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The LF-model revisited. Transformations and 
frequency domain analysis* 
Gunnar Fant 

Abstract 
The main theme of our presentation is the parameterization of the human voice source. The 
LF-model provides an eflective representation of the inverse Jiltered speech wave form, but 
the four parameters are not easily handled in analysis and synthesis of connected speech. A 
data reduction scheme has recently been proposed (Fant et al., 1994) as a supplement to 
complete specifications. This system is now outlined in greater detail and is applied to 
descriptive analysis within a phonetic fiame. Specific emphasis is given the fiequency domain 
properties of the complete and the transformed systems. An analysis-by-synthesis spectrum 
matching scheme, which ensures source parameters optimal for speech synthesis, is proposed 
as an alternative or a complement to traditional inverse$ltering. A crucial requirement is the 
coherence of source data with the VT transfer finction and the synthesis architecture 
including higher pole corrections, vocal tract length and the specific samplingfiequency. 

Introduction 
A major tool for the study of the human voice source is inverse filtering. Over the 
years a substantial amount of work in this area has been carried out at KTH (Fant, 
1993). Inverse filtering is a process of removing the vocal-tract transfer function fiom 
the speech wave thus regenerating a replica of the underlying source. This process 
provides us with some insight in the production mechanism and also a substance to be 
quantified and described within a suitable parametric system. 

Early parametric systems concentrated on main shape aspects of glottal flow pulses 
such as rise time, decay time and open quotient. The importance of the flow 
discontinuity at closure as an excitation function was discovered at an early stage in 
connection with inverse filtering and was included in a Laplace transform production 
modelling in 1979 (Fant, 1979). Five years later the importance of the return phase in 
the flow derivative was hlly acknowledged (Ananthapadmanabha, 1984) and became 
a major constituent of the LF-model (Fant et al., 1985). The effective duration of the 
return phase, T ,  was shown to be inversely proportional to a frequency F,=1/2pTa, 
where the source spectrum attains an extra -6 dB/oct slope. Increasing T, thus implies 
a lowering of the cut-off frequency Fa of an equivalent low-pass filter. This parameter 
is usually of greater significance than the main pulse-shape parameters. 

The ability to capture wave-shape essentials has promoted a wide use of the LF 
model. However, human data fiom inverse filtering may deviate substantially from 
model data, mainly in terms of a superimposed fine structure which displays both 

The present article is an extension of an ESPRIT BR SPEECHMAPS report by Fant, Liljencrants, Karlsson & 
BAvegArd ( 1  995). 
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The Rd-parameter 

A statistical and functional analysis of covariation of LF-parameters ranging from an 
extreme tight, adducted phonation, with low OQ and high Fa, to a very breathy 
abducted phonation with high OQ and low Fa brings out characteristic trends. These 
can be quantified along a single shape parameter, &, which is closely related to the 
effective pulse declination time Td=UdE, (in ms) of the falling branch (Fig. 1). 

Td is of the order of 0.5-1 ms for both male and female vowels. The constant 110 in 
Eq. 1 is dimensionless and was chosen so as to provide numerical equivalence 
betweeen & andTd data of vowels and consonants derived from Gob1 (1988), where 
Fo averaged 1 10 Hz. But for a different scale factor, Eq. 1 has recently been adopted by 
the ICP group in Grenoble. 

Within a population of vowels and voiced consonants we find the following 
statistical relations (Fant et al., 1994). The added subscript p stands for predicted 
values. 

An important additional finding is that & can be estimated from the geometrical 
constraints of the LF model given the measured Ra,Rk, and Rg. 

Compared to the definition Eq. 1 this approximation holds with an accuracy of 0.5 
dB for &<I .4 and with a maximum error of 1.7 dB at %=2.7 as inferred from Fig. 1 1. 
Rgp can be derived statistically in the same way as Rap and Rkp (Fant et al., 1994), but 
a better approach is to calculate sp h m  & given Rap and Rkp through Eqs. 2-4. This 
ensures a conformity with the LF model. The covariation of LF parameters with % is 
graphically illustrated in Fig. 2. 

Normal Range Abducted termination 

Fig. 2. LF-parameters as afunction of Rd 
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The data pertain to isolated long Swedish vowels produced by a female subject 
(Karlsson, 1990). From the particular data on Ra, Rk and Rg values in this article, a 
single & parameter was computed from Eq. 4 followed by an inversion to derive 
predicted values Rap, Rkp and Rgp through Eq. 2-4, i.e., as a function of & alone. The 
prediction accuracy happens to be appreciable for this particular female voice. One can 
also see a correlation between & and Fo. 

The sequence of vowels in Fig. 3 are arranged so as to locate unrounded open 
vowels [ie:] and [a:] in the center and vowels of increasing rounding and tongue 
constriction, [i:] and [y:] towards the left, and [u:] and [a:] towards the right within the 
graph. A pronounced vocal-tract narrowing, as in the [i:] and [y:] and the maximally 
rounded [u:] and [a:], causes a loss of transglottal pressure which modifies the glottal 
flow pulse towards a greater & value and a somewhat lower E,. These aerodynamic 
effects override the pulse skewing (Fant, 1982; Ananthapadmanabha, 1984) associated 
with increasing supraglottal inductance at constant transglottal pressure. This is also 
the case for the vowel [o:] in Fig. 3 and to some extent also for the [e:] which is rather 
close to [i:]. 

In terms of corresponding LF- 
THE TRANSFORMED LF-MODEL parameters the & increase is usually 

realised as a combination of a greater Rk 
and lower Q providing a larger open 
quotient, OQ, which is of the order of 0.7 
for [e:], [i:], [y:], [u:], [a:], [o:], and 0.6 
for [@:I, and 0.55 for [ae:] and [a:]. The 
Ra parameter consistently increases with 
vocal-tract narrowing. As a consequence, 
when Ra is included in the open quotient 
OQ '=(I +Rk)I(2Rg)+Ra, these contrasts 
become more apparent. Mean values of 
the spectral tilt parameter, Fa=F0/(2~RJ, 
was 375 Hz for [i:], [y:], [u:], [tt:], and 
990 Hz for [a=:] and [a:]. These findings, 
although typical of Swedish long stressed 
vowels, are subject to individual vari- 
ations with respect to the degree of 
articulatory narrowing attained in the 
maximally closed phase, see the discus- 
sion in Fant & Kruckenberg (1994). 

A conclusion is that essentials of the 
glottal source wave shape may be 
contained in a single default parameter, 

Fig. 4. Relations between the original and 
&, defined by Eq. 1, which is relatively 
easily accessible from a primitive inverse 

transformed LF-model. 
filtering extraction of E, and U, together 
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with Fo (Fant & Kruckenberg, 1994), and which has special merits for tracking 
temporal variations in connected speech. A more detailed analysis requires a full set of 
measured LF parameters. Deviations of these from default predicted values can be 
specified in terms of coefficients 

for extra aspiration, press, or flow, respectively, as is illustrated in Fig. 4, which also 
indicates the alternative means of calculating % fiom Eq. 4 given R ,  Rk and Rg. 

