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ABSTRACT
Vel
o My d
Synthetic ¥set?-%sat¥ and [G AH G) - [G AA G) ccrtinua were

N

constructed by the simultarneous manipulatior of vowel duraticn
ard the first formart target frequercy of the vowel. 1In a
rardemized identification test, a highly traired phoretician

transcribed perceived vowel quality when instructed to ignore

irrelevert charges ir. vowel duratior. Results are compared with a
groupof rative English listeners who made phoremic jidgments
when.presented with the same tape. It was fourd that there were
large individual differerces in the phoretic labels assigred to
particular stimuli, so that cross-subject comparisons are rot
easily made. However, the one phoretically traired observer did
show evidence ofcriterial shifts whern orly duratiorn was charged,
calling into question the commorly held rotior that phoretically

traired observers can estimate vyowel quality irdeperdently of

“duration.’

A secord study of factors cortributing to the perceptior of
; a natural voice quality in syrthetic computer-generated speech /

has-been initiated. A set of hypotheses to be investigated are

described in Section II of this feport.FﬁAn additive harmonic
speech synthesizer has been desigred and implemerted ir software
in order to carry out an evaluatior of the hypotheses corcerrirg

the perceptual impertance of various factors cortributirg to

raturalness in syrthetic speech. The harmoric syrnthesizer is

Pt

described in Sectior III.

»
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SECTION I
INFLUENCE OF VOWEL DURATION ON PHONETIC PERCEPTION

1.1 Introductior

The English vowels /AA/ ard /AH/ differ primarily in two
ways -- the first formant frequercy of /AA/ is higher, ard the
duratior. of /AA/ is lorger. 1If a syllable such as /g AA g/ is
.spoken rapidly, Erglish listeners are likely to misperceive it as
/g AH g/, even if it has formart trajectories appropriate for /g

AR g/.

However, a phoreticiar is trained to ignure durational cues
ard to transcribe the vowel quality that was actually realized
(Petersor. ard Shoup, 1966). If the midpoint formant values for
the fast /G AA G/ are set equal to the target frequerncies for
[AA}, the phoretician should be able to irndicate this fact no

matter what the speakirg rate ard duratior of the vowel.

The purposé of the experimert to be described below was to
determire the extert to which traired phorneticians meet this
ideal by comparing their performarce with that of untraired
native Erglish listerers. A set of synthetic
consonart-vowel-corscranrt stimuli have been devised such that,
when shortiered, the vowel becomes ambiguous with arother Erglish
vowel. Two vowel pairs have beer. studied -- /AA/ versus /AH/ ard
/AE/ versus /EH/. 1Ir particular, a shortered wordl"sat" should
be heard as "set" by most Erglish listerers and a shortered

ronsense utter arnce /G AA G/ should scurd like /G AH G/ to
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untrained listeners, even if there is no vowel reduction
concomitant with the shortening. For a trained phonetician,
however , shorternirg rot accompanied by vowel reduction should rot

change perceived vowel quality.

1.2 Stimuli

The Vowels /EH/ - /AE/. Broadband spectrograms of the

words "set" and "sat" spoker in isolation by DHK are shown ir
Figure 1. Typical values for the vowel duratior D and the first
formant.target F1 for "set" are D=190 ms and F1=510 Hz. For the
word "sat", the values are D:280'ms'apd F1=630 Hz. These two
parameters serve as the primary acoustic cues differentiating
/EH/.from /AE/, although there may be small differerces betweer:
the two vowels on other acoustic dimensions (Peterson ard Barney,

1952).

Twerty rine stimuli alorg a "set" - "sat" corntiruum have
beern constructed by the simultaneohs manipulation of vowel
duratior. (from 160 ms to 340 ms) and first formant frequency of
the vowel (from 480 Hz to 660 Hz). The stimulus irventory is
defined ir Figure 2. Since the two vowels are slightly
diphthorgized toward schwa before a postvocalic /D/, the first
formarnt values refer to the initial vowel target. fhe first
formant value near the erd of the vowel is 60 Hz higher. All
other patrameter values are the same for all stimuli of the
continuum, éynthesizer control parameter values were obtained by

trial ard error until a ratural utterarce was duplicated

accordirg to spectral criteria.
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Figure 1. Broadband spectrograms of the words "set" and "sat".

The values for D and F1 spar the expected phoreme boundary
in such a way as to cover the rarge of expected interactions
between these two acoustic cues. The endpoint stimuli 4 and 26

are perceived as clear natural versions of the two words.

