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Abstract

Sounds played in closed rooms often suffer from added
reverberation. For reducing these effects, the methods of
room impulse response equalization may be employed. In
order to render the echoes inaudible at a given position,
a prefilter is used to modify the played signal. This pre-
filter is designed according to the properties of the human
auditory system, such as temporal masking. Typically,
the average temporal masking curve is used to describe
the audible reverberation in terms of the nPRQ-Measure
and to derive the cost function for the filter design. In
this work, we propose to estimate the parameters of this
curve with sub-sample precision in order to achieve a
better estimation of the perceived reverberation. This
higher precision is necessary for comparing the results in
case of spatial mismatch.

Introduction

When a sound is played in a closed room, it is reflected
multiple times at walls and the objects inside the room.
These reflections lead to the sound arriving multiple
times at the receiver. The different delays and scalings
of these reflections are usually modeled by a convolution
with the room impulse response (RIR). The audible re-
sult is often a degraded perceived quality for a human
listener. In order to combat these distortions, a prefilter
can be used. This prefilter is designed in such a way that
the audible echoes of the global impulse response (GIR,
the convolution of the prefilter and RIR) are reduced or
even inaudible [1].

The first approaches [2, 3] designed a prefilter so that the
GIR approximates a unit pulse. The employed quadratic
cost functions leads to the unwanted part of the GIR be-
ing minimized. Unfortunately, even small values lead to
clearly audible echoes in the signal. In order to remove
these, the properties of the human auditory system need
to be considered. The use of the compromise temporal
masking curve from [4] allows for a more relaxed for-
mulation. Instead of trying to remove all echoes, it is
sufficient to render them inaudible for a human listener.
For controlling the late echoes, the quadratic cost func-
tion needs to be modified to a p-norm or infinity-norm
based criterion as in [5].

When targeting a human listener, who is not able to hold
completely still, it is necessary to make the approach spa-
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tially robust. Even small movements lead to changes of
the RIR and the performance of the prefilter is substan-
tially degraded. In this case, the prefilter may even add
reverberation [6]. Different approaches for spatially ro-
bust designs have been proposed. Generally, there are
two different approaches. The first group uses the multi-
position approach, where the prefilters are designed in
such a way that multiple points in the listening area are
equalized [7, 8]. If the positions fulfill the time-space
sampling theorem, the whole area is equalized [8]. In or-
der to achieve satisfactory results, multiple loudspeakers
are needed for bigger volumes. This MIMO-approach is
usually very demanding, since the RIRs from all loud-
speakers to all positions have to be known. The mea-
surement burden can be reduced by employing moving
microphones [9, 10]. The second group of algorithms uses
regularizers, such as constraining the length of the filters
[11], or generating hypothetical RIRs in the vicinity of
known positions [12].

In this paper we will revise the window design process
based on the temporal masking curve. The discretized
method, as in [7], introduces some artifacts and is there-
fore not suitable for comparing results at different points
in the listening area. The proposed method estimates
the parameters with sub-sample precision and overcomes
this drawback.

RIR reshaping

For the reshaping method from [7] the RIRs c(i)(n) of
length Lc from a loudspeaker to the i-th position in space
have to be known. With the prefilter h(n) of length Lh,
the overall impulse responses are given by

g(i)(n) = h(n) ∗ c(i)(n). (1)

The reshaping is carried out according to the desired and
unwanted parts of the RIR, which are defined using the
windows wd(n) and wu(n). The desired part is given by

g
(i)
d (n) = wd(n) g(i)(n) (2)

and analogously with index u for the unwanted part. The
design of wd(n) and wu(n) will be discussed in more detail
in the following section.

The prefilter is obtained by solving the optimization
problem given by

MINh : f(h) = log

(
fu(h)

fd(h)

)
(3)
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Figure 1: Equalization of an RIR. (a) The original RIR in
logarithmic representation. Additionally, temporal masking
limit is shown in red. (b) GIR after equalization.

with

fd(h) = ||gd||pd =

Nm∑
i=1

Lg−1∑
k=0

|g(i)d (k)|pd
 1

pd

(4)

and fu(h) = ||gu||pu , accordingly. Nm is the number
of target points in the listening area. The vectors gd
and gu consist of stacked wanted and unwanted parts of
the Nm global RIRs. For the solution, a gradient based
optimization is used [7].

In contrast to the least-squares methods [2, 3], with the
described algorithm and large values for pd and pu (typi-
cally between 10 and 20), a very smooth shaping without
outliers can be achieved. In Figure 1 an example of an
RIR and its reshaped version together with the average
temporal masking curve are shown.

Window design

In [5, 7] the authors proposed to design the desired und
unwanted windows wd(n) and wu(n) according to the
properties of the human auditory system.

The desired window wd(n) is supposed to capture the
direct-path part of the RIR and allow for integrating up
to 4 ms of the subsequent part:

wd(n) =

{
1, N1 ≤ n ≤ N2

0, otherwise
(5)

with N1 = t0 · fs and N2 = (t0 + Td) · fs. Here, fs is the
sampling frequency, t0 the time taken by the direct sound
from the loudspeaker to the receiver, and Td = 4 ms.
Optionally, Td can be also set to 1/fs to create a one-
point window, which represents the ideal GIR, the unit
pulse. The estimation of t0 is performed by taking the
position and magnitude of the largest coefficient of c(n).