Spectra of the transformed LF-model assuming a constant E, and Fo=lOOHz are 
shown in Fig. 5. Fig. 5A pertains to the glottal flow derivative spectrum and Fig. 5B to 
the double-differentiated spectrum. The sequences of increasing % from 0.3 to 2.7 
illustrate the variation fiom a medially compressed phonation with a small open 
quotient and a high Fa to a highly abducted phonation with a large open quotient and a 
low Fa. Observe the large variation in the level of the voice fundamental amplitude H1 
versus that of the second harmonic H2. This H1-H2 measure has extensively been used 
as a voice quality measure (e.g., Klatt & Klatt, 1990; Stevens & Hansson, 1994; 
Hansson, 1995). 

Fig. 5A. GlottalfIow derivative spectra at FO=l 00 Hz and varying Rd 
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Fig. 5B. Glottalflow second derivative spectra at Fo=l 00 Hz and varying Rd 
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Kd 
Fig. 6. H I 4 2  as ahnction of Rd 

- 
HI - H2 = a + b exp(c OQ) 

j 6 -  a = - 6  
j 4 -  b=O27 

Fig. 7. HI-H2 as ahnction of OQ. 
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An interesting property of H1-H2 shown in Fig. 6 is the almost perfect linear rise 
with %. In the glottal flow derivative spectrum 

HI-H2 =-7.6+ 1 1.1% (dB) (8) 

0 0.5 1.0 1.5 2.0 2.5 3.0 0 3 0.4 0 5 0.6 0.7 0.8 0.9 OQ - 

- 
H I  - H2 = -7.6+11 .I R, - 

- 
- 
- 
- 
- 

I I I I I 

which provides a base for comparison between the two parameter systems. 

1 2 -  c=5.5 
10 - 
8 - 

6 - 
4 - 

2 - 

0 - 

-2 - 

-4 - 

-6 - 

An alternative, see Fig. 7, is to refer to the open quotient OQ, which is a more direct 
and invariant correlate to H1-H2 than % but requires a more complex regression 
form. 

HI-H2 = -6 + 0.27exp(O.O550Q) (dB) (9) 

Here OQ is in per cent. The validity is within 0.5 dB in the range of 0.3<OQ<0.7. 

For the double differentiated spectrum, a constant term +6 dB is to be added to Eq. 8 
and 9. A higher %, and thus higher H1-H2, is typical of female versus male 
phonations, but it is also found in voiced consonants and aspirated vowels versus 
regular vowels (Klatt & Klatt, 1990; Stevens & Hanson, 1994; Hansson, 1995). It 

1 should be observed that the H1 -H2 measure pertains to the source and not the complete 
sound. In vowels of a high F1, as [a] and [ae], and low Fo, one can perform an 
approximate inverse filtering by calculating and removing the spectral influence in the 
low frequency range of F 1 and F2 (Stevens & Hanson, 1994). Each of these contributes 
with a gain of 

G(f,F,) = -2010g10(1-?/F,Z) (dB) (10) 

More exact corrections may be obtained by also considering F3 and F4 and higher 
poles. For sounds with low F1 in the region of Fo and 2Fo it is neccessary to also 
consider the bandwidth B1 which might be difficult to measure. 

G ( ~ , F ~ , B ~ )  = -1010glo[(1-?/F12~ + (fBI/F12f] (dB) (1 1) 
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Extended frequency domain analysis 
It is the purpose of the following sections to outline the frequency domain 
characteristics of the LF-model and its transformed version in greater detail than in 
previous publications. This is motivated by the need to handle perceptually important 
characteristics and to lay a foundation for spectrum matching, i.e., analysis-by- 
synthesis in the frequency domain, which is a requirement for successful applications 
in speech synthesis. 

Basic relations 

We shall start with an inventory of some basic relations beween time-domain and 
frequency-domain properties. Perceptual attributes are often discussed with reference 
to relative amplitudes of harmonics and formants derived from FFT. With suitable 
choice of a window function covering two periods or more, a harmonic spectrum may 
be obtained in which one can observe relative amplitudes, e.g., the fundamental versus 
second harmonic, H1-H2, as already discussed. However, few people are aware of the 
precaution needed when studying the temporal variations within a syllable or a phrase 
of the amplitude of the voice fundamental or of a specific harmonic. The problem is 
that the FFT and basically DFT do not preserve correct amplitude information when 
comparing two successive frames of different FO. The FFT provides measures of 
G(o)/T where G(o) is the Fourier transform and T the window length. The true 
harmonic amplitude within a Fourier series, on the other hand, is 2G(o)/To=2FoG(o). 
As a result FO enters as a hidden scale factor. 

The source spectrum may be obtained experimentally by inverse filtering. This 
process has to rely on a specific definition of the vocal-tract transfer function and on an 
assumption of linearity. These conditions are fulfilled in essentials only, but not in 
details, such as the presence of interaction ripple and variations within a voice period 
of the vocal-tract transfer function, i.e., of formant frequencies and bandwidths, 
including extra poles and zeros. Noise interference may also obscure the separation of 
source and filter functions. There also appear problems of how to ascribe observable 
spectral features to the source or to the transfer function. This is largely a problem of 
coping with uncertainties about the transfer function and pragmatic considerations of 
defining the source so as to suit a special synthesiser with its inherent constraints and 
realisation of higher-pole corrections. This is a problem to be dealt with in the later 
sections of this paper. 

A voice source harmonic spectrum can be decomposed into three components 
corresponding to three frequency regions: 

(1) The voice fundamental, the spectrum level of which is mainly related to U, 
(2) The formant domain, the spectrum level of which is mainly related to E, and Fa 
(3) A region of spectral prominence around Fg=sFo. This region is more complex 

to treat analytically. 
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The source component of a voiced sound recorded at distance of a cm from a 
speaker's mouth can be derived from a knowledge of glottal flow data and FO (Fant & 
Lin, 1988). The amplitude of the voice fundamental is thus 

The constant k is of the order of 1 at normal phonations with OQ around 0.5, but is 
significantly smaller at high values of Rg and attains values close to 0.5 for & =0.3 
and 0Q=0.35. The constant p is the density of air. Given a differentiation of the glottal 
flow derivative source, which in the fiequency domain is executed as a +6 dB/oct 
spectral rise with respect to the voice fundamental, we may express the amplitude of 
any source harmonic well above Fo as 

2 -0.5 A", = ( ~ , / n ) ( ~ / 4 ~ a ) ( l  +?IF, ) 

For frequencies well below Fa of the LF-model, the double differentiation brings out 
a flat spectral level A,. However, as a reference for voice source specifications we 
usually prefer the single differentiation which corresponds to a -6 dB/oct slope at high 
Fa values. This is motivated by the coherence with the main trend in a complete vowel 
spectrum and preserves important relations within the low frequency domain. 

