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Abstract

We propose a glottal source estimation method robust to shimmer and jitter in the glottal flow. The proposed estimation method is
based on a joint source-filter optimization technique. The glottal source is modeled by the Liljencrants–Fant (LF) model and the vocal-
tract filter is modeled by an auto-regressive filter, which is common in the source-filter approach to speech production. The optimization
estimates the parameters of the LF model, the amplitudes of the glottal flow in each pitch period, and the vocal-tract filter coefficients so
that the speech production model best describes the observed speech samples. Experiments with synthetic and real speech data show that
the proposed estimation method is robust to different phonation types with varying shimmer and jitter characteristics.
� 2010 Elsevier B.V. All rights reserved.
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1. Introduction

Estimation of glottal flow from the acoustic speech sig-
nal can be useful for many potential applications, such as
speech analysis, modeling, synthesis, coding, and speaker
verification/identification, as well as for noninvasive diag-
nosis of voice disorders (Rosenberg, 1971; Plumpe et al.,
1999; Strik, 1998; Moore et al., 2003; Airas and Alku,
2006). Although glottal flow can be assessed accurately
through direct, invasive measures within specific scientific
or diagnostic setups, in practice, it is usually estimated
from a signal which is recorded noninvasively (Frohlich
et al., 2001).

Voiced speech is typically modeled as the output of a lin-
ear time-invariant (LTI) filter with glottal flow at its input.
Under such a model, it is straightforward to derive the glot-
tal flow derivative from the output speech signal using glot-
tal inverse filtering (Quatieri, 2001; Hess, 1983). In glottal
inverse filtering, the vocal-tract filter is first estimated from
the output speech signal using linear prediction (LP)

(Rabiner and Schafer, 2010), and then the output speech
is filtered through the inverse of the estimated vocal-tract
filter to obtain an estimate of the glottal flow derivative.
The main problem in glottal inverse filtering is that the esti-
mate of the vocal-tract filter is influenced by the glottal
flow and, hence, may not be accurate. Pitch-synchronous
LP (PSLP) is a more widely used approach for glottal
inverse filtering for avoiding the effect of the harmonic
structure of the speech spectrum on the LP analysis
(Rabiner and Schafer, 2010). To avoid the influence of
the glottal flow while estimating the vocal-tract filter, a
common approach is to perform LP analysis only during
the closed phase, i.e. the period during which the glottis
is closed and there is no glottal flow (Krishnamurthy
et al., 1986). For example, Wong et al. presented a classical
pitch synchronous closed phase covariance linear predic-
tion algorithm (Wong et al., 1979). However, a sufficiently
long closed phase is necessary for estimating the vocal-tract
filter accurately; unfortunately, this is not always the case,
particularly for the speech of females and children due to
the shorter glottal time periods. As an alternative, Alku
(1992) proposed a low-order FIR filter for modeling the
glottal source and used it to eliminate its effect on the out-
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put speech and then performed a PSLP over the whole
pitch period.

