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Introduction

Equalization of room impulse responses is an attractive
approach for dereverberation of speech signals in a
hands-free scenario. In this contribution we address the
choice of the delay which has to be introduced in least-
squares equalization approaches for a maximum amount
of dereverberation. Since designing one equalizer (EQ)
for each possible delay and choosing the best one is
computationally inefficient we evaluate the dependence
of the optimum equalizer delay of various measures
characterizing room impulse responses (RIRs). A high
correlation was found between the so-called central time
of the room impulse response and the optimum equalizer
delay. Since the central time can be determined based
on estimates of the initial peak of the RIR and the
room reverberation time, we propose to use a very
short filter for system identification and an estimate of
the room reverberation time to identify the optimum
equalizer delay. The proposed approach prevents a low
performance of the equalizer which may occur for an
improperly chosen delay by automatically estimating the
optimum delay.

Listening-Room Compensation

The equalization of (acoustic) channels has been research
topic for several years now [1, 2]. However, due to the
nature of usual room impulse responses which are mixed-
phase systems having a length of several thousand taps
it still remains a challenging problem [3, 4]. The choice
of an appropriate system delay for the equalization filter
is unaddressed in most of the contributions and will be
analyzed in this paper since it has a strong influence on
the performance of the equalizer.

Fig. 1 shows the common setup for listening-room com-
pensation with the equalization filter cEQ preceding the
room impulse response (RIR) h. To remove reverbera-
tion caused by the convolution with the RIR the equalizer
cEQ tries to minimize the system distance between the
concatenated system of cEQ convolved with h and a
desired target system d [2].
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Figure 1: Least-squares equalizer cEQ for listening-room
compensation and two possible desired systems dδ[k] (delay)
and dHP[k] (delayed high-pass) in time and frequency domain.

The minimization of the error signal E
{
|eEQ[k]|2

}
=

E
{

|sT
f [k]HcEQ − sT

f [k]d|2
}

leads to the well known least

squares equalizer [3, 4]

cEQ = H+d (1)

under the assumption of a white input signal. Here,
H+ is the Moore-Penrose pseudoinverse of the channel
convolution matrix H and cEQ is a vector containing
the filter coefficients of the equalizer. The vector d
contains the delayed desired system and can be chosen
as a delayed unit impulse (dδ) or a delayed high pass
(dHP) to account for the frequency responses of imperfect
transfer characteristics of loudspeakers and microphones,
e.g.

dδ = [01×(k0−1), 1, 01×(Lh+Lc,EQ−k0−3)]
T (2)

dHP = [ 0, ..., 0
︸ ︷︷ ︸

k̃0

, d0, ..., d⌊Ld/2⌋, ..., dLd−1, 0, ..., 0
︸ ︷︷ ︸

Lh+Lc,EQ−1−Ld−k̃0

]T(3)

Lh, Lc,EQ and Ld are the lengths of the RIR, of the
equalizer filter and the desired system, respectively. The
delay introduced by the equalizer is denoted as k0 as
depicted in Figure 1. It corresponds directly to the
position of the one for the delayed impulse in (2) and for
desired systems of length Ld > 1 as in (3) the delay k0

corresponds to the middle position of the desired system
k0 = k̃0 + ⌊Ld/2⌋. Many contributions in the literature
suggest to use a good guess for the parameter k0. In this
paper we will try to find a better way to determine an
optimum k0.

Since the equalizer performance depends on the specific
RIR that has to be equalized different measures char-
acterizing a RIR are briefly introduced in the following
to determine if one of these measures can be used to
estimate an optimum k0 properly.
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Objective Measures Characterizing

RIRs

Room impulse responses can be characterized by several
objective measures (see e.g. [5]). The following list
contains some of them:
Room reverberation time τ60 [5]: An important
measure characterizing an RIR is the so-called room
reverberation time τ60. It is defined as the time after
which the energy of the RIR is decayed by 60dB.
Delay of direct path of the RIR: The delay of the
direct path of the RIR khmax directly corresponds to the
distance between source and microphone. Here, khmax

is defined as the discrete-time index of the maximum of
|h[k]|.
Direct-to-Reverberation-Ratio (DRR) [6]:

DRR = 10log10
h2[khmax ]

∑

k 6=khmax
h2[k] . The DRR is the ratio

between direct path to reverberation (all other pathes)
in dB.

Definition [5]: D50 =
∑k50−1

k=0 h2[k]
∑ Lh

k=0 h2[k]
. Here, k50 = 50ms·fs

is the discrete-time index corresponding to a time of
50ms. Thus, the definition measure is defined as the
ratio between the energy of the first 50ms to the overall
energy of the RIR.