The intermediate region around Fg=QFo has been referred to as a "glottal formant", 
(Fant, 1979; Ananthapadmanabha, 1984), which together with the fundamental carries 
the low frequency characteristics of a glottal flow pulse. We shall discuss it mainly 
with respect to the relative amplitude of the second harmonic which is enhanced at 
high Q values. In the absence of a discontinuity, i.e., Ee=O, the limiting value of the 
flow-derivative spectral slope is -12 dB/oct, i.e., the same as with Fa approaching zero. 

These expressions are discussed in greater detail in Fant & Lin (1988), where they 
were used for an inversion of absolute calibrated spectral data of Swedish vowels 
(from Fant, 1959) to derive essentials of glottal flow magnitude and waveform. 

The main significance of Eqs. 12-13 is that the amplitude of the voice fundamental 
is proportional to U, and formant amplitudes become proportional to E,. The ratio 

2 0.5 (AI/AWn) = ( ~ $ @ ~ ) k ~ ~ ( l + f z / F ~  ) (14) 

brings out a factor (U,F@,) which we may identi@ with &, Eq. 1. When U&, is 
expressed in seconds, 

&= 1 OOO(UoFO/Ee 1 1 0) = UoFO/(O . l l  E,) (15) 

Thus, 

For frequencies well below Fa 

which is close to & and suggests a means of determining & from the differentiated 
source spectrum. 
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LF-parameter variations 
Time and fiequency domain properties of the LF-model are illustrated in Figs 8-9. 

0 2 4 6 8 10 
milliseconds 

0 2 4 6 8 10 
milliseconds 

-50 0 
0 0.2 0.4 0.6 0.8 1 

kHz 

0 0.5 1 1.5 2 2.5 3 3.5 4 4.5 
kHz 

0 0.5 1 1.5 2 2.5 3 3.5 4 4.5 
kHz 

Fig. 8. Time andfrequency domain properties of the LF-model at constant E, with systematic 
variation of Ra in six steps labelled 1-6 corresponding to F,=4000, 2000, 1000, 500, 250 and 
125 Hz at Fo=l 00 Hz with constant Rg=l 13 and Rk=38. 2. The two bottom spectra pertain to 
the glottal flow derivative, and the upper right spectrum to the double dzflerentiated glottal 
fro w. 
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Fig. 9. To the left: time andfrequency domain properties of the LF-model at constant E, with 
systematic variation of Rk in seven steps labelled 1-7 covering the range Rk = 27.0, 30.3, 
34.0, 38.2, 42.9, 48.2 and 54.0 with constant Fa=636 Hz and Rg=l 13. spectra as in Fig. 8. 
To the right: systematic variation of Rg in seven steps labelled 1 - 7 covering the range Rg= 80, 
90, 101, 11 3, 12 7,142,160 with Fa=636 Hz and Rk=35. 
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Figs 8-9 illustrate glottal flow, flow derivative and spectrum of the glottal flow at a 
voice fundamental period of 10 ms. In all instances the amplitude value of E, has been 
kept constant. Systematic variations of Ra in Fig. 8 cover the range of Ra=0.4, 0.8, 1.6, 
3.2, 6.4 and 12.8 (values in %) corresponding to Fa=4000, 2000, 1000, 500, 250 and 
125 Hz with constant %= 1 13 and Rk=38.2. The Rk-variations (Fig. 9) cover the range 
Rk =27.0, 30.3, 34.0, 38.2, 42.9, 48.2 and 54.0 with constant Fa=636 Hz and Rp=113. 
The Rg values, also in Fig. 9, cover the range Rg=80, 90, 10 1, 1 13, 127, 142, 160 with 
Fa=636 Hz and Rk=35. Most of the spectra are limited to the range 0-1000 Hz which 
focuses on low frequency contours. For the Ra parameter in Fig. 8 there is included an 
additional extension to 4.5 kHz and a glottal flow double differentiated spectrum. 

Frequency attributes generally referred to are the overall spectrum tilt as set by Ra 
and quantified by Fa, the relative dominance of the fundamental at high Rk values, and 
the boost of the second harmonic at high Rg-values. However, both Rk, Ra and Rg 
show a range of about 7 dB variation in the region of the voice fundamental. 

As a means of facilitating LF-parameter extraction by spectrum matching the 
following differential data has been assembled. 

Table I .  Change in each of R,, Rk and Rg needed to increase the level of the fundamental HI 
by 1 dB and HI -H2 by 1 dB keeping other parameters constant. 

In Fig. 6 we noted a linear relation HI-H2 = -7.6 + 11.1% which assumes default 
values of &, Rk and Rg, i.e., those predicted fiom Eq. 2-4. To what extent does this 
relation hold for other combinations of Ra Rk and Q satisfying the same &? 
Assuming a factor ka=2 increase ofRa, i.e. a halving of Fa, at constant Rg=l 18 and % 
= 0.7, which implies an Ra change fiom 2.36 to 4.72%, the HI-H2 increases by 
2.36/1.25=1.9 dB which is partially compensated by a decrease of 1.5 dB due to the 
change in Rk from 27.5 to 24 required to maintain constant %. On the other hand, a 
change in % from 118 to 100 and a change in Rk from 30.7 to 23.8 to keep & 

I constant changes H1-H2 by (1.8-0.7)= 1.1 dB. Here the Rg variation dominates the 
shift in H1-H2. Eq. 9. 

An alternative use of Table 1 is to determine combinations of LF-parameters that 
provide invariant values of H1 or of H1-H2. It is thus directly seen that an increase of 
% by 10 percent causes a decrease of HI-H2 by 1 dB which is fully compensater by 
4.5 percent increase in Rk or by 1.25% increase in R,. At the same time H1 is 
increased by 0.5 dB respectively 0.4 dB. The simultaneous increase of Rg and Rk 
above causes a minor change in OQ only, from 0.55 to 0.53. The main cange in the 
time domain is a shift of the glottal flow pulse to shorten the rize time and increase the 

Parameter 

Ra 

Rk 

Rs 

dWdH1 
1 .O 

3 .o 

-12.0 

dWd(H 1 -H2) 
1.25 

.5 

-10.0 



STL-QPSR 2-3/1995 

fall time which implies a a less forward skewed shape. The main spectral effects is a 
lowering ot H3. Apparently, H1-H2 has a more invariant relation to OQ than to %. 

