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Abstract

all these points are equalized. If these points are dense
enough and fulﬁll the time-space sampling theorem [9], the
whole volume becomes equalized. In order to get satisfactory results for bigger volumes, multiple speakers need to
be used. Unfortunately, this MIMO approach is not feasible for real-world cases. It requires the measurement of
all RIRs from all loudspeakers to all grid positions in the
listening area, which is a very time consuming task. Recent advances are able to reduce this burden with the use
of moving microphones [10]. The validity of this approach
for RIR equalization has been shown in [11]. The second
group of algorithms models additional errors in the optimization and adds regularizers [8, 12]. The method in [13]
generates multiple hypothetical RIRs and is again able to
extend the equalized volume. However, these extensions
come at cost of a reduced performance at the center point.
In [14] regularization was achieved by using short ﬁlters.
In this work we propose a different approach for equalizing a bigger volume. It is based on the properties of the
frequency representation of the RIRs in the listening area
[15]. Here, we employ the fact that for low frequencies the
RIRs do not change signiﬁcantly [7], and the equalization
of one point leads to a whole volume being equalized. On
the other hand, the high frequency parts do change significantly with spacial mismatch. Even small displacements
lead to poor performance of the equalizer and may even
lead to a result which is worse than doing nothing. Therefore, we propose to apply equalizers of different length, or
even no equalizer, for different frequency components of
the signal. The proposed algorithm is described for the single channel case, but can be extended to the multichannel
case as in [8] using the same approach. Due to the limited
space, we omit this discussion here.
The paper is organized as follows. In the next section, we will review the p-norm based equalization method.
Then, in Section 3, the subband approach will be introduced. In Section 4, different ﬁlterbanks will be examined.
In Section 5, the results for experiments for spatial mismatch will be shown. Finally, some conclusions will be
given in the last section.

In order to combat the degraded quality of sounds played
in reverberant rooms, the methods of room impulse response equalization are used. New approaches utilize the
properties of the human auditory system, such as temporal masking, for a better control of late echoes. There, a
preﬁlter is used to modify the played signal, which renders
the echoes inaudible for a given position. In case of spatial
mismatch, the procedure fails and may even add additional
distortions. In order to mitigate these effects, we propose
to equalize subbands of the room impulse response independently. With heavy equalization of the low frequencies
and only a little or none in the high frequencies, the mismatch and therefore the degradation can be reduced. The
result is a bigger equalized volume where a potential human listener can move freely.

1 Introduction
When a sound is played in a closed room, the signal is
reﬂected multiple times. Therefore, the listener receives a
superposition of delayed and scaled versions of the original
signal. This process can be described using the room impulse response (RIR). For a human listener, this reverberation is degrading the perceived quality. In order to combat
these distortions, a preﬁlter can be used. This preﬁlter is
designed in such a way that the global impulse response
(GIR), the convolution of the RIR and the preﬁlter, has no
audible distortions for a human listener [1].
The simplest approach is to design the preﬁlter in such
a way that the GIR becomes a unit pulse, or more general, a bandpass [2, 3]. When optimizing using a quadratic
criterion, the unwanted parts of the GIR are greatly reduced. Unfortunately, with this approach, the signal still
contains audible echoes. However, by exploiting the properties of the human auditory system, an other approach is
more feasible. The idea is not to remove the echoes completely, but rather render them inaudible for a human listener. Typically, the temporal masking curve [4] is used
to describe the perceived reverberation. This relaxed approach has been very successful [5]. Additionally, the authors proposed to use a p-norm based criterion instead of
the quadratic term as in [3], which allows for a better control of the late echoes. In [6], this approach has been extended with the aim of a more explicit control in the frequency domain.
In the case of a human listener, who is not able to keep
completely still, these approaches are not sufﬁcient. Even
small movements change the RIR and the performance of
the preﬁlter degrades [7]. To combat this problem, different approaches have been proposed. Generally, these can
be sorted into two groups. The ﬁrst idea is to use multiple positions [8, 9]. Knowing multiple RIRs in the listening area, the preﬁlters are designed in such a way that

