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With the Kelly—-Lochbaum reflection-type line model, the vocal tract is
modelied as a uniaxial set of equally long line segments of different
impedance. The paper deals with practicali aspects of its use for direct
speech synthesis in the time domain, including effects from time variation,
iosses, and noniinear phenomena. Existing modeis to account for time
veariation in the segment areas are brought out as dynamic corrections to the
static scattering, and are extended for the anaiogy of fiow partial waves. A
dichotomy between criteria of continuity in pressure and flow versus conti-
nuity in force and velocity is discussed. The dynamic scattering modeis of
both kinds are approximated with a simple method of adjusting partial waves
locaily. The function of the models is illuminated in a number of dynamic
tests, one working from a concept of resonance mode isolation. Both types of
dynamic models appear to be usefui, but for different purposes. The first is
relatively insensitive to undersampling of area data while the second is
cioser to physical reaiity.

The many loss phenomena in the vocai tract are reviewed and dispiayed in
several forms. They are formalized in a consistent way to make it easy to
inciude them in the reflection modei. Series and shunt losses in the line
modei are expressed as separate and additive corrections to the scattering
equations. Special attention is given to the "jet loss,” related to the
kinetic pressure drop. This is optionally handled as a variable generator or
as a loss resistance, and is used as o central element in simulating the
giottis as an integral part of the line model. Frequency-dependent losses,
inciuding those into the vocal tract wall, are treated using z transforms.
Also incorporated is a z domain model of lip radiation impedance. Generation
of noise at constrictions is theoretically reviewed. With support from a
nozzie-blowing experiment, a practical procedure is elaborated. Programs
implementing the features are briefly described in context with a system of
service programs.

The general shape of the vocai tract area function may be modelled in terms
of a few Fourier coefficients. This was found in an eariier paper, appendix
to the dissertation, to be an efficient means of describing the mid—sagittal
tongue profile. (Author)

Descriptors: Speech synthesis, Area function, Refiection line, Dynamic

scattering, Formant bandwidth, Constriction noise, Glottal flow.



a't\.‘..‘. ............

(s ndl >,

TRITA-TOM-85-2 ISSN D280-9850

LA 0QALASA 0

'?‘.b‘.di'ﬁ'dﬂﬁ.

> ave =

{,’ f’

RS

S
SRR

ARSI
S

QO
7\
R
R
~ANYs
N QS
X
Q‘,
)
2
A
g
i

(7 )

L7\ Y

OV OO
ettt

QA9

AYa

SRR R
.\#‘;*\\-ﬁoib:;\”
ZSEEFES RS
,rcl\bibcr:{ﬁ;*;ﬁ.’*gﬁ- \_*z .‘+.,
o S PR K

S S

S Q O
2882508

~le

»
"

N

5%
e
25

1&%’&
@4;, 298

/Jﬁi OQLN 't ’

[

s

4;
3o
.’.*-

e
SRORE S6 8RS
+ * o ‘t ‘\*n
RS
AR

RORREEay

E&E
o

2525

3685

%%

\“\*:’ Q)

\) [/

)
O
Q

.*.

(/
RL2\Q L
A5
*
5
»~lw

000

+ KAL) O\ $
AN

v’l!
OQL

o

A
’..D
‘!"
va.+'
3
\"‘

ok 36 AR / 3%
:n\..*‘*‘ﬁn\\\;ﬁ\ \\ N A . ,//,J"’#» )n‘ AL .“*#}
P SO0 SNNRS IS EHE SO0 0 00

A% AT ~ "‘::'oq:qp‘f
-.“*‘c ATV N &&':ﬁf "’;c: ’,
e e e e A hIRaE,

e RN e 80050 Y
Al At

oc%

ole
2iaV24°

’
(<] &

REFLECTION-TYPE LINE ANALOQOG

Q LX) LA

N LA
OO f - EQ
(XN (D N & \) 3&. ..‘*’*'.
ARSI,
VNG "*:gf*},f‘fn ,,Q‘**,

Q)

SAEED
QA P PP D

Speech Communication
and Music Acoustics

Royal Institute of Technology
S-100 44 STOCKHOLM SWEDEN

3o 0 3
290%

(R O\ £

s 3 A t\#‘*oq-q '§

RS
AR50t

-#"?;."A" N 50 S
s

W\ (OO0 O

OSEB0L
N
'&-'@&4%

W)
Q"‘.‘.‘."I



CONTENTS

0.