0 
0 2 4 6 

milliseconds 
8 10 0 

0 2 4 6 8 10 
milliseconds 

50 

-250 
0 2 4 6 8 10 -250 

milliseconds 0 2 4 6 8 10 
milliseconds 

-1 20 -1 20 
1 2 3 4 1 2 3 4 

kHz kHz 

Fig. 10. Glottal flow, flow derivative and Fig. 11. Time- and frequency domain 

flow derivative spectrum of the transform- properties of the transformed model with 

ed model at constant Ee with Rd=O. 3, 0.5. approximately constant U, and varying Ee. 
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0 2 4 6 8 10 
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-1 20 
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Fig. 12. Time- and Pequency domain 
properties of the transformed model with 
U,-variations scaled one half of E, 
variations on a dB-scale. 

The &-parameter 

A systematic variation of & is 
illustrated in Figs 10-12 which show 
glottal flow and flow derivative wave 
shapes and flow derivative spectra. 

The corresponding default predicted 
LF parameters are listed in Table 2. 

Fig. 10 was constructed keeping E, 
constant during the & variation. This 
implies almost 20 dB increase of U, 
from &=0.3 to &=2.7. In Fig. 11, U, 
is nominally held constant with Ee 
covering a 20 dB range. In practice, 
since U, is derived from & of the 
approximate formula Eq. 4, the peak 
values of the glottal flow at & higher 
than 2 come out somewhat smaller than 
ideally. The error is maximally 1.7 dB 
at %=2.7, which we shall ignore in the 
following treatment. 

In connected speech we seldom have 
a situation of constant Ee and varying 
U,, but more often varying E, at 
constant U,, e.g., at the end of a breath 
group. A more common relation is that 
of Fig. 12 where, in the range from 
&=0.3 to &=2.7, E, has been 
decreased by 40 dB and U, by 20 dB. A 
fourth possibility is that & is constant 
while E, and U, vary proportionally. 

As a consequence of the assumptions 
above, the glottal flow derivative 
spectra show a high frequency range 
expanding from Fig. 10 to Fig. 12. The 
low frequency region is almost constant 
in Fig. 11, where U, is constant, but is 
dominated by high & values in Fig. 10 
and by low & values in Fig. 12. 
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The nonlinear spectral shifts at varying voice effort illustrated in Fig. 13 derive from 
an earlier study (Fant, 1959, 1980). It shows the spectrum of a vowel [a:] and the long 
time average spectrum of a sentence produced with normal voice effort and with 
nominally 10 dB higher and 10 dB lower voice intensity as monitored by a sound- 
pressure level meter. These curves show the typical pattern of the high-frequency gain 
increasing at a higher rate than the low frequency gain at increasing voice effort. 
Within an additional study of nine sustained Swedish vowels the average trend was 
that 10 dB increase of the level of Fl  was accompanied by 4 dB increase in the level of 
the fundamental, 14 dB in F2, 16 dB in F3 and 14 dB in F4. 

The question is now if these shifts can be interpreted in the frame of the transformed 
LF-model. As a test material the long time average spectrum curves were selected. As 
shown in Fig. 14. 

Fig. 14. Spectral dzflerence between high and low voice intensity, Fig. 13, matched by the 
transformed LF-model. 

35 

30 

25 

20 

15 

A perfect fit (within 0.5 dB) between the high (+lo dB) minus the low voice effort 
(-10 dB) spectral levels at the fhdamental 125 Hz and at 500Hz, 1500 Hz and 2500 
Hz was achieved, assuming that U, was reduced by 10 dB and E, by 20 dB in the 
range of %=(UJEe)(Fo/l 10) varying from 0.5 to 1.6 and with Fa values determined 
from %. 

The spectral level shifts of 10 dB at 125 Hz, 27.5 dB at 500 Hz, 32 dB at 1500 Hz 
and 2500 Hz at increased voice effort can accordingly be decomposed in three 
components: 

(1) An increase of E, by 20 dB affecting formant regions. 
(2) An increase of U, of 10 dB affecting the fundamental. 
(3) An increase of Fa from 275 to 1420 Hz providing a high frequency boost, Eq. 

10, which amounts to 13 dB at 2500 Hz 
The particular range of & from 0.5 to 1.6 is optimal but not crucial. Fairly good fits 

are obtained with other 10 dB ranges. These general trends of the spectrum level in the 
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An additional difficulty is apparent in the temporal contour of the glottal flow 
derivative waveform which exhibits a proniinent double-peak profile typical of 
interaction (Fant, 1986; Lin, 1990; Bavegih-d & Fant, 1995). Here is an apparent 
ambiguity in the location of the starting point of glottal opening. The investigator 
choose to ignore the first peak which implies greater Rk and Rg values than if the 
starting point had been set somewhat earlier. The uncertainty in the location of the 
starting point is a recurrent problem in LF-parameter extraction. 

I 
LF model now dill TG+TEFGTE+E 

0 1 2 3 4 5 6 7 k H z  

Fig. 15. Variability in Fa determinations@om inverse filtering of a vowel [i:]. The upper two 
graphs pertain to the use of m=7 zeros and the lower two graphs to m=8. The left hand 
graphs pertain to time-domain Jtting and the right hand graphs to frequency domain firting. 
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This is, however, a rather extreme example of difficulties. Experienced investigators 
using the same strategy generally differ less than 10 % in their measurements. 

Voice parameters through spectrum matching 
The general relations between LF-parameters and spectral detail outlined in the 
previous chapter have found good use in our spectrum-matching experiments with the 
GLOVE synthesiser (Karlsson & Neovius, 1993), which has a standard set of m=7 
digital formant circuits in cascade in the vocalic branch. The procedure involved a 
narrow-band sectioning of the vowel to produce a harmonic spectrum. The exact Fo 
was noted and applied to the synthesiser. In order to secure a good view of the low 
frequency region most comparisons were made in the glottal flow derivative domain 
and not in the second derivative domain. 

Fig. 16. Analysis-by-synthesis spectrum matching of a vowel [a:] and a vowel [i] with m=7 
formants and Fs=l 6 kHz. Originals above and synthesis below.. 

As shown in Fig. 16, we managed to obtain a quite good match of the spectrum of 
an [a:] and an [i:] up to about 4000Hz. The [a:] required an Fa of 4000 Hz and [i:] a 
somewhat lower Fa, which agrees with the inverse filtering data. The [i:], earlier 
discussed in connection with Fig. 15, shows traces of an intruding zero at 3 100 Hz and 
a pole at 3000 Hz of unknown origin. The spectral peak at 3300 Hz is identified with 
F3. The [i:] also shows a spectrum reinforcement at 400 Hz 10 dB below the F1 level 
which probably reflects interaction ripple (Fant, 1986; 1993; Biveghd & Fant, 1995) 
(Fig. 1 5. 