2 RIR Reshaping
In the following, we review the reshaping algorithm as proposed in [8]. The RIR c(n) of length Lc from the loudspeaker to a position in the room has to be known. The
equalizer h(n) of length Lh leads to a GIR
g(n) = h(n) ∗ c(n)

of length Lg = Lc + Lh − 1. The reshaping method from
[8] uses two windows, wd (n) and wu (n), which deﬁne
the desired and unwanted parts of the GIR. The desired
part is obtained by gd (n) = wd (n)g(n) and the undesired
analogously by gu (n) = wu (n)g(n). Here, the weighting
windows are capturing the compromise temporal masking
limit of the human auditory system [4, 5].
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Figure 1: The subband model of the preﬁlter.
The preﬁlter can be estimated by optimizing


fu (h)
MINh : f (h) = log10
fd (h)

4 Experiments
In this section we will introduce the baseline, i. e. the full
bandwidth method. Then, different subband decomposition methods will be discussed and compared to the baseline. Here, we will focus on the basic properties – the spatial mismatch case will be discussed in the next section.

(2)

with
 p1


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

Lg −1

∑

k=0

|gd (k)|pd

d

4.1 Full bandwidth

(3)

In Fig. 2 (a) a simulated RIR of length Lc = 2000 is shown
in logarithmic representation [16]. The room size was set
to 5 × 4 × 6 meters, which represents a fairly big ofﬁce
room. The sampling frequency was chosen as fs = 8kHz.
With a reverberation time of t60 = 400ms there are a lot
of audible echoes, as indicated by the coefﬁcients above
the temporal masking limit drawn in red. In Fig. 2 (b) the
GIR g(n) = c(n) ∗ h(n) after reshaping using (2) is shown.
The length of the equalizer was set to Lh = 2000. Here, the
audible echoes are almost gone, as the coefﬁcients are only
slightly above the temporal masking limit.
In order to quantify the perceived reverberation we use
the nPRQ measure from [8]. It calculates the overshot
about the temporal masking curve
the −60dB
 being above 
of the main peak gos (n) = max wu1(n) , −60dB as

and fu (h) = ||gu ||pu , accordingly. The vectors h, gd and
gu contain the impulse response h(n), the wanted and unwanted part, respectively. As there does not exist a closed
form solution for (2), a gradient descent method needs to
be used [8].
In order to achieve a smooth shaping with no outliers,
the values for pd and pu need to be reasonably high (typically between 10 and 20). This leads to highly nonlinear
cost function.

3 Subband Based Reshaping
In the case of spatial mismatch between the listener and the
reference positions, the performance of the solution given
by (1) degrades signiﬁcantly. In [7] the average frequencydependent error in the single channel case has been estimated as
sin(ωΔ/v)
(4)
F (ω) = 2 − 2
ωΔ/v


nPRQ =

Lg −1

∑n=N0 gE (n),

0,

gg E 0 > 0
otherwise

(5)

with

with Δ being the displacement, v the speed of sound, and
ω = 2πf the angular frequency. Equation (4) shows that
for higher frequencies and displacements, the result may
be even worse than no equalization at all. An example will
be given in the experiments section.
In case of spatial mismatch, we propose to equalize
the different frequency contents of the RIR with equalizers of different length, or no equalizers at all. This can be
achieved, for example, by replacing the preﬁlter h(n) in
(1) by a ﬁlter bank shown in Fig. 1. This allows for estimating different length preﬁlters h̃m (n) in each subband
independently, or even no preﬁltering at all for higher frequencies.
In the next section, different ﬁlterbanks will be examined to see whether they are suitable for the decomposition
of an RIR for equalizing. Since only a part of the RIR
is being equalized in this case, the overall performance is
expected to be lower compared to the full band case. The
advantages of this approach are supposed to be seen mainly
in the mismatch case, as it will be shown in Section 5.
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1
g E 0

gE (n) =

20 log10 (|g(n)|wu (n)),
0,

|g(n)| > gos (n)
otherwise.

