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a b s t r a c t

Several dereverberation algorithms have been studied. The sampling frequencies used in conventional
studies are typically 8–16 kHz because their main purpose is preprocessing for improving the intelligibility
of speech communication and articulation for automatic speech recognition. However, in next-generation
communication systems, techniques to analyze and reproduce not only semantic information of sound but
also more high-definition components such as spatial information and directivity will be increasingly nec-
essary. To decompose these sound field characteristics with high definition, a dereverberation algorithm
that is useful at high sampling frequencies is an important technique to process sound that includes
high-frequency spectra such as musical sounds. The LInear-predictive Multichannel Equalization (LIME)
algorithm is a promising dereverberation method. Using the LIME algorithm, however, a dereverberation
signal cannot be solved at high sampling frequencies when the source signal is colored, such as in the case
of speech and sound of musical signals. Because the rank of the correlation matrix calculated from such a
colored signal is not full, the characteristic polynomial cannot be calculated precisely. To alleviate this prob-
lem, we propose preprocessing of all input signals with filters to whiten their spectra so that this algorithm
can function for colored signals at high sampling frequencies.

� 2011 Elsevier Ltd. All rights reserved.

1. Introduction

Conventionally, the main purpose of dereverberation algorithms
is to improve speech communication intelligibility and the perfor-
mance of automatic speech recognition systems [1]. Therefore, in
these studies, sampling frequencies are typically 8–16 kHz.
However, in next-generation high-definition communications sys-
tems, techniques to analyze and synthesize not only semantic infor-
mation of sound but also more qualitative characteristics
comparable to textures of sound must be very important. Therefore,
it is necessary to extract room acoustic characteristics and original
sound precisely from each sound source, along with the directivity
of each sound source from the sound sensed in a room at a position
that is distant from the sound sources [2–5]. Dereverberation is a key
technique. The sampling frequency must be sufficiently high, such
as 44.1 kHz. Recently, dereverberation of musical sounds has been
attracting the interest of researchers [6]. Therefore, we conducted
a study to develop an algorithm that can decompose reverberant
components from received signals at high sampling frequencies.

To date, various dereverberation techniques have been proposed
[1]. Among them, methods using inverse filtering of a room transfer
function based on the Multi input–output INverse Theorem (MINT)
[7] show good performances to extract original source signals from
input signals, including reflected sound. In methods based on MINT,
the impulse responses corresponding to room acoustics (room
impulse responses, RIR) are necessary to calculate the inverse filters.
However, it is difficult to estimate impulse responses solely from the
input signals because of the great length of room impulse responses
[8]. These techniques are known as blind multichannel identifica-
tion based on second-order or higher-order statistical [9] or
subspace methods [10]. Another type is blind dereverberation,
where the inverse filter is estimated solely from the input signals
[11–13]. Particularly, LInear-predictive Multi-input Equalization
(LIME) [12] is widely used because this method shows good perfor-
mance against whitening problems in blind dereverberation. In the
LIME algorithm, the signal generating process is estimated from
input signals based on multi-channel linear prediction; the original
signal is extracted almost perfectly if the sampling frequency is as
high as 16 kHz.

However, when the sampling frequency is higher and the
source signal is colored as normally as typical music signals and
speech signals, then the dereverberation performance is decreased
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even with the LIME algorithm. This performance degradation oc-
curs because the matrix rank used in the calculation is decreased
and becomes extremely ill-conditioned. To cope with this problem
in this paper, we propose a new wide-band dereverberation algo-
rithm by improving the LIME algorithm.

In Section 2, the LIME algorithm is briefly introduced. The prob-
lem of the LIME algorithm at high sampling frequency is discussed
in Section 3. A new algorithm using a prewhitening filter is then
proposed in Section 4. In Section 5, the performance of the pro-
posed method is evaluated. Finally, our conclusions are presented
in Section 6.