Clarity Index (CI) [5]: CI = 10log10

∑ k80
k=0 h2[k]

∑ Lh
k=k80

h2[k]
.

Here, k80 = 80ms · fs is the discrete time index corre-
sponding to a time of 80ms.

Central Time (CT) [5]: CT =
∑Lh

k=0
k·h2[k]

∑ Lh
k=0 h2[k]

. The

central time of an RIR can be interpreted as the center
of gravity in terms of the energy of the RIR.

The previously described measures were calculated for
various RIRs that were (i) generated artificially by the
so-called image method [7], (ii) measured [8], (iii) taken
from the MARDY database [9], and (iv) modeled by an
exponentially damped Gaussian noise (compare equation
(6)). A total number of 270 RIRs was used with room
reverberation times ranging from τ60 = 50ms to τ60 =
1200ms.

Estimation of Optimum Equalizer

Delay

We now examine the correlations of the optimum system
delay k0,opt with the previously described measures
characterizing the impulse responses to see if one of these
measures can be used for an estimation of k0,opt.

For that purpose all equalizers are evaluated by means
of the Bark spectral distortion (BSD) measure [10] that
was developed for evaluation of speech quality and is
widely used for evaluation of dereverberation algorithms
and the signal-to-reverberation-ratio-enhancement
(SRRE) [4, 11] which is the enhancement of the signal-
to-reverberation-ratio achieved by the dereverberation
algorithm. The equalizer performance and, thus, both
measures depend on the chosen equalizer delay and were
calculated for varying k0.

Thus, k0,opt,BSD = argmink0
{BSD} is the equalizer delay

for the minimum achievable BSD for a given RIR if
the parameter k0 in (3) is varied and k0,opt,SRRE =
argmaxk0

{SRRE} is the corresponding equalizer delay
at the maximum SRRE if the parameter k0 in (3) is
varied. Please note, that a small BSD indicates a
good performance while for the SRRE a high value
indicates good performance. Both measures (BSD and
SRRE) lead to similar optimum delays for all RIRs tested
(k0,opt,BSD ≈ k0,opt,SRRE ∀h).

The optimum delays defined by the maximum SRRE and
the minimum BSD were calculated for each RIR and
for different equalizer orders Lc,EQ = {256, 512, 1024}
as illustrated in Figure 2 exemplarily for the SRRE and
for two different RIRs h1[k] and h2[k] that are depicted
in sub-figures (a) and (b) having room reverberation
times of τ60 = 500ms and τ60 = 1s, respectively. The
corresponding equalizer performances in terms of SRRE
in dependence of the system delay k0 is shown in sub-
figure (c) for the different equalizer lengths Lc,EQ =
{256, 512, 1024} with solid lines, dashed lines and dash-
dotted lines, respectively. Thick blue lines are used
for the curves showing the equalizer performance if the
RIR h1[k] is equalized and thin red lines are used for
equalization of h2[k].
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Figure 2: (a) RIR with reverberation times of τ60 = 500ms
and its CT in samples. (b) RIR with τ60 = 1s and its CT.
(c) equalizer performance in dependence of delay k0 of the
desired system for different equalizer filter lengths Lc,EQ and
RIRs (a) (thicker blue lines) and (b) (thinner red lines).

It can be clearly seen from Figure 2 (c) that the equalizer
performance depends on the equalizer delay k0. Thus, we
calculate the correlation between the measures describing
a specific RIR and the optimum k0,opt in the following.

Table 1 shows the correlations

r =

∑

i(Ai − Ā)(Bi − B̄)
√

∑

i(Ai − Ā)2
∑

i(Bi − B̄)2
(4)

between the different measures characterizing the RIRs
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and k0,opt,SRRE and Table 2 shows the correlations
between the different measures characterizing the RIRs
k0,opt,BSD. In (4) Ai and Bi denote the specific calculated
values of k0,opt and CT, respectively, and Ā and B̄ their
mean values.

k0 for SRRE correlated with

Lc,EQ τ60 khmax DRR D50 CI CT

256 0.28 0.89 0.86 0.47 0.49 0.80

512 0.39 0.78 0.85 0.30 0.57 0.85

1024 0.36 0.74 0.83 0.27 0.50 0.84

Table 1: Correlation coefficients between optimum equalizer
delay according to SRRE and RIR properties for varying
equalizer length.

k0 for BSD correlated with

Lc,EQ τ60 khmax DRR D50 CI CT

256 0.37 0.84 0.84 0.37 0.56 0.82

512 0.39 0.70 0.74 0.23 0.58 0.75

1024 0.53 0.66 0.80 0.11 0.63 0.89

Table 2: Correlation coefficients between optimum equalizer
delay according to BSD and RIR properties for varying
equalizer length.

