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Abstract

In this paper, an effective method to estimate the glottal
source waveform and the vocal tract shape in singing voice
was proposed based on ARX-LF model. Previous methods
suffered from estimation of the glottal source waveform and
the vocal tract shape in singing voices with high fundamen-
tal frequencies because of effects from forwarded periods.
In the proposed method, parameters of the ARX-LF model
were estimated accurately with exhaustive search in deter-
mined range and a simulated annealing method. Addition-
ally, singing voice was re-synthesized using the estimated re-
sults of the vocal tract filter and periodic glottal source wave-
form with a length of settling time for considering the effects
from forwarded periods. As a result of analysis using simu-
lated singing voice data and actual sung voice data, the ac-
curacy of estimation of the parameter values of the ARX-LF
model from singing voices with wide range of fundamental
frequency can be achieved by the proposed method.

1. Introduction

Speech and singing voice are defined as an output of a vo-
cal tract filter with a glottal source based on source-filter the-
ory [1]. Temporal fluctuations of glottal vibration and vo-
cal tract shapes can be obtained by estimating glottal source
waveform and vocal tract filter. Several analysis methods
have been proposed based on the theory. Ding and Kasuya
proposed a speech analysis-synthesis method based on auto-
regressive with exogenous input (ARX) model, which was a
model of vocal tract filter, and Rosenberg-Klatt (RK) model,
which was a model of glottal source waveform [2]. Their
method accurately estimated the vocal tract filter using the
Kalman filer algorithm. Ohtsuka and Kasuya improved esti-
mation to be able to analyze high-pitch speaking voice using
the Least Square method [3]. They reported that the method
can analyze voices spoken by females and children as well
as male voices. Vincent et al. proposed another method for
speech analysis and synthesis based on the ARX model and
Liljencrants-Fant (LF) model [4]. They analyzed simulated
speech data and female speaking voice. Their method accu-
rately estimated speech data with low fundamental frequency.

Several methods based on the ARX-LF model have been
reported for singing voice analysis and synthesis. Lu and
Smith III focused on glottal aspiration noise in singing voice.
They proposed the method for extraction and synthesis of the
glottal aspiration noise in singing voices [5]. Motoda and Ak-
agi investigated features of glottal source waveform in each
vocal register by analyzing singing voices using the ARX-LF
model [6]. As a result, differences of glottal source wave-
forms were found among vocal registers.

However, the previous methods [5, 6] suffered from ac-
curate estimation of the glottal source waveform of singing
voice. Inaccurate detection of the glottal closure instant
(GCI) caused inaccurate estimation of the glottal source
waveform. Li et al. detected GCI using Electroglottogram
(EGG) signal and estimated parameter values of the ARX-LF
model of emotional speech [7]. Nevertheless, their method
cloud not accurately estimate the speech with high fundamen-
tal frequency (fo).

Singers can sing songs fluently changing fo in their voice
freely not only within one vocal register but also among sev-
eral registers. Therefore, estimation of the glottal source
waveform and the vocal tract shape accurately in wide fo
range is required to obtain characteristics of singing voices.

The objective of this paper is to propose a method of accu-
rate estimation of the glottal source waveform and the vocal
tract shape for singing voices whose fos are in wide range.
In this paper, effects of forwarded periods are suggested as a
cause of inaccurate estimation of singing voice with high fo.
In singing voices with high fo, the settling time of the vocal
tract filter exceeds a length of each periods and the responses
of the vocal tract filter of the forwarded periods leak into the
target period. Thus, singing voice is re-synthesized using the
estimated ARX-LF parameter values to estimate the leaked
components.

2. Estimation method for glottal source waveform and
vocal tract

2.1 ARX-LF model

The LF model represents derivative of glottal source sig-
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Sampling points

Figure 1: The Liljencrant-Fant model

nal with 6 parameters [8, 9]: five parameters concerning time
T,,Te, Ty, T, and T, and one parameter concerning ampli-
tude F. as shown in Fig. 1. T}, is the phase where maximum
value of glottal flow occurs, T is the open phase of the glot-
tis, Ty, is the return phase, T is the end of return phase and
Ty is the length of period. In Fig. 1, GOI is the glottal open-
ing instant. The LF model in time domain is defined as the
following equation:

Eqe sin(wt) 0<t<T,
—Eylet(tTe) _=b(To=T)] T, <t <T, (1)
0 T.<t<Tp

u(t) =

where the parameters Fi, Fs,a,b and w are related
Ty, Te, Ty, T, Ty and E.. The ARX model simulates a vocal
tract filter. The speech signal s(n) is simulated as a following
equation by means of an ARX model [2]:

s(n) + Z ar(n)s(n — k) = u(n) + e(n) (2)
k=1

where a(n) is time-varying coefficients of the pth-order AR
filter characterizing the vocal tract, u(n) is the glottal flow
derivative (periodic waveform) and e(n) is the residual signal
of the ARX model and the aspiration noise (aperiodic wave-
form). The output of the LF model is the input signal u(n) to
the vocal tract filter. The re-synthesized signal x(n) is repre-
sented as the following equation:

2(n) = ar(n)s(n — k) + u(n)

k=1

3)

P

Step1: Estimation of the initial parameter values
of LF model from EGG
v

Step2: Search of ARX-LF model parameter values

Step2.1: Exhaustive search in determined range

Step2.2: Optimization by simulated annealing method

v
Step3: Synthesis of u(n)

v

Step4: Re-synthesis of x(n)

¥

Step5: Calculation of e(n)

¥

Step6: Save of u(n), x(n) and e(n)

Next geriod

Figure 2: Analysis process of the proposed method

2.2 Procedures for estimation

Figure 2 shows overview of the proposed procedure for es-
timation of the glottal source waveform and the vocal tract fil-
ter. In steps 1 and 2, parameter values of the ARX-LF model
are estimated. Singing voice is re-synthesized to consider in-
fluence from forwarded periods in steps 2 and 4.

