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ABSTRACT

Vocal tract resonances give rise to core spectral information
of speech signals. Linear prediction and cepstral methods are
widely used for this purpose. However, both approaches are
prone to fail as the fundamental frequency (FO) rises. In this
study, a new cepstral method is developed combined with a
refined rahmonic subtraction technique (RS-CEPS) to extract
spectral envelopes excited by glottal noise sources. A vowel
synthesis system based on 3D-printed solid vocal tract mod-
els is used to obtain reference transfer functions for accuracy
verification. A series of stable vowels /a/ was synthesized for
a wide FO range. By analyzing the synthetic vowels, the re-
sults showed that the RS-CEPS yields accurate estimates of
resonance-peak and anti-resonance frequencies in compari-
son to those from the conventional methods. The RS-CEPS is
simple and stable, offering a potential for expanding speech
analysis applications.

Index Terms— cepstral analysis, high-pitched vowels,
rahmonic subtraction, formant estimation, spectral envelope

1. INTRODUCTION

Understanding the nature of speech sounds via spectral analy-
sis has been a long expectation by researchers because acous-
tic processes of speaking could be deciphered by certain tech-
niques. However, this target appears still in distant, even mov-
ing away from us as we discover more on the complexities of
vocal tract geometries. The real vocal tract is a complicated
conduit containing cavities and branches, and the resonance
of the structures modifies vowel spectra in certain frequency
regions [1]. In male voices, an extra resonance peak at about 3
kHz is caused by the supraglottic laryngeal cavity. This peak
is followed by a trough-and-peak pattern above 4 kHz due to
the bilateral piriform fossa. This regional resonance has been
known as one of the causal factors of speaker characteristics
[2], playing an important role in speaker recognition by hu-
mans and machines.
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Another longstanding issue is the interference by voice
fundamental frequency (F0). The two common approaches
described below are known for inaccuracy at high FO.

The LPC offers a parametric envelope estimation based
on an all-pole digital filter principle [3]. However, due to the
large energy concentrations at the harmonics, the optimized
all-pole LPC model results in inaccuracies for high-pitched
vowels [4]. Many efforts were paid to the conventional LPC
models [5][6] to reduce the influence of FO. Shadle et al.
[7] compared several formant estimation methods and drew
the conclusion that the LPC-based WLP-AME algorithm [8]
reached the best performance among others. However, the
LPC-based methods are incapable of describing true vocal-
tract resonance with zeros generated by anti-resonances.

The cepstral analysis traces contours of power spectra
with poles and zeros [9], thus being capable of extracting
both peaks and troughs. The “true envelope” method such
as Imai’s [10] favors low-FO vowels, however it fails at high
FO due to sparsely populated harmonics. A hint for improve-
ments is found in FFT power spectra of vowels produced at
high FO, as seen in Fig. 1. The spectrum shows a baseline
contour that infers a finer pattern of vocal-tract resonance.
This is because turbulent airflow noise at the glottis under-
takes vocal tract resonance and displays baseline spectral
information. In voice production, both periodic signal and
random noise are generated at the glottis as the airflow passes
by [11]. Instead of estimating the harmonic based spectral
outline, tracing the envelope driven by glottal noise in vowels
is a way to avoid the interference by FO. Fig. 1 is a spectrum
of female vowel /a/ with FO at 530 Hz. The dashed line is the
true envelope obtained by the Imai’s method, and the solid
line is the noise baseline envelope computed by the “inverted”
Imai’s method. By comparison, the latter explores the finer
spectral detail.

In the frequency domain, harmonic components are mixed
up seriously with glottal noise components, which makes it
difficult to separate these two components. Contrarily, in the
cepstrum domain, the harmonics are transformed into local-
ized prominent regions called “rahmonic”. Thus, the disturb-
ing harmonics could be eliminated by a rahmonic subtraction
technique. Childers et al. [12] and Randall et al. [13] pro-
posed the use of a notch or comb lifter to remove the rahmon-
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ics. However, such lifters also remove components of vocal
tract resonances elicited by glottal airflow noise.
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Fig. 1. A spectrum of natural vowel /a/ produced by a female
speaker at FO = 530 Hz with a with a 60-ms window length.
The dashed line is the “true envelope” of the harmonic peaks,
and the solid line is the envelope of noise baseline.

In this study, we propose an improved cepstral method
using finer rahmonic subtraction (RS-CEPS) to separate the
harmonics and glottal noise components and then trace the
glottal-noise driven envelope. To validate the accuracy, a
vowel synthesis system based on 3D-printed solid vocal
tract models is employed to obtain natural-sounding vowels.
Evaluation of the proposed analysis method is based on the
comparison between obtained vowel spectra with varied FOs
and the transfer function of the solid model.