2. LIME algorithm

The LIME algorithm is based on the hypothesis that the original
sound source signal s(n) is modeled using linear prediction. The
estimated source signal ŝðnÞ is recovered by calculating the esti-
mated prediction residual êðnÞ and the estimated Auto-Regressive
(AR) parameters âðzÞ from the matrix Q obtained from the input
signals xi(n), as shown by the following equation:

Q ¼ ðEfxðn� 1ÞxTðn� 1ÞgÞþEfxðn� 1ÞxTðnÞg: ð1Þ

In that equation, A+ is the Moore–Penrose generalized inverse of
matrix [15] A, xi(n) = [xi(n), . . . ,xi(n � (L � 1))]T and xðnÞ ¼
½xT

1ðnÞ; . . . ;xT
PðnÞ�

T .
The estimated AR parameters âðzÞ, which correspond to the lin-

ear predictive coefficient a(n) of the source signal s(n), are obtained
from the characteristic polynomial [14] of Q. The LIME algorithm
schema is depicted in Fig. 1. The order of a(n) is defined as

N ¼ M þ L� 1; ð2Þ

where M is the order of the room impulse response hi(n) and where
L signifies the order of the inverse filter based on MINT.

The order of a(n) is obtainable as Eq. (2) by calculating Q using
the higher order than the real order M of hi(n) despite unclear M.
This constitutes a great advantage of LIME. The LIME algorithm
has been introduced and discussed in detail in an earlier report
[12].

3. Performance degradation of LIME at high sampling frequency

3.1. Occasion of performance degradation

In the LIME algorithm, the prediction residual êðnÞ and the esti-
mated Auto-Regressive (AR) parameters âðzÞ of the source signal

are calculated from the correlation matrix of received signals and
its inverse given by Eq. (1). Therefore, the accuracy of LIME de-
pends on the granularity of Q in Eq. (1). To calculate Eq. (1), the
rank of the correlation matrix must be full because the precision
of inverse in Eq. (1) depends on its rank. The rank of the correlation
matrix is determined by its condition number, which is obtainable
as a ratio between the maximum eigenvalue and minimum
eigenvalue.

If the length of L in Eq. (2) is sufficiently large in LIME, then the
eigenvalues of the correlation matrix E{x(n � 1)xT(n)} in Eq. (1) are
equivalent to the average power spectrum of x(n) [16,17]. There-
fore, if the average power spectrum of x(n) is colored, then the dif-
ference between the maximum eigenvalue and the minimum
eigenvalue is large and the rank of its correlation matrix becomes
smaller than the full rank.

However, most actual sounds around us are frequently colored,
but have energy bias. For example, in speech and musical instru-
mental signals, energy is concentrated in the low-frequency region.
It decays concomitantly at higher frequencies. Such a tendency of
colored characteristics increases when the sampling frequency is
high.

At high sampling frequency, the correlation matrix
E{x(n � 1)xT(n � 1)}, defined as Eq. (1), is colored when the input
signal is colored. Results show that the rank of the correlation ma-
trix E{x(n � 1)xT(n � 1)} is reduced to less than N(= the order of AR
polynomial âðzÞ) and that its inverse and the characteristic polyno-
mial of Q cannot be calculated accurately, which underscores an
important problem: LIME does not work at high sampling frequen-
cies if the input signals are colored.

3.2. Computer simulation

Using computer simulations, we demonstrate that the derever-
beration performance is degraded when a source signal is a colored
signal in LIME.

In the simulations, the room impulse responses hi(n) that were
used were those measured using a time-stretched pulse (TSP) [18]
in a soundproof room using a microphone array of 20 microphones
(Fig. 2). The room size was 5.18 m � 3.38 m � 2.52 m. The sound-
proof room reverberation time was 0.15 s and sampling frequency
was 44.1 kHz for deliberation at high sampling frequency. There-
fore, the length of the impulse response hi(n) was around
44,100 � 0.15 = 6150 samples. Fig. 3 shows the temporal wave-
form and the averaged spectrum of a measured impulse response.
The averaged spectra of s(n) � h(n) at two sampling frequencies are
shown in Fig. 4a–d, respectively. The original source signal in

Fig. 1. Block diagram of the LIME Algorithm [12].
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