-(1+b3*dt) *exp (-b3*dt))/(dt*b372); % 2nd row, 2nd col.
TetaT32=[TT21 TT22]; % matrix TetaTilde for output end
A32=Teta32*TetaT32; % matrix A (1 row, 2 columns) for output end
rvoc = radius(1l);

vocarea = pi*(rvoc~2);

% area ratio at node glottis->VT (outgoing wave)
Bglotm = glotarea/vocarea;
if glotarea ==
Bglotp = 1el0;
else
%y area ratio at node VT->glottis (ingoing wave)
Bglotp = 1/Bglotm;
end;

Tim = 2xglotarea/(vocarea+tglotarea);

% start of calculus routine

pmr2. junction(1l) .time(1) = ppR.junction(1l).time(1l) + out_vf_voc*Tim;

% reflection and transmission of outgoing wave at input end (glottis)

pmR. junction(l) .time(1) = out_vf_voc*(Bglotm-1)/(Bglotm+1);

pmT. junction(l) .time(1) = pmR.junction(l).time(1) + out_vf_voc;

% add noise

pmT. junction(1l) .time(1) = pmT.junction(1l).time(1) + PARNOISE.out(1);
% reflection and transmission of outgoing wave
for i=2:numcyl
pmR. junction(i) .time(1)=pmr2.junction(i-1).time(1)*...
(Bm(i)-1)/(Bm(i)+1); % reflected part of pmr2
pmT. junction(i) .time(1)=pmR. junction(i).time(1)+. ..

pmr2. junction(i-1) .time(1); % transmitted part of pmr2

% add noise
pmT. junction(i) .time(1)= pmT.junction(i).time(1) + PARNOISE.out(i);

end
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% reflection of outgoing wave at output end;

if radimproutine == 1 %, simple radiation impedance
zmR. junction(lastj).time(1) = ...

zmR. junction(lastj) .time(2)*Teta32 ...

+ A32(1)*pmr2. junction(numcyl) .time(2)

+ A32(2)*pmr2. junction(numcyl) .time(1);

pmR. junction(lastj).time(1) = a32*zmR.junction(lastj).time(1);
p_out_mouth = ...

pmR. junction(lastj) .time(1)...

+ pmr2.junction(lastj-1) .time(1);

elseif radimproutine == % digital filter
Rm.state(:,2)

Rm.A*Rm.state(:,1)

Rm.B*pmr2. junction(numcyl) .time(1);

+

pmR. junction(lastj) .time (1)
Rm.C*Rm.state(:,1)

+ Rm.D*pmr2. junction(numcyl) .time(1);
Rm.state(:,1) = Rm.state(:,2);

p_out_mouth ...

= pmR. junction(lastj).time(1)...
+ pmr2.junction(lastj-1).time(1);

end

% reflection and transmission of ingoing wave
for i=numcyl:-1:2
ppR.junction(i) .time(1)=ppl2. junction(i+1).time(1)*. ..
(Bp(i)-1)/@Bp(i)+1); % reflected part of ppl2
ppT. junction(i) .time(1)=ppR. junction(i) .time(1)+. ..
ppl2.junction(i+l) .time(1); % transmitted part of ppl2

end

% reflection and transmission of ingoing wave at input end (glottis)

ppR.junction(l) .time(1) = ppl2.junction(2).time(1);

% timeshift of outgoing and ingoing waves
for i=1:numcyl

pmr2. junction(i) .time(2:1lastp2(i))=. ..
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pmr2. junction(i) .time(1:1lastp2(i)-1);
ppl2. junction(i+1) .time(2:lastp2(i))=...
ppl2. junction(i+l) .time(1:lastp2(i)-1);
end
zmR. junction(lastj) .time(2)=zmR. junction(lastj).time(1);
% end of timeshift

% newest element of outgoing wave
for i=2:numcyl
pmr2. junction(i) .time(1)=ppR. junction(i) .time(1)+. ..
pmT. junction(i) .time(1);
pmr2. junction(i) .time (1)=damp*pmr2. junction(i) .time(1);
end

pmr2. junction(1l) .time (1)=damp*ppR. junction(1l) .time(1);

Jnewest element of ingoing wave
ppl2. junction(lastj).time(1)=pmR.junction(lastj).time(1);
for i=numcyl:-1:2
ppl2. junction(i) .time(1)=pmR. junction(i).time(1)+...
ppT. junction(i) .time(1);
ppl2. junction(i) .time (1)=damp*ppl2.junction(i).time(1);

end

Jnewest element of ingoing wave into vocal folds

pin_gl_ac = pmR.junction(1).time(1)+ppT.junction(l).time(1);
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Program code of the
multiconvolution model

The MATLAB code is represented as pseudo code.

1. define physical parameters (co, po, &, vocal tract dimensions)

2. calculate constants

(d€g7’€€, b7 a1, Qg, ld’iS, minf; msu[n C—I—a 0—7 Ainput7 Binputy Cz'nput; A7 B)

\/2/mEL

e coefsigma = AT

e cupsigma = %(#Ldzf

= (COLAt — floor(COLAt))At

e 0 = coefsigma(t — to)*l"r’e(—*eﬁ’ft’gm“)

At s
e kim,s| = fto o (5)%dt
3. iterative calculation of the pressure waves at discontinuities (1..1dis):

e Application of damping a to the pressure waves
P+, p—,output,,output_ at all discontinuities:
p+(t) = input. /b
p4(t + At) = pi(t) % rotateright
p+(t) = 2p4 (t + At) — po(t + 2A1)
p_(t) =input_ - b
p—(t+ At) = p_(t) % rotateright
p—(t) =2p_(t + At) — p_(t + 2At)
output, (t + At) = output . (t) % rotateright

output (t) = ay ® pL(Ming .. Mgyp) + 2 @ Py My + 1 .. Mgy + 1) m

Lo symbolizes the dot product



output_(t + At) = output _(t) (rotateright)
output_(t) = a; @ p_(Ming .. Mgyp) + a2 @ D_(Myjny + 1 .. Mgy, + 1)
e Set actual flow to §(t) (Dirac function):
e Application of matrices to entry discontinuity i =1
(input_, flowinput, y,auz, inputauz):
flowinput(t + At) = flowinput(t) % rotateright
flowinput(1) = actual flow
yrauz(l) = A(1) ey auz(l) + B(1) e output, (1)
inputaur = Aippur ® inputaus + Bippu @ flowinput
input_(1) = C+(1) e yraux(1) + Ciypur ® inputaux
e Application of matrices to middle discontinuities i
(input,input_, y,auzx,y_aux):
yrauz(i) = A(i) e yraux(i) + B(i) ® output, (i)
y_aux(i) = A(i) @ y_auz(i) + B(i) ® output_(i — 1)
aur = Cy (i) ® yraux(i) + C_(i) @ y_aux(i)
input, (i — 1) = aux + output (i,t)
input_(i) = aux + output _(i — 1,t)
e Application of matrices to exit discontinuity ¢ = ldis
(input ., y_auzx):
y_aux(ldis) = A(ldis) e y_aux(ldis) + B(ldis) e output_(ldis — 1)
input,y (ldis — 1) = C_(ldis) @ y_aux(ldis)
e Addition of inward and outward wave yield the pressure at dis-
continuity ndis:

p(t) = output, (ndis) + input_(ndis)
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Graphical user interfaces
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Figure G.1: Main window of VOX
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The most important functional components of the singing voice and their mode-
ling are described. Exemplarily, overtone singing, different voice registers, and
a voice with singer’s nodules are synthesised. New methods for analysis of the
singer’s directivity and the vocal tract impedance at the mouth are presented.
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