Both [a:] and [i:] showed spectral energy above 4000 Hz which is not maintained in 
the synthesis. In specific, the prominent F4 at 4100 Hz in [a:] is missing in the 
synthesis. This high frequency region combined with a spectral minimum at 4500 Hz 
is often seen in male voices. It appears to be related to the combined filtering of the 
larynx tube shunted by the Piriformis cavities. 
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A test of the neutral vowel, Fig 17, showed the same phenomenon. In order to 
preserve the correct spectral profile up to 4000'Hz, the FS, F6 and F7 had to be given 
relative low positions which reduced the high-frequency gain. An analysis of this 
situation revealed the inadequacy of the combined F5, F6 and F7 as a higher-pole 
correction. One more pole is needed for covering an exended frequency range. 

Fig. 17. Synthesis of a standard neutral 
vowel with m= 7 and Fs=l 6 kHz. Spectrum 
match up to 3500Hz. 

Higher-pole correction and digital spectrum lifting 
These problems call for an analysis of how to handle higher-pole corrections in digital 
synthesis with a cascade connection of formants. 

Table 3. Coeficients for calculating higher-pole correction . 

The requirements for analogue synthesis (Fant, 1959) can be stated in the following 
form: 

H P K = ~ O ~ O ~ ~ ~ K ~ = A ~ X ~ ~ + B ~ X ~ ~  (dB) (18) 

where xl =W1, F1 = ~141, and r the number of formants. The effective length of the 
vocal tract is 1,. 
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As shown in Fig. 18, the consequence of the vocal-tract length dependency is that 
females require less correction than men. The extremes of a large male versus a small 
child differ by 50 dB at 4000 Hz. 

In GLOVE and most other cascade type formant synthesiser one relies on the 
deviation between the response of digital and analogue formant circuits to account for 
the higher-pole correction. A representative value of the digital "spectrum lifting" is 
tabulated below. 

dB.Higher pole correction 4-formant synthesis 
90 

child female male large male 

Vocal tract effective length in cm 
Table 4. High-frequency gain in 

Fig. 18. Higher-pole correction for a 4- digital implementation of a single 
formant analogue synthesis. conjugate pole at a sampling rate 

of Fs =I6 kHz. 

f 
kHz 
0 
1 
2 
3 
4 
5 
6 

For other values of F, the frequency input to the table is f(16000/FS) 

Gain 
dB 
0 
0.125 
0.5 

1.1 
1.9 

3 2  
4.9 

7-pole synthesis 
Effective length = 17.5 cm 

60 o 1 
50 - "Higher-Pole Correction" + 

Fig 19. Higher-pole correction for m = 7 
"Digital HF-emphasis" -+-. formants at Fs=16 kHz is only in part 

40 - 
covered by the digital high-frequency 

30 - lifting. 

20 - 

As shown in Fig. 19 for a m=7 pole synthesis and 1,=17.5 cm the digital spectrum 
lifting accounts for about 213 of the required higher-pole correction, which confirms 
the previously observed lack of high-fkequency response. These data explain the major 
features of the [a:] and [i:] in Fig. 16 and allow a precise reconstruction of spectral 



STL-QPSR 2-311 995 

contours of the neutral vowel in Fig. 17. Thus, the valley at 3000 Hz is approximately 
at the same level as those at 2000 Hz and 1000 Hz as required by theory. In a four- 
formant analogue synthesis without higher-pole correction the spectrum level at 3000 
Hz would be -2 1 dB to which adds -2 dB associated with the Fa=4000 Hz, in all 23 dB. 
This is hlly compensated by +14.5 dB lift from F5, F6, F7 and the +7.5 dB for the 
combined digital spectral lift of 7 formant circuits (or overcompensated with respect to 
the inclusion of the Fa fall). Moving F5, F6, and F7 from the neutral positions of 4500, 
5500 and 6500 Hz to the locations of 4000, 4800 and 5600 Hz, respectively, provides 
the required support at 3500 Hz and below but at the prize of a loss of high-frequency 
energy, which is also due to the absence of an eighth formant. However, a low position 
of Fs close to F4 is a typical feature of male voices, but it may be hard to keep them 
apart in spectral analysis. 

The perceptual gain in preserving spectrum levels above 4000 Hz has been tested on 
the [a:]and the [i:] vowels. It proved to be small but quite noticeable. 

General theory states that, irrespective of vocal-tract length, the higher-pole 
correction for a neutral tube configuration is completely covered by poles of equal 
spacing up the Fs/2 frequency. 

Fig. 20. Higher pole correction for a neutral vowel isJirlIy covered by poles up to FJ2 =8000 
Hz. The number ofpoles, m, variespom 8 to 5 depending on the VT length. 

This unified view of digital spectrum lifting is illustrated in Fig. 20 with the number 
of cascade connected digital formants varying from m=8 to m=5 corresponding to a 
vocal-tract length I, varying from 17.5 (more exactly 17.65 ) cm to 1 1 cm and the 
value of F1 varying from 500 Hz to 800 Hz. The uppermost pole frequency must 
apparently not be placed too close to Fs/2, which results in excessive high-frequency 
response, and it should not be placed too low. The optimum is thus to choose a number 
of formants, m, so as to satisfy the condition: 
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(2m-l)F1 =Fs/2 -F1 (1 9) 

With F1=c/41, this reduces to the very simple expression 

m = Fs(lelc) (20) 

Sampling rate 16 kHz 
/ 

child -/' I. 

Fig. 21. Trading relation 
between vocal-tract length and 
number of poles in digital 
synthesis indicating the number 
of poles optimal for digital 
synthesis without special higher- 
pole correction and F, = 16 kHz. 

4 [ I I I I I 

10 12 14 16 18 20 cm 
Vocal tract length I, 

Some examples are shown in Fig. 2 1. Thus, m=8 poles is the exact requirement for 
the standard le=17.65 cm of a male vocal tract. A number of m=9 poles would be 
required for 1, =20 cm, which would be the average for a large male tract or the [u:] 
configuration for a standard male. Female and child vocal-tract lengths vary from 16 to 
13 cm. In specific, a number of m=7 poles would suit a female with 
1,=(7/8)17.65=15.5 cm, i.e., a formant scale factor of 8/7=1.14 and m=6 would 
correspond to 1,= 13.2 cm and a formant scale factor of 8/6=1.33. 

It is important to note that a constant number of poles in digital synthesis does not 
allow a representation of varying vocal-tract length. As a result, the positioning of the 
upper formants, e.g., F5-F7, must be selected to suit the specific sound. A general 
conclusion of Eq. 20 is that the number of poles should be proportional to the sampling 
rate Fs. At high sampling rates, the large number of required digital circuits becomes 
impractical to realise and other spectrum shaping networks should be considered. 

