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Abstract

Based on recently observed nonlinear dynamic features of human speech, the local projection (LP) method, originally
developed for noisy chaotic time series, is generalized and adapted to the enhancement of Chinese speech. The analysis of
minimum embedding dimensions estimated by the false nearest neighbor algorithm shows that all the basic phonemes and
syllables in Chinese can be faithfully embedded in some low-dimensional phase space. Over-embedding is applied to
reconstruct the dynamics of continuous speech in some extended phase space of higher dimension, thus solving the
problem of nonstationarity in continuous speech. A generalization of the LP method, named the local subspace method, is
presented for speech enhancement in the phase space. It is demonstrated that, the local subspace method is essentially an
extension of the well-known linear subspace technique in the local phase space, and the LP method is the least square case
of this generalization. Noise reduction is then carried out in the local phase space. Results show that the LP method, with 2
or 3 iterations, achieves better performances than the local subspace method. For both isolated and continuous speech with
additive white noise, experiments show the superiority of the LP method over two other popular algorithms.
© 2007 Elsevier B.V. All rights reserved.
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1. Introduction directions of these studies are noise suppression in

the frequency domain and noise elimination in the

Speech enhancement, which aims at eliminating
noise components from contaminated speech
signal, is one of the most important technologies
for speech processing. In the past several decades,
a variety of approaches for speech enhancement
have been proposed, mostly based on the classical
linear acoustical model of speech [1]. Two popular
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signal subspace. The frequency domain methods
take advantage of the perceptual function of the
short-time spectrum of speech signal. Typical
algorithms include the spectral subtraction [1,2],
Wiener filtering [1,3], and that proposed by
Ephraim and Malah (E-M) [4], which has been
commonly recognized to be the best one of this
class. The subspace methods assume the separability
of speech and noise in some properly reconstructed
space, i.e., the existence of two orthogonal sub-
spaces: (1) the noise subspace containing compo-
nents from the noise process only, and (2) the signal
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subspace containing the dominant speech signal,
plus a certain amount of noise as well. Enhancement
is performed by removing the components in the
noise subspace and estimating the clean signal from
the remaining components in the signal subspace.
The estimation of signal subspace can be achieved
using either the singular value decomposition (SVD)
of the data matrix [5,6], or the eigenvalue decom-
position (EVD) of the data covariance matrix
[7-13]. The more popular framework based on
EVD was first established by Ephraim and Van
Trees (E-V) [7], and then extended to an adaptive
one [8] and to colored noise [9-11]. The hearing
property and perceptual mechanism of human
beings were also introduced into this framework
for further improved performance [12,13]. Although
these algorithms perform comparatively well, they
all, especially those approaches in the frequency
domain, suffer from different levels of annoying
residual noise, e.g., the “musical noise”.

The conventional linear model of speech over-
looks the underlying nonlinearity in various stages
of speech production, e.g., the nonlinear vocal cords
vibration, the nonlinear modulation and resonance
when sound waves propagate through vocal tract,
the strong turbulent motions in producing frica-
tives, etc. The nonlinear characteristics of the
voiced sounds were recently revealed by investigat-
ing the speech production mechanism [14-16]. On
the other hand, nonlinear analysis of speech signal
in different languages [17-19], including Chinese
[20], disclosed the chaos-like dynamic features in
most phonemes, especially the voiced ones, albeit
the continuous speech may be highly nondetermi-
nistic and nonstationary. Surrogate tests on the
simple vowels of US English showed that the
linear prediction analysis widely applied in current
speech technologies does not fully exploit the
dynamic characteristics of speech signal [21]. These
results call for nonlinear or linear/nonlinear hybrid
models to characterize the nonlinear phenomena in
speech.

In recent years, various techniques based on
nonlinear dynamics have been developed for speech
analysis and processing, for example, the synthesis
technique for voiced sounds [22], the short-term
prediction in speech coding [23,24], the nonlinear
analysis of speech [25], the classification of isolated
phonemes [26], and the noise reduction for noisy
speech [20,27,28]. Hegger et al. [27] first attempted
to adapt the local projection (LP) method, origin-
ally developed for chaotic signal [29,30], to enhance

the sustained vowel /a/ with additive white noise.
Their result showed the superiority of the LP
method over E-M’s algorithm [4] in the sense of
signal-to-noise ratio (SNR). Zheng et al. revealed
the nonlinear dynamic characteristics of Chinese
speech by estimating the dynamic features (e.g.,
correlation dimension, Lyapunov exponents) of
some selected vowels and voiced consonants, and
an initiative attempt was made to adapt the LP
method to enhance some typical isolated phonemes
of Chinese speech [20]. Motivated by the encoura-
ging works as mentioned, we attempt to make a
comprehensive survey on speech enhancement
based on the nonlinear dynamics of speech in this
paper. Specifically, we investigate on these issues:
(1) the phase-space embedding of Chinese pho-
nemes and syllables, through which the nonlinear
dynamics can be clearly reconstructed; (2) the
generalization of the LP method and its relationship
with the linear subspace technique; and (3) the
applicability of the LP method to the enhancement
of Chinese speech, both for isolated and continuous
speech. In this study, we assume that the speech is
contaminated by additive white Gaussian noise,
while leaving the general approach in real noise
environment as our next-step work.

The rest of this paper is organized as follows.
Section 2 briefly reviews the embedding theorem
and demonstrates the embedding of Chinese pho-
nemes and syllables in the reconstructed phase
space. It is shown that all Chinese phonemes and
syllables can be well embedded in some low-
dimensional phase space, and the nonstationarity
in continuous speech can be tackled by the so-called
over-embedding technique. With these prepara-
tions, noise reduction can be performed in the
reconstructed phase space, being an alternative to
the linear subspace noise reduction. In Section 3,
the LP method is introduced and generalized to
the local subspace method. The relationship
between the LP, the local subspace, and the
general linear subspace methods is also discussed.
Section 4 compares the speech enhancement results
on isolated Chinese speech by several approaches,
i.e., the LP, the local subspace, E-M’s, and E-V’s
methods. It is shown that the LP method outper-
forms others in the sense of SNR. Section 5
demonstrates the superiority of the LP method over
E-M’s and E-V’s algorithms in the continuous
speech enhancement via both objective and sub-
jective evaluation. Finally, we draw conclusions of
this study in Section 6.
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