The Vowels /AH/ - /AA/. There exists another vowel pair of

English, /AH/-/AA/, for which the primary distinguishing acoustic
characteristics are vowel duration and first formant target. A
second set of stimuli involving these vowels have been included
in the experiment to determine the perceptual interaction of
duration and first formant target in another region of the vowel

space.
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Accession For

Stimulus Number (1 - 29): NTIS  Gwkl
N DDC TAB
First Formant Target F1 (Hz) Unannsusced

Justific tion
D (ms) 480 510 540 570 600 630 660

By
b 160 8 13 18 23 27
190 y 9 14 19 24 28  |Distrivutiens
230 1 5 10 15 20 25 29 AVE1120,10 14y fodng
280 2 6 11 16 21 26 Avatlevd/op
340 3 7 12 17 22 Dist | apectsy

1 Figure 2. Vowel Duratior and first formant frequencies of 29
stimuli rargirng from "set" to "sat"., 'Also shown are broadbard
spectrograms of the four endpoint stimuli and a naturally spoken . I
toker. of the words "set" and "sat". b

Arother reason to iriclude a secord vowel continuum has to
do with the well-knowrn contrast effect in vowel perception;
there is often a pronourced shift in the responses of subjects to
vowel stimuli as a function of the acoustic characteristics of
the previous stimulus. If the previous stimulus was labeled as

an /EH/, then the next stimulus from an /EH/-/AC/ continuum is

less likely to be called arn /EH/ than if the previcus stimulus
was labeled /AE/. 1In ar attempt to overcome, in part, this
contrast effect, we have assembléd an identification test in

which adjacert test stimuli come from alterrate continua.

Typical values for vowel duration ard first formant target for
/AA/ in the ervirorment of /G/ are D=320 ms and F1£7u0 Hz. For
/AH/, the values are Dz210 ms and F1=590 Hz. These two

parameters serve as the primary acoustic cues differertiating
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/AH/ from /AA/. Twenty nire stimuli alorg a [G AH G] - [G AA G]
continuum have beer corstructed by the simultaneous manipulation
of vowel duratior (from 180 to 360 ms) ard first formant
frequency at vowel midpoint (560 to 740 Hz). The stimulus
irventory is defired in Figure 3.

A randomized 300--item test tape was prepared from the 29
"set"-"sat" stimuli ard the 29 [G AH G]-[G AA G] stimuli. The 58
different s£imuli were played rapidly in succession at the
beginrirg of the tape ir order to familiarize the listeners with
the rarge of variatior in the vowels. There followed the
300-iteﬁ identification test in which stimuli were separated by
3-secord pauses, with an extra 5—se§oﬁd pause every tenth
stimulus to ensure syrchrony of responses with the answer sheet.
Adjacent stimuli of the idertification test came from different
continua. Five rardomizations of the 29 stimuli from the
/EH/-/AE/ cortinuum arnd five different rardomizations of the

‘/AH/-/AA/ continuum were folded together to make.a 290-item
rardomized sequence, and the first ter items were repeated at the
erd to complete the 300-item test. (Tne first 5 ard last 5 items

of the test were not scored.)

Instructiorns to the expert phoreticians were given on a
plece of paper which read in part: "Trarscribe each vowel that
you hear for phonetic quality while disregardirg the variations
in duratior. that are present. You may use a broad or rarrow
phonetic transcription; we are only interested in your self

corsistercy and ability to ignore spurious variation in vowecl
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Stimulus Number (1 - 29):

Fir st Formant Target F1 (Hz)

| D (ms) 560 590 620 650 680 710 740
180 8 13 18 23 27
210 Y 9 14 19 24 28
250 1 5 10 15 20 25 29

; 300 2 6 11 16 21 26

‘- 360 3 7 12 17 22

Figure 3. Vowel Duration and first formant frequencies of 29
stimuli rargirg from [G AH G] to [G AA G]. Also shown are
broadbar.d spectrograms of the four endpoirt stimuli and a
raturally spoken token of the nonscnse syllables.

duratior ever. though this variation is phonemic in your native

language.

1 The instructions tc the control subjects read in part:
. "Transcribe phonémically the vowel qualities that you hear. We
expect most stimuli will be heard as /EH/, /AE/, /AH/, or /AA/,
but there may be other vowels present, such as e.g. /IH/ or

/AO/ "

s re——————rw e e

Further instructions given to both sets of subjects
included a warnirg that the randcmization happered to produce
long sequerices where ore of the intended four vowels was unlikely
to be heard, so please do not charge your criteria when you

notice the prolorged absence of a particular resporse.
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1.3 Results

The tape was played to ore expert phoretician (JE3) and
to four control subjects familiar with phonemic notation. The
results for the cortrol subjects can be expressed as the first
formant value at the phoneme bourdary, as a furction of stimulus

duration. The phoreme boundary is defined as the F1 value at

‘which the response pattern crosses 50 percent /AA/ responses.

