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ABSTRACT

A time-quefrency dereverberation method for reducing the
minimum-phase component (MPC) of the room impulse re-
sponse (RIR) is presented. This paper shows that the vocal-
tract and glottal components and the MPC of the RIR can
be eliminated from observed signals convolving the unknown
RIR with an unknown voiced speech signal. The liftered se-
quence is applied to direction-of-arrival (DOA) estimator with
the multiple signal classification (MUSIC) procedure. Com-
puter simulations demonstrate the superiority of the our cep-
stral prefiltering approach.

Index Terms— Direction-of-arrival (DOA), cepstral pre-
filtering, time-delay estimation (TDE), cepstral analysis, mul-
tiple signal classification (MUSIC) algorithm.

1. INTRODUCTION

The direction-of-arrival (DOA) estimation [1, 2] using micro-
phone array finds application in source localization [3]. The
major point of this paper is in DOA estimation from observed
signal that is modeled as the convolution of an unknown room
impulse response (RIR) with an unknown quasi-stationary
source signal. Quasi-stationary signal is modeled as an
approximately stationary behavior over short time period.
Voiced speech signal is often recognized as quasi-stationary
signal. Generally, DOA estimators in reverberant environ-
ments are very poor with their estimation errors. Cepstral
prefiltering is effective in eliminating the reverberation from
received signals [4]. Therefore, it is applied to time-delay
estimation (TDE) [4] and the binaural sound localization es-
timation [3]. In the Stéphenne cepstral prefiltering method,
after averaging the minimum-phase component (MPC) of the
RIR, a dereverberation is accomplished by subtracting the
averaged MPC of the RIR from the observed signal.

This paper presents a dereverberation method using cep-
strum analysis for DOA estimation of speech signal in rever-
berant environments. While the slowly varying vocal-tract
and glottal components occur near the origin in the cepstrum,
the rapidly varying pitch components occur at a time equal

to the pitch period. Moreover, the MPC of the RIR appears
near the origin in the cepstrum. In the new approach, short-
pass liftering can be used to extract the vocal-tract and glottal
components and the MPC of the RIR from the MPC of the
observed signal at a time frame. At the same time frame, the
pitch period can be liftered from the MPC of the observed
signal by a long-pass lifter. To eliminate an additive white
Gaussian noise (AWGN) from the short-time liftered compo-
nent, the average of the short-time liftered component of the
observed signal over successive frames is recursively com-
puted. Finally, the all-pass component (APC) of the RIR can
be estimated by subtracting the long-pass liftered component
and the averaged short-time liftered component from the ob-
served signal. This procedure results in reducing the reverber-
ation from the observed signal. A time delay from the source
to a microphone is included in the APC of the RIR. There-
fore, if the distance between the source and the microphone is
much longer than that between the neighboring microphones,
the MUSIC procedure can be applied to DOA estimation. In
numerical examples, we show that the new method with the
DOA estimator provides a performance better than the con-
ventional method.

2. CONVOLUTIVE MIXING MODEL OF SPEECH
AND CEPSTRAL ANALYSIS

We assume that source signal is modeled as quasi-stationary
processes. Quasi-stationary process consists of a sequence of
variables with mean zero and slowly varying variance over
time period. The process presents an approximately station-
ary behavior over short time interval. Voiced speech signal
is often recognized as quasi-stationary signal. The speech is
generated by passing either an impulse sequence for voiced
speech or a random-noise sequence for unvoiced speech
through a slowly time-varying filter of speech production [5]

Hvt(z) =
Gvt

L∏
i=1

(
1− riz

−1
) (

1− r†i z
−1

) , (1)
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where there are 2L poles inside the unit circle, that is, |ri| < 1
and the constant Gvt is positive. The superscript † denotes
conjugation. The speech signal at time n is expressed as

s(n) = hvt(n) ∗ u(n), (2)

where hvt(n) is the inverse z-transform of Hvt(z), the aster-
isk ∗ denotes time-domain convolution, and u(n) denotes the
impulse sequence or the random-noise sequence.