In vocal-tract line analogue synthesis, on the other hand, the only problem is to 
execute continuous control of the total vocal-tract length. This is also the case with the 
frequency domain line analogue FLEA (Lin, 1990), the output of which is realised 
with formant circuits in parallel. A higher-pole correction is implicit in calculated 
formant amplitudes. 
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Voice source parameter data 
Experimental data of vowels and voiced consonants, mainly from Gobl (1988) and 
Karlsson (1988, 1990) have been processed to construct graphs of Ra and Rk values as 
a hnction of & (Fig. 22). 

Fig. 22. Experimental data of R, and Rk as a function of Rd Solid points @om Gobl (1 988) 
have been used for deriving the regression equations, Eq. 2-3. Female vowel data are porn 
Karlsson (1988 and 1990); (1) and (2) are reference vowels; (3) is [l]; (4) and (5) pertain to 
the voicebar of [b]; (6) pertains to [v] and fi]; (7) to voiced [h]; (8) and (9) to vowels 
preceding unvoiced stop; (1 0) vowel preceding unvoiced fiicatives; (1 1) vowels preceding 
pause; (12) vowel following unvoiced stop; (13) soft onset of vowel ajler pause; (1 4) hard 
onset of vowel after pause. 

A linear regression analysis of this data served as the basis for deriving Eq. 2 and 3. 
The main range for non-obstructed vowels is &=0.5-1.5 for males and &=I-2 for 
females. Higher &-values are associated with either supraglottal narrowing or with 
glottal abduction. Two categories of female vowels are included, one more similar to 
male data with &=1 and R, and Rk close to default values set by the regression lines 
(Karlsson, 1990), the other at &=1.4 but with Ra appreciably above and Rk below 
default values, which indicate a softer and more breathy phonation (Karlsson, 1988). 
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The combination of a low Rk and high Ra is associated with the general pattern of the 
point of exitation T, moving uphill with increasing vocal-cord abduction, i.e., leR 
towards the peak of the glottal flow pulse. In this region, the apparent open quotient is 
closer related to the earlier discussed OQ' than to OQ. 

Voiced consonants show & values larger than that of the particular speaker's 
vowels and with R, values generally higher than default values, corresponding to 
ka=Ra/RaP=1.3, Eq. 5. In the extreme range of &>2 we find voiced [h] and vowels 
preceding an aspirated unvoiced stop, but also the voice bar of voiced consonants. A 
sample of hard onset after pause is located at &=I, but with an exceptionally low Ra 
and high Rk,whereas a soft onset after pause at &=1.7 also showed an Ra below and 
an Rk above average, i.e., ka<l. 

Fig. 23 exemplifies typical vowel consonant contrasts in the & parameter on a log 
scale for a number of different studies. The consonant [1] averages 2.5 dB higher % 
values than preceding vowels, and the consonant [v] 6 dB. The only female subject 
here is IK, the same as in Fig. 3 and in Fig. 6, with an average &=I. The data points 
labelled IT, FR and OE, refer to Italian French and Swedish subjects analysed by the 
Trinity College group in Dublin (Ni Chasaide et al., 1994; Gob1 et al., 1995). Observe 
the high %=1.3 for the Swedish subject OE, who has a rather soft voice and relatively 
apparent pre-occlusion aspiration. The important finding from Fig. 23 is that consonant 
source shifts caused by aerodynamic interaction are relational with respect to a 
connected vowel. 

AJ- 

[a]-context (Karlsson, 1992). 
FR - 
CG- 

IT- 

I I I 

-5 0 5 1'0 
20log(Rd), [dB] 

vowel [v] [I] 

An even more important aspect of aerodynamic interaction is the loss of excitation 
amplitude with increasing vocal-tract constriction and increasing flow resistance. The 
covariation of source-shape factor and excitation amplitude in various vowel and 
consonant categories is illustrated in Fig. 24, which derives from studies of prose 
reading. The ordinate, EER, is a logarithmic measure of E, normalised to remove the 
average Ee(Fo) influence (Fant et al., 1994; Fant & Kruckenberg, 1994). The abscissa 
is a logaritmic measure of (I/%), i.e., of (E,/U,)(l 10/Fo), which increases with the 
degree of vocal-tract opening. In the range from a voiced velar voicebar [g] to a vowel 
[a] the shape factor increases by about 8 dB and the excitation amplitude by about 18 

Fig. 23. Rd values of [v] and [I] in dB 
relative to the associated vowel. The IT, 

Q 4 - FR and OE data are ji-om Ni Chasaide 
et al. (1994). IK refers to female data in 
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dB. These are mean values subject to gross variations with respect to emphasis- 
deemphasis and articulatory contrast. 

EUF = 3.3 + 0.42 EER 

I I I I I I 

-4 -2 0 2 4 6 dBEUF 

EER 
dB 

Fig. 24. Fo normalised excitation amplitude E, versus a logarithmic measure of I/Rd 
Swedish vowels and consonants in non-reduced context. 

6 
4 

The close match between true LF-parameters and default values predicted from & 
alone in Fig. 3 pertained to sustained vowels uttered by a representative speaker. 
However, this does not prove the validity of the prediction for connected speech and 
there is anyhow a need to study the detailed extent of contextual variations. Results 
from a study performed with active cooperation from Christer Gobl in TCD, Dublin, 
have been assembled in Fig. 25A and B. 

The text: "Han hade legat och skrivit det i en stor sal vars fonster vette mot 
Klaralven", is from a Swedish novel read by our reference subject, AJ. A close match 
was found between the temporal profiles of E,, IJ, and Fo derived from the 
conventional period by period inverse filtering technique, performed by Gobl and our 
continuously extracted E,, U, and Fo data. The spectrographic display in Fig. 26 
provides a supplementary view of the first part of the utterance. It has been discussed 
in greater detail in Fant (1993) and Fant & Kruckenberg (1994). The curves A, B, C, 
show the E, contours derived from continuous inverse filtering with varying degree of 
approximation. The two data sets have comparable Rd-values. Minimum values of the 
order of &=0.6 were found for non-reduced, open, but not necessarily stressed, 
vowels. Our measured Ee and from & predicted Ra, Rk, % values are shown by 
unfilled cirles. A few Fa controls performed by IK at KTH are indicated by crosses. 
These were in several instances closer than the Gobl data to the default values. The 
overall match between measured and default values is reasonable. However, some 
specific differences are apparent. The % values of this particular speaker are 
consistently higher than predicted, with a kg=%% averaging 1.2. 

- 

- A J Segment data 
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40 .. 