Figure 3 exemplarily shows the CT for all 270 RIRs
over the optimum equalizer delays k0,opt,BSD (left) and
k0,opt,SRRE (right).

r = 0.89 r = 0.84

correlation of kopt,BSD and CT correlation of kopt,SRRE and CT
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Figure 3: Correlations between central time (CT) and
optimum equalizer delay given by the minimum of the BSD
(left) and maximum of the SRRE (right) for an equalizer
length of Lc,EQ = 1024.

The highest correlations are indicated by bold letters
in Tables 1 and 2 and it can be seen that the central
time (CT) seems to be a good indicator for the optimum
equalizer delay k0,opt for both, BSD and SRRE. The
somewhat lower correlation for short equalizer lengths
in Tables 1 and 2 can be explained by taking a closer
look at Figure 3. If the CT is greater than the equalizer
length the equalizer may not be capable to introduce the
desired delay. Hence, we propose to chose the equalizer
delay as follows:

k̂0,opt = min{CT, Lc,EQ} (5)

Using the criterion (5) to determine the optimum equal-
izer delay achieves 94.4% of the performance in our tests
for all 270 RIRs compared to the case that the optimum
delay is known a priori. (90.5% is achieved if the CT is
used as a direct criterion for determining k0,opt).

Estimation of the Central Time

In practical systems the delay k0 has to be chosen
without a priori information about the RIR which shall
be equalized. Thus, we propose to estimate the central
time of the RIR by applying a very short acoustic echo
canceller (AEC) [4] to identify the initial delay and the
first few samples of the RIR and an estimator of the
room reverberation time τ60. Different methods exist for
the estimation of the reverberation time [12, 13, 14, 15]
directly from the reverberant signal or by modeling the
RIR as an exponentially damped Gaussian process

hM [k] = b[k] exp

(

−
(k − kinit)

β

)

u[k − kinit] (6)

with kinit being the initial delay of the room impulse
response model, b[k] a white Gaussian random process,
u[k − kinit] the time-shifted Heaviside step function, fs

the sampling frequency and

β =
2τ60fs

ln(10−6)
(7)

a damping constant that depends on the room reverber-
ation time τ60 as depicted in Figure 4.
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Figure 4: RIR and power delay profile (PDP).

Please note that an estimate of the room reverberation
time has to be done only once for a specific room, since
it does not vary too much for different spatial positions.
The length of the AEC can be restricted to a few taps
since only the position of the initial RIR coefficients is
needed to fit the power delay profile by a least-squares
approach [13]. Thus, the AEC will converge extremely
fast and has a very low computational complexity.

To avoid inversion of the RIR matrix H in (1) which has
a size of Lh+Lc,EQ−1×Lc,EQ and to allow for tracking of
RIR changes we use gradient algorithms working in the
block frequency domain as described in [16, 17] for the
equalizer as well as for the acoustic echo canceler which
identifies the room impulse response. The AEC length
was chosen to Lc,AEC = 256 at a sampling frequency
of fs = 8000Hz to identify the initial part of the RIR
and to estimate β and kinit according to (6) and (7) by
least-squares fitting. Afterwards, the central time was
calculated from (6) and used as the delay k0 in (3).
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Figure 5: Performance comparison of equalizers using
different delays k0 in terms of SRRE.

Figure 5 shows the convergence of the equalizer of
length Lc,EQ = 1024 updated by the so-called decou-
pled filtered-X least mean square (dFxLMS) algorithm
described in [17] for the case of perfect knowledge of
the best possible delay k0 (upper curve) and if a bad

guess was made for the delay (lower curve). The solid
curve in the middle shows the convergence behavior if
the equalizer delay is switched at about 1.5 seconds from
the bad guess to the proposed estimate according to (5).

It can be seen that the equalizer delay can be switched
without performance loss and that the proposed equalizer
reaches nearly the same performance as if the equalizer
delay k0 would be known a priori.

Conclusions

This contribution analyzes the influence of the delay
that has to be introduced by an equalizer for speech
dereverberation by inverse filtering. A high correlation
was found between the central time of a room impulse
response that has to be equalized and an optimum equal-
izer delay w.r.t. maximum dereverberation performance.
An estimator for the central time by identification of
the first samples of the RIR by an adaptive filter was
proposed which allows for an identification of the room
reverberation time and, by this, of the central time of the
RIR. It was shown that the proposed scheme is capable
to enhance the equalizer performance in the case that an
improper delay was chosen.
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