In the convolutive audio mixing model of speech between
the source s(n) and J microphones x1(n), x2(n), · · · , xJ (n),
assuming that a RIR hrir

i (n) from the source to the ith micro-
phone without changing over the entire observation interval
is a stable and causal non-minimum-phase impulse response,
the RIR transformed into the z-transform domain is factored
into a MPC and an APC [5, 6]

H rir
i (z) = Hmin

i (z)Hap
i (z). (3)

Hmin
i (z) represents the MPC

Hmin
i (z) = Gi

∞∏
j=1

(
1− aijz

−1
) (

1− a†ijz
−1

)
, (4)

where Gi > 0 and there are zeros inside the unit circle, that
is, |aij | < 1. Similarly, Hap

i (z) represents the APC

Hap
i (z) =

z−τi

∞∏
j=1

(
1−b−1

ij z−1
)(

1−
(
b†ij

)−1

z−1

)
∞∏
j=1

(
1− bijz

−1
) (

1− b†ijz
−1

) , (5)

where there are poles inside the unit circle, that is, |bij | < 1
and zeros outside the unit circle, that is, |b−1

ij | > 1. If di and c
represent the distance from the source to the ith microphone
and the propagation velocity of the signals respectively, the
time delay τi is given by

τi =
di
c
. (6)

We obtain an observed signal at the ith microphone as fol-
lows:

xi(n) = hrir
i (n) ∗ s(n) + ni(n), (7)

where the AWGN ni(n) with mean zero and variance σ2 is
independent of the source.

The time-domain observed signal is transformed into the
frequency domain by the short-time Fourier transform (STFT)
as follows:

Xi(ωk,m) =
2N−1∑
n=0

w(n)xi {n+(m−1)Ts} e−jωkn, (8)

where Ts is shift size between two neighboring windows,
ωk = πk/N for k = 0, 1, · · · , 2N − 1, and w(n) is the

exponential window defined as

w(n) =

{
αn, 0 ≤ n<N, 0<α<1

0, otherwise
(9)

to reduce the aliasing of the RIR in the complex cepstrum [7].
If 2N is significantly larger than the length of the RIR hrir

i (n),
the convolutive mixing model is approximately expressed in
the time-frequency (TF) domain as the multiplication

Xi(ωk,m) ≈ H rir
i (ωk)S(ωk,m) +Ni(ωk,m), (10)

where S(ωk,m) and Ni(ωk,m) are the STFTs of s(n) and
ni(n) at time frame m, and H rir

i (ωk) is the discrete Fourier
transform (DFT) of hrir

i (n). Taking the complex natural loga-
rithm of both side in (10), we obtain

logXi(ωk,m)≈ logH rir
i (ωk)+logS(ωk,m)+log Vi(ωk,m),

(11)
where

Vi(ωk,m)=1+
Ni(ωk,m)

H rir
i (ωk)S(ωk,m)

. (12)

Converting (11) in the quefrency domain by the inverse DFT
(IDFT), we have the complex cepstrum

Xi(n,m) ≈ Hrir
i (n) + S(n,m) + Vi(n,m), (13)

where Hrir
i (n) is the IDFT of logH rir

i (ωk). Xi(n,m), S(n,m),
and Vi(n,m) are the inverse STFTs (ISTFTs) of logXi(ωk,m),
logS(ωk,m), and log Vi(ωk,m).

H rir
i (ωk) can be factored into the MPC and the APC as

follows:
H rir

i (ωk) = Hmin
i (ωk)H

ap
i (ωk). (14)

The complex cepstrum of (14) is given by

Hrir
i (n) = Hmin

i (n) +Hap
i (n), (15)

where Hmin
i (n) is zero in the second half of each period:

Hmin
i (n)=

 0, N <n<2N
Hrir

i (n), n=0, N
Hrir

i (n)+Hrir
i (2N−n), 0<n<N

(16)

and Hap
i (n) is an odd function of t:

Hap
i (n) =

 0, n = 0, N
Hrir

i (n), N <n<2N
−Hrir

i (2N−n), 0<n<N.
(17)

Substituting (15) into (13), we have

Xi(n,m) ≈ Hmin
i (n)+Hap

i (n)+S(n,m)+Vi(n,m). (18)

In [4], the MPC of the observed signal Xi(n,m) in the que-
frency domain is given by

Xmin
i (n,m)=

0, N <n<2N
Xi(n,m), n=0, N
Xi(n,m)+Xi(2N−n,m), 0<n<N.