The unwanted window wu(n) models the reverberant tail
of the RIR and is calculated according to the average
temporal masking curve

wu(n) =

{
10

3
log(N0/N2)

log( n
N2 )+0.5

, N2 ≤ n < Lg
0, otherwise

(6)
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Figure 2: The main peak and the reverberant tail of an RIR.
(a) The delay of the main peak is aligned with a sample point.
(b) The delay of the main peak is a fraction.

with N0 = (0.2 s + t0). In [7], there is an implicit as-
sumption of the main peak being scaled to one, or wu(n)
being otherwise scaled accordingly.

Parameter estimation

The design of the windows wd(n) and wu(n) as proposed
in [7] includes discretization and normalization. The es-
timated time taken by the sound from the loudspeaker to
the receiver is assumed to be a multiple of the sampling
interval. Furthermore, the magnitude of the main peak
is underestimated in the most cases.

In Figure 2(a) an ideal situation is shown. Here, t0 is
a multiple of the sampling interval T0 = 1

fs
, and there-

fore the direct path is represented by a single coefficient.
With the correct delay and magnitude, the unwanted
window wu(n) has the correct scaling and delay.

In Figure 2(b) t0 is a fraction of T0. Due to the sam-
pling process, which typically includes a lowpass filter-
ing, the main peak is represented by a sinc-function with
sinc(x) = sinπx

πx and becomes smeared out. In such a
case, taking the largest coefficient leads to an error of up
to T0

2 for t0 and

sinc (0.5) ≈ 0.6366 (7)

for the magnitude. The wrong scaling changes the
weighting of the reverberant tail as shown in Figure 2 (b).
The reverberations are overestimated.

In order to estimate the correct parameters for the main
peak, we propose to use an upsampled version of the
RIR [13]. Typically, an upsampling factor of at least 8
allows the magnitude error to become less then 1% as
sinc(0.5/8) ≈ 0.9936.

For the single-channel case, the scaling factor in (7) is
not relevant as it becomes a constant offset for the opti-
mization problem in (3). In case of comparing results for

DAGA 2019 Rostock

2



different points in the listening area, this error is distort-
ing the results and hides all the fine details, as shown in
the next section.

Experiments

The experiments are based on simulated RIRs [14] of
length Lc = 2000 in an office-sized room with the dimen-
sions of 5× 6× 4 meters. The reverberation time was set
to t60 = 300 ms, which leads to clearly audible echoes.
The sampling frequency was chosen as fs = 8 kHz.

The evaluation is based on the nPRQ-Measure, which
quantifies the perceived reverberation and is again based
on the temporal masking curve. It calculates the overshot
above the temporal masking curve, with a lower bound
of −60dB of the main peak

gos(n) = max
(

1
wu(n)

,−60dB
)

(8)

as

nPRQ =

{
1

‖gE‖0
∑Lg−1
n=N0

gE(n), ‖gE‖0 > 0

0, otherwise
(9)

with

gE(n) =

{
20 log10(|g(n)|wu(n)), |g(n)| > gos(n)
0, otherwise.

(10)
When there is no reverberation, i.e., when all coefficients
are below the compromise temporal masking curve, the
nPRQ is equal to zero. Higher values denote audible
reverberation.

Figure 3 shows the results for the measurement of the
nPRQ in a 12×12 cm sized listening area. In Figure 3(a)
the old method is used, which leads to strong artifacts.
The periodic repetitions indicate the positions, where the
main peak has changed its position by a whole sample.
The period is

λ =
c0
fs

=
340m

s

8000Hz
= 4.25 cm (11)

with c0 the speed of sound. The measurement errors due
to the discretization in the process of parameter estima-
tion dominate the results. All fine details are lost and
the results at different positions are not comparable.

In Figure 3(b) the new approach with oversampling fac-
tor of 16 has been used. Here, the artifacts are gone, and
the fine details are becoming visible. Overall, the audi-
ble reverberation is only slightly changing in the listening
area.

In Figure 4 the results of a reshaping are shown. Here,
a single point has been reshaped with an equalizer of
length Lh = 2000. The color codes the improve-
ment/deterioration of the perceived echoes in terms of
∆nPRQ. Again, using the old formulation the results
are dominated by the periodic artifacts as shown in Fig-
ure 4(a). In Figure 4(b) the new method has been used.
Here, the results are more consistent. At the target point,
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Figure 3: Reverberation estimation in the listening area in
terms of nPRQ-Measure. (a) Old method; (b) New method.

the reduction of the audible reverberations is the best.
With higher distance form the target point, the equal-
ization performance gets worse. The circular shape is
consistent with the theoretical results of [6].

Summary

In this work, we have proposed to estimate the param-
eters of the nPRQ-Measure with sub-sample precision.
The new approach allows for a meaningful comparison
at different points in the listening area.
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Figure 4: Equalization of a single point in the listening area.
The color codes the improvement/deterioration of the per-
ceived echoes in terms of ∆nPRQ. (a) Old method; (b) New
method.
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