Step 1 is the phase for estimating of the initial parame-
ter values of the LF model using EGG signal to determine
the range of exhaustive search. According to the previous
method [7], the initial parameter values of the LF model
are obtained from a fixed GCI from a differential EGG. The
ranges of exhaustive search are determined using these initial
parameters of the LF model.

Step 2 is the phase for searching the optimum values of
each parameter of the ARX-LF model. In step 2.1, value of
each parameter of the ARX-LF model is explored using ex-
haustive search in each determined range. In step 2.2, the
parameter values of the ARX-LF model are optimized using
a simulated annealing method in the small range including
the obtained parameters in step 2.1. The conditions of the ex-
haustive search and the simulated annealing are expressed as
the following equations:

minimize f = Z{s(n) —x(n)}?
limitation 0<T, <T, <Ty

08 <T./To <1

001 <T,/Tp <1

“
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u(n) and x(n) are obtained by the same process as steps 3
and 4.

Steps 3, 4 and 5 are the phases for synthesizing u(n), re-
synthesizing x(n) and calculating e(n). In steps 3, 4 and 5,
the vocal tract shape is assumed to be time-invariant during
several periods. First of step 3, u(n) is synthesized using the
estimated the parameters of the LF model. Second, u;(n)
with a length of over settling time is made using u(n). In
step 4, x;(n) is re-synthesized by inputting «,;(n) into the es-
timated vocal tract filter. x(n) is the backward periods of
x;(n). In step 5, e(n) is calculated using s(n), (n) and the
estimated vocal tract filter.

3. Evaluation

3.1 Experiment using simulated singing voice

Simulated singing voice were prepared using Kawahara’s
method [10]. The LF parameters were set as follows; T, /Ty
is 0.3 to 0.5 with steps of 0.1 and 1/7}, (= fo) is fixed as
147, 221, 441 Hz. Each glottal source waveform is assumed
as ideal condition without aspiration noise of glottis. This
means that the power of the minimized error is O theoretically.
The power of the minimized error €(n) is expressed as the
following equation:

®)

where M is the number of samples in e(n). The typical vowel
/al is considered for the filter. The sampling frequency of the
simulated singing voices was 44.1 kHz.

Figure 3(a) shows the power of the minimized error by
the previous method [6] in each simulated condition. Figure
3(b) shows the power of the minimized error by the proposed
method. As Fig. 3(b), the power of the minimized error was
almost 0 in each condition, especially the results of data with
fo as 147 Hz and 221 Hz. Comparing Figs. 3(a) and (b),
the power of the minimized error by the proposed method
was smaller than that by the previous method: decreasing in
91.8% for 147 Hz, decreasing in 84.2% for 221 Hz and de-
creasing in 71.9% for 441 Hz. As aresult, accurate estimation
of singing voices in wide range fo is achieved using the pro-
posed method.

3.2 Experiment using the real singing voice

Real singing voices were baritone singing voice sung with
vowel /a/. One singing voice waveform is shown in Fig. 4(a).
This data was offered by Prof. Tsuzaki, Kyoto City University
of Arts, and included singing voice waves and EGG signals.
The fo of this data was 233 Hz estimated by STRAIGHT
(STRAIGHTV40.006b) [11]. The sampling frequency of the
singing voice data was 44.1 kHz.
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Figure 3: Power of minimized error of simulation data, (a) by
the previous method and (b) by the proposed method

Figure 4(b) and (c) shows the estimated e(n) by the previ-
ous method and the proposed method. e(n) by the previous
method was observed a periodic component shown in Fig.
4(b). e(n) by the proposed method was observed only an
aperiodic waveform in Fig. 4(c). Theoretically, u(n) consists
of periodic components and e(n) consists of aperiodic com-
ponents. Therefore, Fig. 4(c) is indicated that the proposed
method could estimate glottal source waveform accurately.

4. Conclusions

This paper proposed an effective method to estimate the
glottal source waveform and the vocal tract filter of singing
voices. Two evaluational experiments were carried out using
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Figure 4: The results of a baritone singing voice /a/, (a) real
singing voice, (b) estimated result of e(n) by the previous
method, (c) estimated result of e(n) by the proposed method

the simulated singing voice whose fo are low, middle and
high, and the real singing voice. Reduction of the power of
the minimized error was found in the results of the simulated
singing voice. As a result, it is indicated that the proposed
method could accurately estimate the glottal source waveform
and the vocal tract filter of singing voice with wide range of
fo. The results of the real singing voice indicated that the
proposed method could be applied to estimate the parameter
values in real singing voices.
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