(19)
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In cepstral processing for speech analysis, calculating the
STFT of the windowed speech and taking the complex natural
logarithm produces

logS(ωk,m) ≈ logHvt(ωk,m) + logU(ωk,m), (20)

where Hvt(ωk,m) and U(ωk,m) are the STFTs of hvt(n) and
u(n) at time frame m. The ISTFT of logS(ωk,m) is the
complex cepstrum

S(n,m) = Hvt(n,m) + U(n,m). (21)

Substituting (21) into (18), we can rewrite (18) as

Xi(n,m) ≈Hmin
i (n) +Hap

i (n) +Hvt(n,m)

+U(n,m) + Vi(n,m), (22)

where Hvt(n,m) and U(n,m) are the ISTFTs of logHvt(ωk,m)
and logU(ωk,m).

3. A NEW DEREVERBERATION METHOD FOR
ESTIMATING DOA

In voiced case, while the vocal-tract and glottal components
are slowly varying over successive frames to correspond to
the low-time part of the cepstrum due to the exponential win-
dow and the all-pole filter, the pitch components are rapidly
varying over successive frames to correspond to the high-
time part of the cepstrum. Since the values of the vocal-tract
and glottal components and the MPC Hmin

i (n) appear near
the origin in the cepstrum, we adapt the following short-pass
lifter:

X short
i (n,m)=

{
Xmin

i (n,m), 0≤n<Ndiv
0, Ndiv≤n<2N

=

Hmin
i (n)+Hvt(n,m)+Vmin

i (n,m),
0≤n<Ndiv

0, Ndiv≤n<2N,
(23)

where 0 < Ndiv < N0(m) < N and the peak at N0(m) cor-
responds to the pitch period in the cepstrum of Xmin

i (n,m).
On the other hand, to extract the pitch components, we apply
the following long-pass lifter:

X long
i (n,m)=

{
0, 0≤n<Ndiv
Xmin

i (n,m), Ndiv≤n<2N

=

0, 0≤n<Ndiv
Hmin

i (n)+U(n,m)+Vmin
i (n,m),

Ndiv≤n<2N.
(24)

The average of X short
i (n,m) over successive frames to elimi-

nate the AWGN component from X short
i (n,m) is recursively

computed by

Ĝshort
i (n,m)=

{
X short

i (n,m), m=1

(1−µ)Ĝshort
i (n,m−1)+µX short

i (n,m), m>1,
(25)

where 0 < µ ≤ 1. Ĝshort
i (n,m) is an estimation of Hmin

i (n)+
Hvt(n,m). After reducing the reverberation, the output signal
at the ith microphone can be written as

Yi(n,m) ≈Xi(n,m)− Ĝshort
i (n,m)−X long

i (n,m)

≈Hap
i (n) +Qi(n,m), (26)

where

Qi(n,m)=

0, n=0, N
Vi(n,m), 0<n<Ndiv, N <n<2N
−Vi(2N−n,m), Ndiv≤n<N.

(27)
Similarly, in unvoiced case, the all-pole filter is excited by

a random-noise sequence. By using the short-pass lifter, we
have

X short
i (n,m)=

{
Xmin

i (n,m), 0≤n<Ndiv
0, Ndiv≤n<2N

=

H
min
i (n)+Hvt(n,m)+Umin(n,m)+Vmin

i (n,m),
0≤n<Ndiv

0, Ndiv≤n<2N.