1.

2.

SUMMARY, INTRODUCTION

BASIC TOOLS OF THE REFLECTION TYPE LINE ANALOG
The scattering equations for the lossless line. Pressure and
flow analogies. Generalization into a dynamic line, existing
models and a simplistic proposal. Dynamic tests on the models.
Mode isolation. Practical considerations using the equations.
Branching the line model. Introducing series and shunt losses as
separate correction terms added to the lossiess model. Account-
ing for frequency dependence of viscosity and heat conduction
losses. inclusion of a source in the line, and application to
the kinetic pressure drop.

EVALUATION OF LOSS MECHANISMS IN THE VOCAL TRACT
Formal evaluation of distributed series and shunt losses from
viscosity and wall interaction. Discrete losses from radiation,
glottal resistance, jet formation. Magnitude comparison of dif-
ferent loss mechanisms.

LIP RADIATION MODEL
z domain lip radiation impedance model of Laine. Interfacing the
model to the reflection line analog.

WALL INTERACTION MODEL
z domain modelling of the wall impedance and its installation
into the line. Discussion of quantitative data.

NOISE GENERATION

Expressions for the noise generated at constrictions. Discussion
and experiments. Practical implementation.

INTEGRATING GLOTTIS WITH THE LINE ANALOG
Simulation of glottal flow modulation applying nonlinear pres-—
sure drop correction or kinetic resistance. Function of the
dynamic models.

DESCRIPTION OF PROGRAMS
Structure and editor for synthesis parameter files. Control
parameters. Synthesis main program and line simulation
subroutine. '

CONCLUSIONS

BIBLIOGRAPHY

SUMMARY, INTRODUCTION O - 1



0.1 SUMMARY

The simple Kelly-Lochbaum ( 1982) line model is illuminated and augmented
with a number of tricks to render a comprehensive research tool for
simulation studies of the vocal tract. Several physical phenomena rele-
vant to speech synthesis are reviewed. They are formalized in a homoge-
neous manner in order to make it easy to apply the results to the reflec—
tion line analog. When possible those tricks have been put in the form of
corrections to the standard scattering equations. This approach makes it
particularly easy to connect and disonnect features for research studies.

Existing models to account for time wvariation in the areas by Maoeda
(1977) and Strube (1982) are brought out as dynamic corrections to the
static scattering, and also extended for the analogy of flow partial
waves. A dichotomy between criteria of continuity in pressure and fiow
versus continuity in force and velocity is discussed. The dynamic scat—
tering models of both kinds are approximated with a novel simple method
of adjusting portial waves iocally. The function of the models is illu~-
minated in a number of dynamic tests. Both types of dynamic modeis appear
to be useful, but for different purposes. The first is relatively insen-
sitive to undersampling of area data while the second is cioser to physi-
cal truth.

Methods of connecting paraliel branches to the line are outlined. This
makes it possibie to implement nasals and their complex patterns of pole-
Zero pairs in addition to the all-pole characteristics of the single
line.

Series and shunt losses in the line model are put as separate and addi-
tive corrections to the scattering equations, and a similar treatment is
shown for generators. Also the non-linear Bernoulli effect is handled
this way.

The many loss phenomena in the vocal tract are reviewed and displayed in
several forms. They are formalized in a consistent way to make it easy to
include them in the reflection model, and some quantitative data is
compiled. Frequency dependent losses, including those into the vocal
tract wall, are treated using z transforms. Aiso the z domain model of
lip radiation impedance of Laine (1982) is incorporated. Special atten-
tion is given to the ’jet loss’, related to the kinetic pressure drop.
This is used as a central element in simulating giottis as an integrai
part of the line model.

Automatic generation of noise at constrictions is theoretically reviewed.
With added support from a nozzle blowing experiment a practical procedure

is defined in detail.

Programs implementing the features are briefly described in context with
a surrounding system of service programs.
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0.2 INTRODUCTION

In modelling the speech production process within the vocal tract we can
already from its early days distinguish the uses of line analogs and
terminal analogs. The line analogs then form models that represent direct
spatial mappings of the speech organs. The line acts as a pseudo-statio—
nary filter that operates on a source signal fed to its input. From
circuit theory we can determine some suitable properties of that filter
as seen from its terminals. The interest is then centered on resonance
frequencies and bandwidths that define the speech formants. Here we
recognize the class of terminal analogs. These model the behaviour as
seen from the outer world, but their internal structure and operation is
only indirectly related to the vocal tract.