20-hanhadr l  e : g a t o s k r  i: v l  t d e i r n s  t u: r s  a: I 

Fig. 25A. A comparison of a j-ame by j-ame detailed analysis of LF-parameters (performed 
at Trinity College in Dublin), continuous lines, and our default values derivedpom measures 
of Rd = (UO/Ee)(FQ/llO) small circles. A few Fa-controls @om KTH have been indicated by 
crosses. First part of the sentence: "Hun hade legat och skrivit det i en stor sal, vars fonster 
vette mot Klaralven ". 

Of special interest is the focally accent 1 stressed final [a:] of the word "sal", which 
is initiated with Rk, and F, significantly higher and OQ smaller than predicted. This 
is a not uncommon stress correlate, reflecting increased medial compression with or 
without increased subglottal pressure, cf. the word "adjo" in Ananthapadmanabha 
(1984). The relative low E, in the [a:] of "sal" conforms with the overall declination of 
E, within the phrase, which indicates a falling rather than a raised subglottal pressure. 
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The increased Rg and Rk correspond to a more distinct and earlier occurring glottal 
opening which shortens the rise time and the .open quotient. The shortening of OQ 
from 0.55 to 0.4 is according to Eq. 9 and Fig. 7 associated with about 3 dB decrease 
of H1-H2. 

A 2.4 2.9 3.4 3.9 4.4 4.9 

I \ I \ 
v a  rs'f 8 n st e r v e  t e  rno t k1a:r ii 1 v  e  n 

J 

- 

00 - I I \  \ \ v a  rsf o n st e r v e  t e m o  t kln: r 1 1  v e  n 

Fig. 25B. A comparison of a fiame by fiame detailed analysis of LF-parameters (performed 
at Trinity College in Dublin), continuous lines, and our default values derivedfiom measures 
of Rd = (Uo/Ee)(FO/llO) small circles. A few Fa-controls fiom KTH have been indicated by 
crosses. Second part of the sentence: "Han hade legat och skrivit det i en stor sal, vars 
fonster vette mot Klaralven ". 

60 

Similar patterns, but on the whole with a greater predictability of Fa, are to be seen 
in the [a:] and the [a] of the focally accented word "Klaralven" in the second phrase, 
carrying accent 2, and also in the [o] of "fonster" and [i:] of "skrivit", which carry a 

Rk 
I 

0 
40 

I 

20 ' 
RK 2.4 2.9 3.4 3.9 4.4 4.9 

, J  O& &, J 
200 1 
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nonfocal accent 1 and 2, respectively. In case of the [i:], the low Fa could be explained 
by the rather narrow articulation causing aerodynamic interaction as discussed in 
connection with Fig. 3. This would also apply to the low Fa of the stressed vowel [u:]. 
The extreme vocal-tract closure in the voice bar of [g] explains the very low Fa and Rg 
which is not as apparent in the [dl of the word "hade" which is produced with a lower 
degree of articulatory undershoot. On the other hand, the reduced stress of the word 
"hade" does not cause an E, reduction in the two vowels. 

Fig. 26. Assembly of speech analysis data fiom the same sentence as in Fig. 25A. From the 
top: Subjective word response R , oscillogram, spectrogram, voice exitation amplitude E, (in 
negative direction) derived @om: A, proper inverse filtering; B, neutral vowel inverse 
filtering; C, the negative of the speech oscillogram followed by LPlOOO Hz and HP 1000 Hz 
intensity and Fo. 

l* 
160 
140 
m 
108 

8B 

68 

58 

Pitch 2 

-.\ -- Y. /-.< - - .-, '. 4 
w 
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In general, consonantal source data are highly sensitive to positional factors and to 
the prosodic fiame. Relational data are needed as a supplement to reference data. As a 
consequence, vowel-consonant source contrasts have to be included in the arsenal of 
possible stress cues (Fant & Kruckenberg, 1994, 1995). 

More systematic studies of this type are under way. The basic strategy for deriving 
rules for continuous speech incorporates default functions for the covariation of the 
excitation amplitude E, with FO. These are derived fiom nonobstructed vowels 
omitting extreme high and low degrees of stress and accentuation. The typical Ee(Fo) 
function shows a rise proportional to the second power of FO or a little less up to a 
critical frequency in the speakers mid FO range, where the function levels off and 
continues with a fall, which may show up as an intensity decline in focal accentuations 
with a marked local FO-rise (Fant & Kruckenberg, 1994; Fant et al., 1994). The coding 
of E, values can be based on deviations from this default function, negative for voiced 
consonants and positive for stress, focal accentuation and increased overall voice 
intensity. 

Special rules model the envelope contours of voiced segments and phrases. A 
general finding is faster onsets than offsets of E,. The particular & values are 
statistically related to E, values by covariation functions. A typical finding is the 
relative stability of the glottal flow pulse maximum amplitude Uo, which varies less 
than E,. On a dB scale, Uo deviations are about one half of corresponding E, variations 
and, as a consequence, & variations are on the average one half of E, variations at 
constant Fo. 

Breathy voicing and transitional regions affected by aspiration involve higher & 
values, lower E,, traces of subglottal poles and zeros, noise and significant bandwidth 
increase (Fant & Lin, 1988; Klatt & Klatt, 1990; Karlsson & Neovius, 1993; Fant & 
Kruckenberg, 1995). Calculations have recently been undertaken to estimate the band- 
width increase due to losses in the kinetic and the frictional glottal resistance in com- 
bination with the glottal inductance and a shortcircuited subglottal tract. Bandwidth 
increase of the first and second formants of [a] and [el, AB1 and AB2, as a function of 
the glottal area Ago including a possible posterior bypass, are shown in Fig. 27. 

A B  

Hz 
500 - Fig. 27. Calculated increase of 

first and second formant band- 
400 - widths of [a] and [e] taking into 

account glottal kinetic and 
300 - frictional resistance and a finite 

glottal inductance. 

A,, cm2 
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General conclusions 
The LF model and its transformed version have'been described in greater detail than in 
previous presentations. The normal covariation among LF-parameters and the basic 
waveshape parameter & permits the prediction of default LF parameters from %, 
which is a unique function of U,, E, and Fo and can be derived fiom these with 
simplified inverse filtering techniques (Fant, 1993; Fant et al., 1994; Fant & 
Kruckenberg, 1994). Conversely, given the complete set of LF-parameters, a unique 
& value can be calculated, Eq. 4. 

The main importance of the % parameters is that it is the most effective single 
I 

measure for describing voice qualities and that it simplifies the description of text-to- 
speech source rules. The main range is 0.4<&<2.7, whereas the domain hB2.7 is 
essentially devoted to transitions into abducted termination of voicing. A low % is 
associated with effective glottal closure and small opening quotients set by relative 
large Rg values, whereas high values of % are typical of abducted phonation and high 
values of open quotients. In general, male voices have smaller % than female voices, 
but there is an apparent overlap, and voiced consonants have larger % than the 
speakers vowels. Voiced consonants generally show larger Ra, i.e., lower Fa values 
than predicted from & alone. This is also typical of aspirated vowels and is expressed 
as an aspiration factor ka=Ra/Rap greater than 1. Here we find an exception from the 
general rule of Rk increasing with Ra. 