The boundary is at F1=625 Hz for a stimulus duration of 280 ms,
i.e. a duratiorn that is ambiguous betweer. /AA/ and /AH/. The

boundary shifts toward more /AA/ responses with increasing vowel

duration accordirg to the expected tradirg relation between the

two éues. Charnging vowel durations near this ambigﬁous region
has an effect of shiftirg the phoneme boundary 5% (in terms of
F1) for a 20% change in duratior. Further from the maximally
ambiguous stimulus duration, charges to vowel duration have less
of an effect on the phoneme boundary, i.e. duratior is not as

strorg a cue as first formant frequercy.

This data was from the best two subjects, i.e. the
subjects that had the least difficulty assignirg labels to the
vowels. Unfortunately, some of the remaining subjects, including
the trained phonetician, had great difficulty in categorizing the
vowel for some stimuli. This was manifested in the data by a
good dez2l of variability in the response label assigned to the

identical stimulus when it was repeated later in the test.
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Thus our original objective, to compare trained

phoneticiars with untrained listerers, cannot be performed with
statistical significance. Nevertheless, it is clear that both
groups of subjects change their responses when only duratior is
manipulated. Unfortunately, the data from this kind of
experiment do not tell us any more than this,‘i.e. it is not
possible to quantify the role of duration ir the perception of

individual subjects.

This research was abandoned in favor of a more
interesting theoretical question when it was discovered that a

similar study had just been published (Mermelstein, 1978). The

new topic is described in the next section.
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SECTION II

PERCEPTION OF NATURAL VOICE QUALITY

2.1 Theoretical Consideratiors

The acoustic theory of vowel production that has been
developed by Fant (1960), Stevens and House (1961) and others

states that, in the frequency domairn, the output spectrum for a

vowel, P(f), is the product of (1) a source spectrum S(f), (2) a

transfer function of the vocal tract T(f), and (3) a radiatiorn

characteristic R(f). The vccal tract transfer functior and

radiation characteristic describe a lirear system that cén be

modeled by a product of poles ard zeros.

The theory indicates that the output waveform for a
vowel, p(t), can be syﬁthesized by sending a quasi-periodic time
waveform s(t) (that iS analogous to a glottal volume velocity
sound source) through a linear filter having a transfer function
given by the product of T(f)*R(f). Assumirg that the source
waveform can be approximated by an analytic functior, a vowel can
also be synthesized by serding an impulse train thfough a lirear
filtef having a transfer function given by the product of

S(E)*¥T(F)*R(S).

This is the most common way that vowels are produced by
formant synthesizers. Furdamental frequercy ard amplitude
control paramcters determine characteristics of an.impulse train
that excites a set df aralog or digital formant resonrnators plus
additioral poles and zerﬁs that approximate the desired trarnsfer

furction.
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A cascaded set of digital formart resonators can
approximate the ideal vocal tract trarsfer functior T(f) quite
accurately for non-nasalized vowels, especially if the experimeter
has dyriamic cortrol cver both the frequencies and bandwidths of
all of the formant resorators. Similarly, the radiatiornr
characteristic canr be appreximated very well by a first
difference calculatior (i.e. a zero at the origin in the

z-plane).

A question that still remains, however, is how best to

approximate the voicirng source wave form and spectrdm.‘ It has
often been said that formant synthesizers produce a somewhat
Mechanical, nor-human sound, ard that this is due to deficiencies
in the representation or the voicing source. There are several
hypotheses concernirg specific deficiercies in the source
representation, but there has been no systematic perceptual
irvestigation of the relative importarce of each. The purpose of
the present investigatior is to determire the relative perceptual
importarce of various factors that might improve the naturalness
of the speech of formant synthesizers. The representational
deficiency bhypotheses fall into five general categories that are

reviewed in the following paragraphs.