For vowel production one can get very far with the terminal analogs since
the natural process mainly offers a one-dimensional wave propagation
problem. With consonants the modelling process is much more complicated.
One reason is that in many sounds like nasais we have to account for
partly parallel paths of wave propagation. Another is that the sound
source may be located at several different places, as with fricative and
plosive sounds. Both involve that the transfer function will have zeroes
as well as poles. All these things can be handled in terminal analogs as
shown by Fant (1960). In practical synthesis work it is however rather
intricate to find lucid strategies to fabricate consonants, and especial-
ly the important transitions to neighbouring sounds. One consequence has
been that the theoretically well founded cascade formant synthesizer is
usually augmented with parallel branches. The approach with all formant
resonators in parallel is therefore aiso a useful alternative, especially
to produce good synthetic speech, replicated from an original.

At all times the line analog has been there in the background to supply
necessary theoretical and practical data, but it has not until more
recently been much used for direct synthesis, mainly because of its
higher cost in computations. The inherent merit of it is the direct
relation to the vocal tract which reflects in generally fewer and more
understandable control parameters, but the balancing drawback is that
these articulatory data are hard to measure, very few of them can be
reliably found from the speech wave only.

From available types of simulated lines this paper will deal with the so
called reflection type, working in the time domain. The phenomenon of
wave reflections is since generations familiar to radio and radar engi-
neers, using the Smith chart to establish standing wave ratios and re-
flection coefficients. Kelly and Lochbaum (1962) applied this concept in
making a vocal tract analog from a number of line segments having equal
length but different impedances. In the current search for better vocal
tract analogs this so-called °K-L’ model has attracted continued
interest, for instance by Maeda (1977), Degryse (1981), Strube (1982),
and Titze (1983).
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Neighbour disciplines covering many features of the K-L model are linear
prediction and wave filter theory.

Linear prediction theory (Markel and Gray (1976)) has become very popular
because it offers a set of straightforward computational methods for
direct transformation between the domains of time waveforms, frequency
spectra, formant data, and, by analogy, pseudo area functions. This
theory in its basic form assumes a minimum-phase system although progress
is made toward generalizations in several respects. Connected with this
is filter implementations using lattice structures based on reflection
coefficients. These coefficients have a particularly simple relation to a
pseudo area function. The basic lattice makes all-pole filters only. it
can be augmented with taps to take care of zeroes as well, but then the
direct connection to the geometry of the vocal tract is lost.

Wave digital filter theory (Fettweis (1971)) treats discrete circuit ele-
ments and lines working from the concept of wave frequency which includes
the feature of forward and backward partial waves. Some topics of this
paper have a correspondence in this theory. In wave digital filter theory
line segments are for instance joined with ’adaptors’ that handle the
partial wave scattering. Also reactive elements can be implemented as
input impedances of lines having real terminations at the far end.

0.3 THE REFLECTION-TYPE LINE ANALOCG

The Kelly-Lochbaum model of the vocal tract can be seen as an uniaxial
set of equally long tubes, but with different cross-sectional areas. The
area changes at the tube joints define a set of reflection coefficients.
Several more recent improvements of this model are reviewed and some
novel tricks will be presented. The primary goal has been to develop a
flexible research tool for simulations of details in the speech produc-
tion, and a secondary to get hints on the construction of a practical
high-quality speech synthesizer.

The K-L approach is very attractive because it combines conceptual and
computational simplicity with a very close relation to the physical
world. It is of great interest that it is so easy to inspect the simu-
lated flows and pressures at will at any place and time. But the model
also has a number of weak points to be examined and cured.

First, in the reflection model the whole concept of frequency just is not
there, it has a pure time domain approach and it applies to an ideal
line. Of course a composite model with several segments does have fre-
quency properties, but these are not lucid from the derivation proper.
Frequency dependent elements can also be added using wave filter methods.
A terminologicailly slightly different approach that will be used here is
to interface elements formulated in the z domain as components in the
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