The spectral domain properties of the LF-model and its transformed version have 
been documented in greater detail than in previous studies. Of specific interest is the 
finite contributions of all LF-parameters to the low frequency spectral shape. The 
relative level of the amplitude of the voice hndamental H1 is thus affected not only by 
Rk but also by Rg and by R, (or Fa). A linear relation is found between Hl-H2 and &, 
Eq. 8. The exponential relation between Hl-H2 and the open quotient OQ, Eq. 9, is 
more invariant with respect to combinations of LF parameters. 

Special attention has been devoted to the covariation of excitation amplitude E, and 
& or U,. A typical pattern is that in the log amplitude domain & and U, variations 
tend to be one half of the corresponding E, variations. Earlier data on spectral changes 
with increasing voice effort support this trend. Thus, increasing U, with 10 dB raises 
the amplitude level of the voice fundamental, HI, by approximately the same amount, 
whereas a simultaneous rise in E, of 20 dB acts as a scale factor in the formant range 
to which adds 10- 15 dB due to lower % and thus higher Fa values. This represents a 
relatively large range of vocal effort. Similar trends, but of a lesser magnitude, are 
found to accompany marked instances of stress in connected speech, presumably 
connected with an increase of pulmonary pressure. However, increased intensity or 
increased glottal excitation are not necessary attributes of stress (Fant & Kruckenberg, 
1994, 1995; Stevens, 1994). We have fiesh evidence of instances where stress is 
realised by increased Fa, decreased % and also by a general shortening of the glottal 
pulse through increase of the Rg-parameter. This is related to a more distinct onset of 
the glottal open phase. In the frequency domain there is a resulting decrease of the H1- 
H2 measure. 
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Conventional methods of LF-parameter extraction are subject to many sources of 
uncertainty. Alternative determinations of Fa from time and frequency domain fitting 
may show very large variations depending on the particular frequency region aimed at 
and also on the particular number of inverse filter zeros, their locations and the 
possible addition of extra pole-zero pairs. However, with similar strategies and 
conventions trained investigators usually agree within 5-20% in Rk, % and R, 
determinations. 

For synthesis applications, many of the ambiguities involved in inverse filtering 
may be avoided by searching for the set of LF-parameters that provide a best match in 
combination with a particular synthesiser and its constraints. This technique is optimal 
for HiFi copy synthesis. Special attention has to be devoted to the role of the additional 
high-frequency gain associated with digital realisation of formant circuits, which can 
be considered as a part of a higher-pole correction. It is, thus, found that m=8 or 9 
poles up to F,/2 =8 kHz is needed for male synthesis and m=6-7 poles for child or 
female synthesis. A general conclusion is that the number of formant circuits should be 
m=F,(lJc), where 1, is the effective length of the vocal tract. The normal variations of 
1, with articulation, i.e., with the particular vowel, should also be considered. Our 
findings have provided a theoretical support for earlier expressed needs of nine zeros 
in inverse filtering of male voices (Gobl, 1988) and the practice of m=9 formants for 
synthesis as a reference for speech recognition (Blomberg, 1994). 

Matching a low frequency region requires manipulation of all LF-parameters, while 
the upper part of the spectrum is mainly determined by Fa. A systematic use of the 
relations between minimal variations in LF-parameters and corresponding changes in 
spectral shape parameters, such H1 and H1-H2 and formant levels, simplifL the 
matching procedure. Analysis-by-synthesis performed by spectrum matching 
according to these principles have been quite successfbl. As an example, the 
amplitudes of the 10 first harmonics of the vowel [a] were reconstructed with mean 
errors of the order of 1 dB, which also applied to the spectral levels of F3 and F4. The 
fast fall above 4000 Hz in the synthesised vowels is basically due to the insufficient 
number of higher formants. A listening test with the original vowels [a:] and [i:] with 
and without a 4000 Hz low-pass filtering revealed a small but apparent quality 
difference, which could be considered in HiFi synthesis. 

The audio output of the GLOVE synthesiser (Karlsson & Neovius, 1993), has in 
some instances, mainly for female synthesis, been bandlimited by a 200 Hz high-pass 
filter. In order to avoid the resulting "thinner" voice quality of a synthesised male 
voice, if the high-pass filter is retained, the low frequency response has to be 
compensated by about a factor 2 higher % values and, accordingly, considerably lower 
% and higher Rk values than without the filter. 

Glottal source and vocal-tract dynamics are intimately connected and influenced by 
prosody. These problems are mainly dealt with in other studies (Fant & Kruckenberg, 
1994, 1995) and have only briefly been referred to in the text. Consonant-vowel source 
contrasts are enhanced by stress (Gobl, 1988; Fant & Kruckenberg, 1994). The greater 
articulatory prominence causes a more efficient vocal-tract closure, which affects the 
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source characteristics of voiced consonants. The tendency of increased Q and OQ and 
thereby decreased Fa is similar to what appears' in aspiration. A common denominator 
appears to be the state of vocal-fold abduction, which in voiced consonants is caused 
by the reduced transglottal pressure drop and the increased supraglottal air pressure. 
This aerodynamic effect overrides a potential E, increase associated with increased 
supraglottal inductance causing pulse skewing at constant transglottal pressure drop. 

In Swedish, not only voiced consonants, but also narrow vowels, are articulated 
more narrowly under the influence of stress, which counteracts the normal voice 
source correlates of prominence, i.e., the increased E, and lower Q and higher Fa. In 
general, source rules for connected speech thus have to be structured relationally. 
Some data for a few consonants and several speakers support this view. Consonant 
data have to be related to associated vowels and to the degree of articulatory emphasis, 
which determines the degree of consonant-vowel contrast. The Swedish maximally 
closed vowels, such as [i:], [a:], and [u:] when stressed, are realised with a diphtongal 
movement towards a homorganic voiced consonant, the intensity of which is 
negatively correlated to stress (Fant & Kruckenberg, 1994). 

The bandwidth broadening associated with glottal abduction is an important 
component of aspiration correlates (Fant & Lin, 1988; Klatt & Klatt, 1990; Karlsson & 
Neovius, 1993; Gobl & Ni Chasaide, 1988; Stevens & Hanson, 1994). A theoretical 
study taking into account not only the kinetic and frictional terms of the glottal 
impedance, but also the glottal inductance, revealed significant first formant bandwidth 

2 increases at glottal areas as small as 0.02 cm . 
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