(6)
With all coefﬁcients being below the temporal masking
curve, indicating no reverberation, the nPRQ is equal to
zero. Otherwise, higher values mean audible reverberation.
In the above example, the original RIR c(n) had an nPRQ
value of 9.49 and the reshaped one could reduce it to 1.34.
This improvement of ΔnPRQ = −8.15 is the maximum for
this example and indicates a successful reshaping.

4.2 DCT Filterbank
The ﬁrst decomposition is performed using a discrete cosine transform (DCT) ﬁlterbank: Windowing the RIR with
a Hanning-window, taking the DCT-IV of the same length,
and an optional subsampling. This yields a decomposition of the RIR, which has the same properties as a typical
RIR, namely, a sharp peak denoting the direct sound, single
smaller peaks for the early reﬂections, and an exponential
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Figure 2: Equalization of an RIR. (a) The original RIR in
logarithmic representation. Additionally, temporal masking limit is shown in red. (b) GIR after equalization with
full bandwidth and no spacial mismatch.
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decay of the late reverberant tail. Therefore, the equalization of the single subbands is usually as good as for the full
bandwidth case and is comparable to the result of Fig 2.
In Fig. 3 the result after the synthesis is shown. Here, a
two band decomposition has been performed and the subbands have been equalized independently. For the lower
band, again, an equalizer of length 2000 has been used.
For the upper band, lengths of 2000, 1000, and 1 (no equalizer) in (a), (b), and (c) have been used. The results for the
nPRQ measurement are summarized in Table 1.
The results in Figure 3 (a) show that the independent
equalization is almost as good as the full band approach.
The result is not smooth though. This can be explained
by the superposition of overlapping synthesis windows of
the ﬁlterbank, with overlap in both time and frequency domain. Even when all coefﬁcients in both subbands are below the temporal masking curve, the overlap leads to single peaks adding unevenly. The overall performance is
still very good with an ΔnPRQ = −8.12. When the upper band is processed with a shorter equalizer the results
are, as expected, worse. In case of no processing, the overall result with ΔnPRQ = −1.11 not satisfactory. In Table
1 the results for the four and eight channel ﬁlterbank are
also shown. The general trend is that, with more subbands,
the overall performance is getting worse. Again, this can
be explained by the superposition effects. When applying
subsampling in the subbands the situation is getting even
worse, as aliasing effects dominate the result.

500
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Discrete time index n

(c)
Figure 3: Subband equalization using a 2 channel dct ﬁlterbank. The lower band has been processed with an equalizer of length Lh = 2000. For the upper band equalizers of
length 2000, 1000, and 1 (no equalization) in (a), (b), and
(c) have been used.
Table 1: Comparison of the results for DCT based ﬁlterbank decomposition.
Type
Reference
2-Band DCT-FB

4-Band DCT-FB

4-Band DCT-FB
with 2x subsampling
8-Band DCT-FB

Eq. length
2000
2000 & 2000
2000 & 1000
2000 & 1
3x2000 & 2000
3x2000 & 1000
3x2000 & 1
3x1000 & 1000
3x1000 & 500
3x1000 & 1
7x2000 & 2000
7x2000 & 1000
7x2000 & 1

ΔnPRQ
-8.15
-8.12
-5.76
-1.11
-6.80
-6.04
-5.04
-6.12
-5.47
-4.56
-4.27
-3.62
-3.21

4.3 MLT Filterbank
Table 2: Comparison of the results for MLT ﬁlterbank.

In the previous section, the overlap in time and frequency
domain of the synthesis windows has been identiﬁed as a
major source of impairment after synthesis. Therefore, the
next examined ﬁlter bank is the modulated lapped transform, which is again a DCT based ﬁlterbank, but with a
prototype of double the length [17]. This leads to a better
separation of the subbands.
In Table 2 the results are given. Here, we see the same
general trend. With additional subbands and subsampling
the performance deteriorates. On the other hand, in the
two subband case, where only the lower band is equalized,
there is an improvement with ΔnPRQ = −3.44. This case
is promising for the equalization in the spatial mismatch
case.
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Type
Reference
2-Band MLT

4-Band MLT

4-Band MLT
with 2x subsampling
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Eq. length
2000
2000 & 2000
2000 & 1000
2000 & 1
3x2000 & 2000
3x2000 & 1000
3x2000 & 1
3x1000 & 1000
3x1000 & 500
3x1000 & 1