2.2 Hypotheses to be Tested

1. Statiorarity
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of reasons.

component in the times of openirg and closirg of the vocal folds

during voicirg. It has been claimed that the additior of perhaps

‘voicing waveform will have the desired perceptual effect of

Shoup and Klatt 13 ONR Final Report

The first explanation that hés been offered has to do
with the perfect periodic regularity of synthetic waveforms that
are ptcduced when the synthesizer control parameters are held
constart. It is argued that the auditory system is capable of
detectirg this regularity ard thus distinguishirg the synthesis

from human speech which is never perfectly periodic for a number

What aspect of the presumed variability in natural source
waveforms is of greatest perceptual importance? There appear to

be three candidates. The first concerns a possible random

a one percent rardom jitter to the period of the synthetic

humanizirg the voice (HYPOTHESIS 1).

A seconq possible random variation corcerns the size and
shape of each glottal pulse (HYPOTHESIS 2). Visual examiration
of high-speed motion pictures of the vibrating vocal folds
suggests that the detailed vibration pattern does vary from cycle
to cycle, with both regular (e.g'. alternating periods more
similar than adjacent periods) and irregular unpredictable 1
variations being.observed. Thus one might, for example,
investigate the perceptual effect of addirg a randpm compenent to

the amplitude of each glottal pulse.
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A third source of random variation is the generation of
turbulence noise at certain times in the glottal opening/closing
cycle (Rothenberg, 1974). 1If the airflow through the relatively
narrow glottal opening exceeds a critical velocity, perceptible
aspirétion noise will be generated. Aspiration noise has a
different spectrum from periodic voicing harmonics so that its
presence would be perceived best at higher frequencies. Thus
one might study the perceptual effect of adding aspiration noise
to the voicing source waveform just before closure and immediately

after opening of the glottis (HYPOTHESIS 3).

2. Phase Relations Among Harmonics

A second theory concerns the role of phase in vowel
perception. During the production of a sustained vowel at
constant pitch, the spectrum consists of a set of well-defined
harmonics, each of which can be characterized by a magnitude
(usually expressed in dB) and a phase angle (usually expressed as
a delay relative to the timing of a pnsitive peak in the waveform
corresponding to the first harmonic). If all harmonics of the
source waveform are synthesized.to have the same (zero) phase,
then there will be a time during the period when they all add
together in phase and produce a large positive peak in the
waveform. It has been suggested that this peakiness is an

undesirable unnatural aspect of synthetic speech that should

somehow be reduced by modifying the phase relations between
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source harmonics. A synthesizer might try to achieve this goal
in two ways -- either by adding a random component to the phase
relations between source harmeonics (HYPOTHESIS 4), or by tryirg
to duplicate the detailed phase relatiors seen in real speech.
For example, is it only necessary to produce phase relations such
that the waveform appears to decay over a period (HYPOTHESIS 5).
Or is it necessary to simulate the phase relations of the glottal
source waveform, as seen in a plot of glottal area versus time
(or inferred glottal volume velocity waveform) as well as the
vocal tract transfer function induced waveform decay over time

(HYPOTHESIS 6).

3. Pitch-Synchronous Changes to the Vocal Tract Transfer Function

The third theory questions the simplifying assumption
that the vocal tract transfer function is indebendent of changes
in glottal state over a single period. For example, recent
calculatiors by Fant (personél communication) indicate that the
bandwidth of the first formant of /a/ increases from about 50 Hz
during the closed-glottis portionr of the period to over 400 Hz
when the glottis is open. Smaly shifts (on the order of 50 Hz)
in formant frequerncy also occur for some onels wher the glottis
is open. Pitch-synchronous charges in formant frequencies and
bandwidths could be synthesized to investigate the perceptual
effect of this detailed time variation, as compared with the use
of suitable average formant frequency and bandwidth values

(HYPOTHESIS 7).

S i e e
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U, Source Spectrum Irregularities

A fourth theory concerns the details of the voicing
source spectrum. Typically, the source spectrum used in formant
syrthesis has a smooth morotonically decreasing envelope
(harmonic amplitudes decrease at a rate of about -12 dB per
octave of frequency ircrease). On the other hard, natural scurce
spectra have a harmornic amplitude envelope that include notches
at certain frequencies. The notches are an inherent consequerce
of a source waveform that includes a distinct closed portion of
the period. 1If a formant frequency is changed such that the
formant energy corcentration moves. into the region of one of
these notches, its amplitude may be attenuated by as much as 10
to 20 dB. PerceptualAconsequences of the incorporatiorn of
rotches at fixed frequency could be investigated by simple

modificatiors to the source spectrum and waveform (HYPOTHESIS 8).