2. DEVELOPING THE RS-CEPS METHOD

The RS-CEPS aims at obtaining noise-excited spectra accord-
ing to the following steps. Firstly, the spectrum, cepstrum and
fundamental period are obtained as basic data. Secondly, the
rahmonic peaks and boundaries are determined to isolate the
rahmonic structure in the quefrency domain. Thirdly, the cep-
strum of harmonic components is extracted from the original
spectrum, and then it is used to remove harmonics from the
original vowel spectrum. With this procedure of rahmonic
subtraction, also shown in Fig. 2, the spectral envelope is
finally acquired by cepstral liftering for desired spectral reso-
lutions.
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Fig. 2. Tllustration of the proposed method.

2.1. Basic data acquisition

As an initial step, the standard log spectrum S and cep-
strum C' are obtained from vowels. Then the quefrency
value of the first rahmonic peak, defined as P;, is ob-
tained by searching the maximum within the quefrency range

(f8$/FOmaz, [$/FOmin), where fs is the sample rate, and
FO0,,4. and FO,,;, are the upper and lower limits of F'0
search, respectively.

2.2. Rahmonic extraction

A smoothed spectral envelope E is obtained by cepstral lif-
tering using fs/F0,,4, as the lifter order, which approxima-
tively segmented harmonic and noise components. The spec-
trum Sy above F is extracted from .S by

Sy = mazx(S — E,0). (D

The purpose of this step is to extract the upper spectrum that
contains harmonic components alone so that the cepstrum C'zy
with a clear rahmonic structure could be obtained through
Sy . This step is illustrated in Fig. 3.
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Fig. 3. lllustration of the upper spectrum extraction.

Boundaries of rahmonic structures are acquired by follow-
ing steps:

i. Calculate the squared cepstrum C'p = C .

ii. Locate the rahmonic peaks. The locations of the 1,
rahmonic peaks P, are given by

P, =max(Cg(n)), Pm—1 <n < Pp_1+(3/2)« P, (2)

Since P is obtained in 2.1, P, ... P, could be located in
the squared cepstrum Cg one by one.

iii. For each rahmonic peak P,,, the left/right boundaries
L,,/R,, are extracted as the nearest left/right dips of P,,.

Fig. 4 shows detected rahmonic boundaries. Boundaries
of the first three rahmonics are segmented by black points.
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Fig. 4. Cepstrum from a vowel frame with segmented rah-
monics.

2.3. Rahmonic subtraction

The harmonic components are subtracted from the original
data by the following steps in the quefrency domain.

i. The upper harmonic components Sy from the original
spectrum S are extracted using Eq. (1).
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ii. The spectra S and S are transformed into the corre-
sponding cepstra C'y and C, and a new cepstrum is obtained
by subtracting the corresponding rahmonics of Cy from C":

Colk) = C(k), k¢ (L1,R)U...U(Lp, Ry)

" C(k) — Cy(k), ke (L1,R1)U...U (L, Ry)

3)

where (L,,, R,,) is the quefrency range of the m;, rahmonic
extracted in 2.2.

iii. Spectrum .S, after rahmonic subtraction is obtained
from the subtracted cepstrum C,., and the step i and step ii
are repeated on S, as a new iteration to further eliminate the
residual harmonic components.

After 3 to 5 iterations, the subtraction results C,. and S,
are close to convergence. Fig. 5 shows (a) the cepstra be-
fore and after rahmonic subtraction and (b) the corresponding
spectra. It is clear that harmonics are removed, and the new
spectrum reveals a detailed pattern of vocal tract resonance.
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Fig. 5. Effect of rahmonic subtraction, showing (a) the cep-
strum in dash-dotted line and cepstrum after subtracting the
first three rahmonics in solid line, and (b) the FFT power spec-
trum in dash-dotted line and rahmonic-subtracted spectrum in
solid line.

2.4. Envelope estimation

Since the noise spectrum S, reveals the true vocal tract in-
formation, the spectra envelope will be obtained by certain
envelope extracting techniques. In this study, a simple cep-
stral liftering method is adopted on the glottal noise cepstrum
C,.. The liftering window is given by

1, n<L
g(n) = <€ 0.5(1+cos[r(n—L/AL)], L<n<L+AL
0, n>L+ AL

“
where L = L + AL is the length of the lifter window. Since
harmonic components were already removed, a simple lifter-
ing with a pair of constant L. and AL suffices at any FO. The

frequency values of the formants and dips are extracted man-
ually based on the envelope.

3. MATERIALS AND EXPERIMENT

3.1. Acoustic materials

Synthetic vowel sounds obtained from a solid vocal tract are
used to evaluate the accuracy of the proposed method.

3.1.1. Solid vocal tract vowel synthesis system

The solid vocal tract models are constructed by a 3D printer
based on our MRI database [14]][15]. A horn driver unit in a
hermetic enclosure was used as a source sound generator.