ΔnPRQ
-8.15
-7.08
-5.12
-3.44
-6.41
-6.01
-5.39
-4.72
-4.09
-3.21
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2

Type
Reference
2-Band FIR

Eq. length
2000
2000 & 2000
2000 & 1000
2000 & 1

nPRQ

Table 3: Comparison of the results for FIR ﬁlterbank.
ΔnPRQ
-8.15
-6.89
-5.65
-4.16
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Figure 4: The equalization performance in case of spatial
mismatch. With less equalization in the higher subband,
the performance is lower at the origin, but allows for a bigger volume being equalized.

A reason for the general lower performance compared
to the DCT ﬁlterbank can be found in the prototype of
the MLT ﬁlterbank. Here, the prototype is a cosine wave,
which does not have a central location. Therefore, any single peaks of the RIR gets smeared out in the single subbands, and the shape does not look like a typical RIR. The
cost function (3) is highly nonlinear and is not able to deal
well with this representation.
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The last approach is to combine the properties of the previously discussed ﬁlterbanks. The design goal is to have as
few subbands as possible, with as little as possible aliasing
and no subsampling. On the other hand, the ﬁlters need
to be located in order to avoid smearing out. This can be
achieved for example with a ﬁlterbank which consists of a
lowpass and a highpass with a given cutoff frequency fc
and a moderate length. In the following, we use a window
of length 16. With no aliasing effects due to subsampling,
the lowpass can be just a windowed sinc function with
hLP (n) = sinc(nfc )w(n)
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where w(n) is, for example, a Hamming window. The corresponding highpass can be derived accordingly [17]. The
other big advantage of this approach is that the cutoff frequency can be chosen arbitrarily, for example, according
to the size of the target volume.
In Table 3 the results are given. Compared to the previous ﬁlterbanks, the overall performance is the best. Especially, the performance for low and no equalization in the
upper band is the best. This allows for a good equalization
of a volume.
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Figure 5: Equalization of a volume. In (a) a single RIR
has been reshaped using full bandwidth. In (b) and (c)
the new subband equalization method has been used (See
text). The color codes the improvement/deterioration of
the perceived echoes in terms of nPRQ. Blue and green
mean improvement, yellow indicates no change and red
colors show added reverberation.
sense of nPRQ. As one can see, the center and a small volume around have been highly equalized. This comes at the
price of a small volume and added reverberation outside.
In (b) the subband approach has been used with equalizer
length of 1000. The equalized volume has been increased.
In (c) the upper band has not been equalized, which leads
to a tradeoff. The center is not as good equalized, but the
equalized volume is bigger. In this example the average radius of equalized volume, as indicated by the yellow color,
could be doubled, which translates to an eightfold volume.
In case of a human listener this approach allows for bigger
movement of the head.

5 Spatial Robustness
In this section the spatial robustness of the equalization
will be examined. In the last section, the simple FIR ﬁlterbank with two subbands has been identiﬁed being the
most promising one. The approach here is to design an
equalizer for a given point and estimate its performance in
the vicinity of this point. In Fig. 4, a typical performance is
shown. Here, a two-band ﬁlterbank with a cutoff frequency
of fc = 0.6, which translates to 2.4 kHz at 8 kHz sampling
rate, has been used. The equalizer for the lower band had a
length of 2000. The results for different equalizer lengths
show a tradeoff. Especially, with no equalization in the
higher band, the performance at the origin is clearly worse
than the full bandwidth approach. On the other hand, already at a distance of less than 2 cm, the subband approach
has the same performance. With higher distances the subband approach gives the better results.
In Fig. 5 the results for a whole area are shown. In
(a) the performance for the full bandwidth is shown. The
color coding indicates the improvement or deterioration in
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6 Conclusion
In this paper we proposed a new subband based approach
to room impulse response equalization. Three different
subband decompositions have been examined. The approaches show a tradeoff between the performance at the
origin and the equalized volume. In a typical setting, the
equalized volume could be increased signiﬁcantly.
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