The perceptual effects of notches that éhange location as
a functior of fundamental frequency, formant position, or glottal
state are also of interest (HYPOTHESIS 9). However, time-varying
source irregularities are difficult to investigate since little is
known about how natural source waveforms change as a function of

these variables.

5. Changes Over the Duration of an Utterarce

A fifth theory concerns the dynamic control of the

voicing source. What changes to waveform and spectrum are seen

RPN
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~as fundamental frequency is varied or as lung pressure decreases
toward the end of the utterance and the vocal folds are relaxed

in preparation for breathing? How should sound intensity be

varied over the utterance?

Typically, a synthetic waveform is constrained to retain
a fixed spectral envelope as fundamental frequency is varied.
Generally, no attempt is made to introduce a terminal breathy
quality by adding aspiration and an associated boost in the
amplitudes of the lowest frequency harmonics at the ends of
utterances (HYPOTHESIS 9). Neither is there an attempt to
simulate changes to spectral slope_sgen at high fundamental
frequency (Monsen, Engebretson, and Vemula, 1978) (HYPOTHESIS 10),
or ;o simulate the kinds of diplophonia (alternate peaks earlier
and larger) that occur at low fundamental frequencies and at
the end of utterances (HYPOTHESIS 1l1l). It is likely that the
"droning"” quality characteristic of sentences generated with a
fixed source spectral envelope is. the most important defect to

be removed by dynamic changes to the source model.

Specifically, over an utterance of several syllables
duration, how should the source .spectrum be changed as a function
of fundamental frequency changes and position of the syllable in
the breath group? Systematic investigation of natural speech,

e.g. reiterent "mamama" speech would help to guide the search

for relevant experimental variables.
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2.3 Experimental Desigr

What is the perceptual importance of each of the
above-mentiored differerces between simplified vowel synthesis
and observed characteristics of normal speech waveforms and
spectra? This study will attempt to find answers to some of
these questiors through systematic examination and comparisor of
the effects of a number of stimulus variables. The general
approach will be to obtain rnaturalress ratings and preference
ratirngs for pairs of stimuli that differ alorg the appropriate
physical dimersiors. Simple vowels and lorger vocalic sequences
(synthesized or perhaps in part from a recordinrg of an utteranrce)
will be used as referernce stimuli. In some cases, direct
estimatior of discriminability of certain physical dimensions may
be obtained since it is not clear that a negative result (ro
systematic preference between a pair of stimuli) is due to a lack
of discriminability or simply to an insignificant change in

natu: alrness.

Most of the stimuldi to bec generated require
straightf&rward modifications to an existing digital formant
synthesizer that has been described previously (Klatt, 1980).
However , in a few cases, it is desirable to have direct control
over the amplitude and phase of each harmoric in the voicing
source, Therefore, we have designed a secord vowel synthesizer
(known as the "addifive harmor.ic synthesizer") that can generate
the same waveform as a formant synthesizer, but by addirg
together sinusiods of the appropriate frequencies, amplitudes,

and phases.
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SECTION III
AN ADDITIVE HARMONIC SYNTHESIZER FOR PERCEPTUAL RESEARCH

3.1 Introduction

The output waveform for a statiorary vowel can be

represented by the sequerce:

p(nT) = An*cos((2 PI n FO T) + PHn)

where n is an index of all harmonics below e.g. 5000 Hz, T is the

sampling interval and equals 1/10000, FO is the fundamental

frequercy in An is the amplitude of the nth harmonic, ard PHn

Hz,

is the phase of the nth harmornic. Calculation of An and PHn for i

a given functional representatior of the source waveform is

complex, but equatiors are provided below.

Since the formant synthesizer produces an output spectrum

P(f)=S(f)*T(f)*R(f), it follows that the additive harmonic

synthesizer should require that each harmonic of frequency r*Fo0

have an amplitude An=|P(n*FO0)|

and a phase PHn=/P(rn¥*F0). (o

Analytic expressions for these quantities are giver below.

An example of additive harmonic synthesis is shown in

Figure 4. The figure indicates successive stages in the

approximatior of an impulse train by a sum of harmonics combined

in cosine phase.

The magritude of the transfer functior of the vocal tract

can be computed arnd used to adjust the amplitudes of harmonic
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Figure 4. Generation of an impulse ‘train by additive harmonic
synthesis. As the number of harmonics increases, the

approximation to an ideal impulse improves.
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components makirg up the synthetic impulse train. The result is
shown in Figure 5 for a transfer functibn'analogous to a uniform

tube closed at the glottis and open at the lips.