The vowel synthesis system is illustrated in Fig. 6. The
transfer function of the solid vocal tract model was measured
employing the swept-sine method [16], and resonance and
anti-resonance frequencies were measured for accuracy eval-
uation on the proposed method.

Solid vocal tract Microphone

.:—E{—»

USB audio
interface

e
. J—Re— 1 PC

Glottal flow signal

Horn driver unit

Fig. 6. Vowel synthesis system using a solid vocal tract
model.

3.1.2. Vowel synthesis

Two female subjects’ solid vocal tract models of vowel /a/
were employed for testing the proposed method. The glottal
volume velocity waves with varying FOs from 150 Hz to 750
Hz were generated according to the Rosenberg model [17]. To
synthesize the natural-sounding vowels, the jitter of a natural
range was added to the signals. White noise was also added to
simulate the glottal noise component to have a normal range
of the harmonic-to-noise ratio (HNR) [18][19]. The synthetic
vowels were recorded in a soundproof room at a sample rate
of 44100 Hz.

3.2. Transfer function of the model

Performance evaluation of the proposed method is conducted
on the synthesized vowels with varied FOs, using two cepstral
analysis methods, the standard cepstral (CEPS) and RS-CEPS
methods. The vowel sounds were down-sampled to 24000
Hz, and the Blackman-windowed analysis frame was set to
25 ms. Both resonance and anti-resonance frequencies are
selected as validation data. The accuracy of formant frequen-
cies is also compared with a formant tracking method in Praat
employing the Burg’s method.
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Fig. 7. The transfer function of a solid vocal tract model of
vowel /a/. The solid line is the smoothed transfer function,
and the gray line is the raw transfer function. F1 to F4 are the
first four formants. D is the anti-resonance due to the piriform
fossa.

Fig. 7 shows the transfer function of a vocal tract model
for vowel /a/ obtained by the swept-sine method, and selected
formants and an anti-resonance dip were used as the refer-
ence frequency values for the comparison. The formant/dip
estimation errors are quantified by

derr _ 100% « |V:95t,i - V;fru,i|7 (5)

tru,t

where V. ; is the estimated %, formant/dip frequency, and
Viru,i 18 the corresponding formant/dip frequency on the
transfer function.

The error measure that summarizes for all four formants
was examined by computing the Euclidean distance (in Hz)
between the true and estimated formants:

4

Z(Vest,i - V;fru,i)27 (6)

i=1

deuc =

where V. ; and V;,., ; are defined in Eq. (5).

4. RESULTS AND DISCUSSIONS

The results comparing the conventional cepstrum (CEPS),
Praat (Burg) and proposed (RS-CEPS) methods are shown
as the error functions in Fig. 8 (a)-(d) for the peaks and in
Fig. 8 (e) for the dip in the high frequency. The estimated
errors for the four peaks, i.e., formants, demonstrate that the
accuracy of RS-CEPS (circles) for the four formants excels
those of the standard cepstral analysis (asterisks) and Praat
(Burg) method (triangles). Especially, the RS-CEPS main-
tains stable performance on F1 and F2 estimates throughout
the whole FO range, while the CEPS fails at certain higher FO
ranges.

From the estimate errors for the anti-resonance dip, even
though the RS-CEPS method (circles) does not show sig-
nificant advantages in vowels below 500 Hz compared with
the CEPS method (asterisks), it reaches better performance
in higher frequencies, while the stable accuracy seen in the
lower frequencies is maintained.

Fig. 8 (f) shows the Euclidean formant estimation error of
the first four formants for the CEPS (asterisks), Praat (trian-
gles) and RS-CEPS (circles) methods. According to the over-
all comparison, the RS-CEPS method excels at representing
stable and precise vocal tract resonances in both low and high
frequency ranges.

F1 derr

F4 derr F3 derr F2 derr

D _derr
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Fig. 8. Estimation error results as a function of FO, showing
(a)-(d) the estimation errors (%) for the first four formants,
(e) the estimate errors (%) for the anti-resonance dip, and (f)
the Euclidean formant estimation errors (Hz) for the first four
formants.

5. CONCLUSION

In this study, a new cepstral approach using a rahmonic sub-
traction technique (RS-CEPS) is proposed to retrieve both
vocal tract resonance and anti-resonance from high-pitched
vowels. This technique focuses on the spectral components
generated by glottal noise to obtain their resonance pattern.
The subtraction procedure preserves cepstral information
near the rahmonic peak regions after subtraction with mini-
mal distortions on spectral information over a wide range of
FO. Comparisons were made among the proposed method, a
tool in Praat and standard cepstral analysis technique. The
results demonstrate that our new method successfully re-
stores accurate spectral representations with minimal effects
of harmonics. In the future, further optimizations of the RS-
CEPS will be sought to develope automatic formant tracking
technique and improve the computational efficiency toward
advancement in speech technology.
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