(28)

The long-pass liftering of Xmin
i (n,m) is given by

X long
i (n,m)=

{
0, 0≤n<Ndiv
Xmin

i (n,m), Ndiv≤n<2N

=

0, 0≤n<Ndiv
Hmin

i (n)+Umin(n,m)+Vmin
i (n,m),

Ndiv≤n<2N.
(29)

(25) is applied to eliminate the AWGN component from
X short

i (n,m). We can express the output signal at the ith
microphone as

Yi(n,m) ≈Xi(n,m)− Ĝshort
i (n,m)−X long

i (n,m)

≈Hap
i (n) + P(n,m) +Qi(n,m), (30)

where

P(n,m)=

0, n=0, N
U(n,m), 0<n<Ndiv, N <n<2N
−U(2N−n,m), Ndiv≤n<N

(31)
and

Qi(n,m)=

0, n=0, N
Vi(n,m), 0<n<Ndiv,N <n<2N
−Vi(2N−n,m), Ndiv≤n<N.

(32)
Thus if Hmin

i (n) and Hvt(n,m) are rejected from Xi(n,m)
by the new procedure, then Yi(n,m) ≈ Hap

i (n) + Qi(n,m)
for voiced speech or Yi(n,m) ≈ Hap

i (n) + P(n,m) +
Qi(n,m) for unvoiced speech. After taking the STFT, we
calculate the complex exponential function for log Yi(ωk,m).

3



 1
 2
 3
 4
 5
 6
 7
 8
 9
10
11
12
13
14
15
16
17
18
19
20
21
22
23
24
25
26
27
28
29
30
31
32
33
34
35
36
37
38
39
40
41
42
43
44
45
46
47
48
49
50
51
52
53
54
55
56
57
60
61

Table 1. A new cepstrum prefiltering approach for DOA esti-
mation of speech signal.

For all n = 0, · · · , 2N − 1 at frame m, do the following:
1) Compute Xmin

i (n,m) as given by (19).
2) Lifter Xmin

i (n,m) by the short-pass lifter.
3) Lifter Xmin

i (n,m) by the long-pass lifter.
4) Compute Ĝshort

i (n,m) recursively using (25).
5) Estimate the APC Hap

i (n) as shown in
Yi(n,m) ≈ Xi(n,m)− Ĝshort

i (n,m)−X long
i (n,m).

Y(ωk,m) forms a column vector by stacking the TF-domain
output signal of the J microphones

Y(ωk,m)=[Y1(ωk,m), Y2(ωk,m), · · · , YJ (ωk,m)]
T
. (33)

Let R(ωk,m) ∈ CJ×J define the short-time cross-spectral
density matrix of the output signal at point (ωk,m)

R(ωk,m) = E
[
Y(ωk,m)Y(ωk,m)H

]
, (34)

where E[·] denotes the expectation and the superscript H

denotes conjugate transpose. Calculating the eigenval-
ues and the corresponding orthonormal eigenvectors of
R(ωk,m) produces the noise subspace Un(ωk,m) orthogo-
nal to the signal subspace Us(ωk,m) or the column span of
Hap(ωk)H

ap(ωk)
H , where

Hap(ωk)=
[
Hap

1 (ωk),H
ap
2 (ωk), · · · ,Hap

J (ωk)
]T

. (35)

Let a(θ(ωk)) define the steering vector, where di is much
longer than the distance between neighboring microphones.
The source DOA is estimated by finding θ(ωk) such that

Un(ωk,m)Ha(θ(ωk)) = 0, θ(ωk) ∈
[
−π

2
,
π

2

]
. (36)

According to the subspace-based DOA estimation, we can ap-
ply the MUSIC procedure [1].

4. SIMULATION RESULTS

The performance of the new method is numerically evalu-
ated by DOA estimation in reverberant environment and we
compare it with the conventional Stéphenne dereverberation
method. The main objective of this simulation is to evaluate
the mean of the absolute DOA error values (BIAS) and the
root mean squared errors (RMSE) between the true source di-
rections and their estimated ones obtained from the DOA es-
timation at each frequency bin except for spatial aliasing with
the new and the Stéphenne methods respectively. That is, af-
ter reducing the MPC of H rir

i (ωk) from the observed signal
by the new or the Stéphenne methods, the MUSIC procedure
was applied for DOA estimation. We generated artificial RIRs
from a source to two microphones in a room of the size 5.06×
3.41×2.44meters using the image method [8] at 96 kHz sam-
pling rate. Thereafter, the artificial RIRs, which are passed