The lower panel of Figure 5 indicates the effects of the
phase of the vocal tract transfer furnction. - Inclusior of the
phase causes the waveform to decay exponentially between impulse
excitations of the vocal tract, although the magnitude spectrum
. is identical to the cosine phase waveform showr in Figure 5a. It
takes about a half millisecond for the impulse excitation to
travel from the glottis to the lips; one thus sees the
consequences of a sequence of waves traveling back and forth in

the uniform tube.

The net effect of imposing a -12 dB/octave roll-off to the
source spectrum and a +6 dB/octave boost due to the radiation
characteristic are shown in Figure 6a. The result is an additive
harmoric synthesis of a neutral vowel. In Figure 6b, a formant
resonance synthesizer has been used to generate a comarable
waveform. As can be seen, the waveform arnd spectra are identical
in the two cases.

The situation becomes more complex when synthesizer
control parameters are allowed to vary so that the stationarity
assumption is violated. The easiest way to maintain an
approximate correspondence between the outputs of a formant
synthesizer and the harmonic synthesizer is to change control

parameter values pitch synchronouslyﬂ In this case the signal is

stationary during a glottal period, and harmonics can be added

s
i
{
i

i
i

e



23 ONR Final Report

Shoup and Klatt

o ew W es Sr @3 SR Ss M W Gn G 8 eB B S G o Gn ex °n e @ S M = W = S W 4s @ -

uTUBa

T=60 MS

¢

T-Gq MS

Lt

"
I-T=o MS

T=130 MSJ

'v‘lﬁr'ﬁl

'x

l

i

T =60 MS

T

70

—
T = 60 MS

3

FREQ (KHZ)

2

3

FREQ (KHZ)

2

$
19
(o] t
L
@ + ! m,
< o M
o9 4] ] PY
0o <3 —
O . ' -1
~ 3 o] A
I O % L ‘3
P 0 C ey
= ®©0T [} - A
T O EL [
E>L 0 z
»~ O O Sa
Ol = ] -
“ o N 3
o X ' 4
TN O Ui
M.~ 0 1 ]
T+ O N
v ' S
o T £ oo
- $ <
nitoeo - = 3
O PN o
£ ~ommxm 73
£ N 1 I
e s O P.m
= O~
noco
Cownwov i
Qe oo
> H o @ 1
O O =
P AOC -
ot OO
T oot~}
o -
- -1
> 8 -0
— 0 L O~
[o JF = o
[P Ta W |
S > O
o v m© ~ 1
N 2P -
000 ~1I
" > 00O
1] DN Fa o
0, ©m
1= Tl t
O (o2 e
© ow 1
+ 0o
. 0 oot
O et "o D
N« 0o !
D QO
-0 32
St T
e~ 00
wt @O 4 O
e Vo 0 )




Shoup and Klatt 24 ONR Final Report

together in the same way as before. The only issue is how to
compute initial conditions such that the sigral is the same as in
a formant synthesizer. As a crude approximation, we have assumed
that initial conditions are zero, i.e. the decaying waveform from
the previous period can be igrored. Perceptual tests to be
described below indicate whether this assumption can be
~justified.

3.2 Implementatibn Issues

The execute file HARSYN.EXE generates vowel-like synthetic
speech sounds by addirg together sinusiodal harmonics. To run

the program, type <SP.KLATT.EXE>HARSYN(cr).

Synthesis control parameters are 1listed below. Default
.values are specified, as well as the range over which a parameter

can be varied.

Name Default Function
AV 0 amplitude of voicing (0 to 70 dB)
FO 0 fundamental frequency (50 to 1000 Hz)

F1-F5 /EH/ formant frequencies (150 to 4999 Hz)

B1-B5 /EH/ formant bandwidths (40 to 1000 Hz)

DBO -6 spectral slope in decibels per octave
(-20 to +20)

DBK 0 spectral slope in decibels per kilohertz
(-20 to +20)

PHR 0 degree to which phase lag of harmonic source

is random (100 corresponds to random phase,




Shoup and Klatt 25 , ONR Final Report

0 to cosine phase).

PHT 100 degree to which phase lag of vocal tract
transfer function is added to overall phase
lag (full=100, nore=0, negative full=-100)

GO 60  overall gain control in dB (0 - 100)

CSW 0 switch to engage a cascaded set of formants

by the additive-harmonic source if set to 1.