In natural speech production, there are more complex
interactions between the glottal excitation and the vocal-
tract filter beyond what is represented by the simple LTI fil-
tering assumption (Carre, 1981). For example, as pointed
out by Miller (1959), the coupling to the subglottal system
causes appreciable damping of the formant oscillation dur-
ing the open glottis interval. To capture the source-tract
interaction, a common approach is to assume a model of
glottal source and estimate the source and filter jointly.
Almost all available glottal flow models are time domain
models, such as the Rosenberg (Rosenberg, 1971),
KLGLOTT88 (Klatt et al., 1990), Rosenberg++ (Vel-
dhuis, 1998), Liljencrants–Fant (LF) (Fant and Lin,
1985) models, all of which have the capability of describing
the glottal flow signal with sufficient temporal details. For
example, in (Krishnamurthy, 1992) the glottal source is
described using the LF model and the vocal tract is mod-
eled as a pole-zero system with different sets of pole and
zero locations in the closed phase (CP) and open phase
(OP) to model the source-tract interaction. However, the
estimates of the CPs and OPs from natural speech are
not guaranteed to be always accurate, which may lead to
wrong estimates of the LF model parameters. To reduce
such error propagation due to wrong estimates of CP
and OP, it is desirable to incorporate CP and OP estima-
tion in the optimization framework itself. Frohlich et al.
(2001) have presented a pitch-asynchronous simultaneous
inverse filtering and model matching (SIM) method. A sim-
plified LF model for the glottal source was incorporated
within a discrete all-pole (DAP) modeling technique. The
SIM method was proposed for a speech segment of 10
pitch cycles, and it assumes that the amplitudes of the glot-
tal flow derivatives in the 10 cycles are constant (i.e., no
shimmer); however, in practice, such an assumption does
not hold often. Ding et al. (1995) adopted a completely
time-varying autoregressive with exogenous input (ARX)
model for the vocal tract, and the KLGLOTT88 glottal
source model acts as its source. A simulated annealing opti-
mization was used to identify the ARX model parameters
in a pitch-synchronous fashion. More recently, Fu et al.
(2006) proposed a pitch-synchronous method for jointly
estimating source and filter parameters using the LF model
for glottal source. A Kalman filtering process was embed-
ded in the joint optimization process for adaptively identi-
fying the vocal-tract parameters. In the pitch-synchronous
method, Fu et al. considered signal segments between two
consecutive glottal closure instants (GCIs) for analysis and
assumed that the amplitudes of glottal flow derivative in
both pitch cycles are identical; thus, the effect of shimmer
was not directly incorporated in their optimization.

The shimmer and jitter (Yoshiyuki, 1982) in the glottal
flow are two potential sources of perturbations in the
parameters of the glottal flow waveform. Thus, the joint
source-filter optimization should be formulated in a way
to handle both shimmer and jitter. The amplitude of the

glottal flow derivative signal can change from one pitch
period to the next; this is known as shimmer. On the other
hand, jitter occurs when the pitch period itself changes
from one cycle to the next. Hence, the assumption of a
fixed amplitude of the glottal flow in every pitch cycle
may not be realistic. Similarly, assumption of fixed pitch
periods while analyzing multiple pitch cycles also may
cause errors in glottal source estimation. Thus, the joint
source-filter optimization should be formulated in a way
to handle both shimmer and jitter.

In this work, we present a joint source-filter optimiza-
tion approach for estimating glottal flow using the LF
model of the glottal flow derivative where the effects of
shimmer and jitter are explicitly tackled. The vocal-tract fil-
ter is modeled by an auto-regressive filter. In this optimiza-
tion approach, the amplitudes of the glottal flow derivative
in each pitch cycle are estimated along with glottal flow and
vocal-tract filter parameters. Experiments are conducted
under a variety of shimmer and jitter conditions and the
robustness of the proposed optimization method is demon-
strated. The remainder of the paper begins with the details
of the source and vocal-tract filter models used in the pro-
posed optimization framework.

2. Source-filter model of speech production

2.1. AR speech production model

The proposed optimization method is developed based
on the auto-regressive (AR) speech production model. In
the AR speech production model, the speech signal x[n]
is considered to be the output of an all-pole linear time-
invariant(LTI) filter1 with input source signal g[n] (Chil-
ders, 2000)

x½n� ¼ �
XP

p¼1

apx½n� p� þ g½n�: ð1Þ

The input source signal g[n] is assumed to be the sum of
the white gaussian noise w[n] and samples of glottal flow
derivative signal2 vT 0

½n� ¼ vT 0
ðnT sÞ, where vT 0

ðtÞ is the con-
tinuous-time glottal flow derivative signal with period T0,
and Ts is the sampling frequency. We assume that, at the
operating sampling frequency F s ¼ 1

T s
, the aliasing error

due to sampling the non-bandlimited signal vT 0
ðtÞ is mini-

mal. There can be cycle-to-cycle variations in the amplitude
of the glottal derivative (shimmer) as well as in the period
T0 itself (jitter). Moreover, depending on the voice type, the

1 In this paper, we have used the LTI AR model for simplicity. However,
it can be easily extended to the time-varying (TV) AR model using an
approach similar to (Hall et al., 1983).

2 Since the speech production system is assumed to be LTI, the lip-
radiation differentiator and the glottal flow uT 0

½n� can be combined to
result in the glottal flow derivative signal as the input to the filter. When
the system is TV, such an operation is still valid assuming the vocal tract is
slowly-varying in vowels (Fu et al., 2006).
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