(a) BIAS

(b) RMSE

Fig. 1. Estimated DOA versus reverberation time for SNR ≈
20 dB, 4096-point FFT, and Ndiv = 2ms for female speech.

through a digital low-pass filter with the stopband edge of
8 kHz are decimated by the factor of 6. The microphones
were located at [2.98, 1.0, 1.5] and at [3.02, 1.0, 1.5]. The true
DOA of the source was ±60°, ±45°, ±30°, and ±15° on a
two-microphone linear array. The distances from the origin
[3.0, 1.0, 1.5] to the sources were 1meter. Two male speech
data and two female speech data were created by catenating
independent multiple sentences [9]. The speech data set con-
sisted of 3.26 s long for 1024-point FFT, 3.32 s long for 2048-
point FFT, 3.45 s long for 4096-point FFT, 3.71 s long for
8192-point FFT, and 4.22 s long for 16384-point FFT. The ex-
ponential window was used for the STFT. The parameter was
chosen empirically as the shift size between two neighboring
windows of Ts=64, the parameter of averaging X short

i (n,m)
of µ = 0.1, and the exponential window of α = 0.994 for
1024-point FFT, α = 0.997 for 2048-point FFT, α = 0.9985
for 4096-point FFT, α = 0.9992 for 8192-point FFT, and
α = 0.9995 for 16384-point FFT. In voiced case, since the
peak at 5.9ms corresponded to the averaged pitch period for
male, we set Ndiv to 4ms for male. Meanwhile, since the av-
eraged pitch-period of the female speech was approximately
2.8ms, Ndiv was set to 2ms for female. Generally, the av-
eraged pitch period of female speech is shorter than that for
male speech. Therefore, Ndiv is set to a value shorter than
the averaged pitch-period of female speech, if the source is an
unknown speaker being male or female.

First, we applied the new method in reverberant envi-
ronments. Comparisons of all procedures with and without
the dereverberation method for female speech and for male
speech are illustrated in Fig. 1 and in Fig. 2 respectively.
These procedures are seen to be essentially biased in rever-
berant environments. We could achieve a good performance
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(a) BIAS

(b) RMSE

Fig. 2. Estimated DOA versus reverberation time for SNR ≈
20 dB, 4096-point FFT, and Ndiv = 4ms for male speech.

for female speech and for male speech. The DOA estima-
tions become worse as reverberation time is longer. The
reverberation dominates the DOA estimation error in the long
reverberation time range and the slowly time–varying all-pole
filter of speech production is negligible. In the long reverber-
ant environments, the DOA error of the proposed method is
4.75° and 4.79° below the Stéphenne dereverberation method
for female speech and for male speech respectively. There-
fore, our method is stable in frequency bins as a smoothing
mechanism.

Second, it is shown in Fig. 3 how the DOA estimation
with the dereverberation methods improves by increasing the
number of frequency bins. We expect that in the 270-ms re-
verberation case, more frequency bins than 2048 are needed
to estimate the DOA. As can be seen, a total number of at
least 4096 frequency bins are needed to achieve a DOA errors
less than 7°. The MUSIC procedure with the new method has
the smaller BIAS and RMSE than those with the Stéphenne
method.

5. CONCLUSION

We have proposed an approach to remove the MPC of the
RIR based on the cepstrum analysis and applied to the DOA
estimator. The short-pass lifter operation is a procedure to
extract the vocal-tract and glottal components and the MPC
of the RIR between the source and the microphone from the
observed signal. Moreover, it is useful to extract the pitch
components by the long-pass lifter. The experimental results
have shown that the MUSIC procedure with the new derever-
beration method outperforms the MUSIC with the Stéphenne
method in terms of both bias and root mean squared error.

(a) BIAS

(b) RMSE

Fig. 3. Estimated DOA versus number of frequency bins for
SNR ≈ 20 dB, Ndiv = 2ms for female, Ndiv = 4ms for male,
and 270-ms reverberation.
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