Output waveform samples are computed according to the equatior:

100
OQUTPUT (mT)= __ A(nr)*¥COS(ARG(mT,n)) (1)
n=1

where ARG(mT,n) = ARG(mT-T,n) + (2 PI n FO T)

and ARG(1,n) = PH(n)

If the fundamental frequency, FO, changes during the utterance,
it is very important to compute output samples in the manrer
shown above rather "than simply computing
COS((2 PI nFO mT) + PH(n)). The amplitude of a harmonic, A(nR),
is determined by the vocal tract transfer function (i.e. formant
frequencieg and bandwidths) as wgll as glottal source parameters.
The phase parameter PHR(r) is used to control the phase of the
glottal source harmonics, while PHT controls the amount of phase
lag associated with the vocal tract transfer function. Details
of how control parameters simulate the acoustic characteristics

of the voicing source, the vocal tract transfer function, and the

radiatior characteristic are described in later sections.
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Commands for control parameter specificatior by the user are
the same as in the synthesis program NEWSYN.EXE and will be

described in NEWSYN-DOCUMENTATION.MRN.

Source files used to compile and load the execute file
HARSYN.EXE reside ir <SP.KLATT.EXE>. The main calling program is
HARSYN.FOR, and required subroutires include HARSY1.FOR and
KOPLIB.REL; If charges are made to the Fortran routines, type
LOAD #HARSYN to load a new version. Then type SAV HARSYN.EXE(cr)

to obtair a new execute file.

3.3 Details of Control Parameter Specification

Control parametérs are specified wevery 5 ms in the input
data array. However, the synthesizer only updates parameters at
the beginning of a period, usirg parameter values specifed at the
time of the onset of the period in question. In this way, FO and
formant frequenrcies ard bandwidths are constant throughout a
period. The overall amplitude of the period is linearly
interpolated from one end of the period to the next in order to

minimize amplitude discontinuities at period boundaries.

Amplitude of Voicing AV

The amplitude of the voicing source, AV, is specified in
decibels every 5 msec. A value of about 60 turns on the voicirg
source such-that waveform peak amplitudes are nearly maximum,

while a value of 0 turns off the voicirg source. The value in dB

is‘ converted into a linear scale factor, AVOICE. If there is a
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charge in AVOICE from the previous frame, the actual amplitude of
voicing for each of the waveform samples in the period is
linearly interpolated from the amplitude of voicirg specified in

the previous period.

At the beginning of the utterance, it is assumed that the
previous value of AV is zero. This results in a natural linear
"rise in amplitude of the output waveform. A similar linear fall
at the end of the synthetic utterarce should be generated by
setting AV to 0 in the final frame in order to avoid "clicks" in

the A/D output.

Fundamental Frequency FO

The fundamental frequency of vocal fold vibrations, FO,
vdetermines the frequencies of the harmonics that are present in
the output. Fundamental frequency is constraired to stay between
50 and 1000 Hz (stimuli with FO outside this range are not likely
to be needed _by the experimenter). Up to 100 harmonics of the
furdamental frequency are generated, subject to the constraint
that harmenies having a frequercy that becomes greater than 4900
Hz are linearly interpolated to zero amplitude, and remain at
zero amplitude wuntil the frequency of the harmonic falls below
4901 Hz. As noted above, it is essential that Equation 1 be
used to compute waveform samples if FO is changed dynamically

during the synthetic utterance.

The amplitude of each harmenie is determined by a

multiplicative combinatiorn of (1) the amplitude of voicirg, (2)
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spectral shapirg associated with the glottal
characteristic, and (3) the magnitude of the
function. Control parameters that determine

described next.

Spectral Slope in dB/octave, DBO

The combined effects of the voicing

characteristic on the magnitude spectrum
average spectral fall-off ip
the control parameter DBO. A typical choice

because the voicing source typically
while the radiation characterisfic adds a +6
to the spectrum.
over an utterance.
+20 dB/octave, and as low as =20
harmonic

accordinrg to the equation:

AHARM(NH) = NH¥**(DB0O/6.)

dB/octave.

ONR Final Report

source and radiation
vocal tract transfer

factors 2 and 3 are

source and radiation
are simulated by
dB per occtave, using

for DBO might be =6

falls off at -12 dB/oct

dB/octave increase

The control parameter DBO must be held constant

The value assigred to DBO can be as high as

In the additive

synthesizer, harmonic amplitudes AHARM(NH) are adjusted

i.e. the harmonic number is raised to a power given by the real

number DBO/6.

Spectral Slope in dB/kHz, DBK

An additional spectral slope in decibels per kiloHertz can

be imposed on the synthesis through use of the

parameter DBK.

it has ro influernce on the output,

However ,

constant corntrol

The parameter has a default value of zero, i.e.

there are cases
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where it is desired to manipulate spectral slope, and use of the
control parameter DBO may result in too large an influence at low
frequencies. For example, setting DBK to -2 will attenuate
higher frequencies at a rate of -2 dB/kHz, i.e. formant
amplitudes will fall at approximately 2 dB per formant (assumirg
an average formant spacirg of 1000 Hz),. The effect 1is

implemented by the equation:
AHARM(NH) = AHARM(NH) ¥ 2#¥¥(DBK*¥FHARM(NH)/6000.)

The first harmonic amplitude is not affected by these two glottal

~source slopes. This is achieved by a post normalization of the

form:

AHARM(NH)=AHARM(NH)/AHARM(1)

Formant Frequencies F1, F2, F3, F4, F§5

The effects of the vocal tract transfer function are
determined by settings of five formant frequencies, F1-F5, (and
five formant bandwidths, B1-B5). The magnitude of the vocal
tract transfer function at each harmonic frequency‘ FHARM(NH) 1is
compﬁted from this formant ;pecification. The theoretical
magnitude of the vocal tract transfer function is used to adjust
harmoniec amplitudes in the synthesis. Formant frequencies are
not linearly intérpolated over the period, but rather change

discretely. The magnitude of the vocal tract transfer function

at frequency F is given in Gold and Rabiner (1968),
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and the effect of the vocal tract transfer functiorn on a harmonic

is given by:
AHARM(NH) = AKARM(NH)*T(FHARM(NH))

Formant Bandwidths B1, B2, B3, BI, BS§

The formant bandwidths, B1-B5, also influence the magnitude
of the vocal tract transfer functionr according to the equation
given above. 1If there is a change in formant bardwidths from one
5 ms ffame to the next, bandwidth values change discretely rather

than beirg interpolated over the 50 samples of a frame,.

Source Phase Lag, PHR

The phase spectrum of the output is determined by two phase
paramters, PHR and PHT. Randomness can be imposed on source
phase relations by increasing PHR from 0 to 100. If PHT=0 and
PHR=0, harmonics will all be in cosine phase, and the waveform
will have a maximal peak factor (ratio of peak amplitude over a
period to rms amplitude). One way to reduce the peak factor
toward a value more characteristic of naturally-spoken vowels is
to add a random component to the phase relations PH(ﬁ) as defined
in Equation 1. If RAN(n) is a random number ranging from -pi to

pi, then the phase of a sourceharmonic is given by:

PH(r) = (PHR*RAN)/100.

e AR L
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Transfer Function Phase Lag, PHT

The phase relations between output harmonics are the summed
effects of source harmonic relations, as governed by the control
parameter PHR, and the phase lag imposed by the vocal tract
transfer function. This latter phase 1lag is related to the
tendency for the waveform to decay in amplitude over the interval
of each period. If PHT is set to 100, a phase lag <correspording
to this nrnatural decay is computed. Leavirg out this systematic
phase lag (PHT=0), or making the waveform grow exponentially over
each per iod (PHT=-100) can  have important perceptual
consequences. The parameter 1is presently included so as to
peréit psychophysical‘assessment of the importance of waveform

decay.

The phase lag associated with the wvocal tract transfer

function is given by:

PHARM(NH) = sum [2%WT - ATAN(X1/Y) - ATAN(X2/Y)]

Overall Gair Control GO

A constant gain control GO in dB can be wused to raise or
lower the overall level of the synthesis without having to change
the detailed contour AV. A default value of 60 is assumed. To

reduce the gain by 6 dB, one would set GO to 54.
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Cascade/Harmonic Vocal Tract Implementation CSW

The additive harmonic synthesizer rormally simulates the
vocal tract transfer function, T(f), by appropriate adjustments
to the amplitudes and phases of source harmonics. This 1is
exactly the same as sending the source function through a
cascaded system of resonators having a transfer furction T(f) as
lorg as fundamental frequency remains constant and T(f) remains
stationary. However, if FO is not stationary, then ¢two methods
are not exactly the same because the decay of ore excitation
pulse into the following period is not considered in the additive

harmonic verison.

In order to compare the perceptual consequences of this
discrepency, we have provided a synthesis option such that the
voicing source and radiation effects are synthesized by the
additive harmonic technique, and this wavefprm is then passed
through a digital filter consisting of five cascaded formants.
If the control parameter CSW is set to 1, this digital filter is
excited. Otherwise, the normal all-additive-harmonic technique

is used.
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