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ABSTRACT

The perceived quality of a sound played in a closed room is
often degraded by the added reverberation. In order to combat
these effects, the methods of room impulse response equaliza-
tion may be used. Typically, properties of the human auditory
system, such as temporal masking, are used for a better con-
trol of the late echoes. This is accomplished by designing pre-
filters which modify the played signals and render the echoes
inaudible at a given position. Small spatial mismatch usually
results in reduced performance and bigger offsets even yield
added reverberation. This problem can be tackled by simul-
taneously reshaping multiple positions in the listening area,
but it requires a huge amount of impulse responses. In this
work we propose to mitigate this burden by equalizing only
certain frequency components of the room impulse responses.
When equalizing only the low frequencies, the mismatch and
the degradation can be reduced. This allows for less measure-
ments in the listening area, where a human listener is able to
move freely.

Index Terms— Room Impulse Response, Reshaping,
Equalization, Spatial Mismatch, Subband processing

1. INTRODUCTION

Sounds played in closed rooms are reflected multiple times
on the walls and other objects. Due to these reflections, a lis-
tener receives the signal multiple times with different delays
and scaling. This process can be modeled by a convolution
with the room impulse response (RIR). Usually, it degrades
the perceived quality for a human listener. These distortions
can be reduced by applying a prefilter that results in a global
impulse response (GIR, the convolution of the RIR and pre-
filter) which has no audible echoes [1].

Simple approaches try to design a prefilter which results
in a GIR being a unit pulse [2, 3]. These methods are mini-
mizing the unwanted parts of the GIR, but are not successful
since there remain clearly audible late echos in the signal. In
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order to combat these, the properties of the human auditory
system can be utilized. Instead of trying to remove all the
echos, they are rendered inaudible for a human listener. This
relaxed requirement has been used in [4]. Here, the authors
used the compromise temporal masking curve for describing
the perceived reverberation [5]. In order to control the late
echos, a p-norm based criterion has been used.

A typical human listener is not able to keep still. Small
changes of the position result in changed RIRs and the per-
formance of the system is significantly degraded. For bigger
displacements this may even result in added reverberation [6].
For spatially robust designs, different approaches have been
proposed. In general, these can be grouped into two classes.
The first class of algorithms uses the multi-position method.
Here, the prefilters are designed in such a way that multiple
points in the listening area are equalized [7, 8]. With enough
points that fulfill the time-space sampling theorem [8], the
whole listening area becomes equalized. For bigger volumes,
multiple loudspeaker are necessary. Overall, this MIMO ap-
proach is very demanding, as it requires a huge amount of
measurements — from all loudspeakers to all positions on the
grid. Recently, this amount could be reduced with the use
of moving microphones [9]. This approach has been vali-
dated for RIR reshaping in [10]. The second group uses single
RIRs, models additional errors in the optimization and adds
regularizers [7]. In [11], the authors were able to extend the
equalized volume by generating multiple hypothetical RIRs.
This extended volume comes at the cost of reduced perfor-
mance at the target point. In [12] regularization was achieved
by using short filters.

In [13] the authors proposed to equalize only the low fre-
quencies of an RIR in order to remove the resonant frequen-
cies of a room. In this work, we modify this approach and
equalize a listening area that is sampled not dense enough for
the methods from [7, 8]. The spatial arrangement of the mi-
crophones translates to a maximum frequency which can be
equalized. Using this cut-off frequency a subband decompo-
sition is performed and only the eligible part is processed.

This paper is organized as follows. In the next section
we will review the multi-position p-norm based equalization
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method. In Section 3, the subband method will be combined
with the mult-position approach. In Section 4, experiments
for the subsampled case will be shown. Finally, some conclu-
sions will be given in the last section.

2. RIR RESHAPING

The multichannel RIR reshaping method uses NN, micro-
phones in the listening area and N, speakers for playback.
The RIRs ¢;;(n) from the j-th loudspeaker to the i-th mi-
crophone are modeled with length L.. With hj(n) being the
k-th prefilter of length L, the global impulse response (GIR)

N
gi(n) = Z hi(n) * cip(n) €))
k=1

at the i-th position has the length of Ly = L. + Lj, — 1. As
proposed in [7], two windows, wg(n) and w,(n), are used
for defining the desired and unwanted parts of the GIR as
9ga,i(n) = wa(n)gi(n) and g, ;(n) = wy(n)gi(n). In this
work, we define these weighting windows as in [4, 5] in or-
der to capture the compromise temporal masking limit of the
human auditory system.
The prefilters hy(n) can be estimated by minimizing

_ _ fu(h)>
MINy, : f(h) = log (fd(h) 2)
with
Now Ly—1 Pa
fa) = [lgallps = {32 32 lgaa (k) 6

i=1 k=0

and f,(h) = ||gul|p,, accordingly. The vectors g4 and g,
consists of stacked wanted and unwanted parts of the N,
global RIRs. As there does not exist a closed form solution
for (2), the optimization is carried out by a gradient descent
method [7].

A smooth shaping with no outliers can be achieved by
choosing sufficiently high values for p; and p,,. Typical val-
ues are between 10 and 20, so that the p-norms sufficiently
approximate the infinity norm, which would guarantee an
outlier-free reshaping but is more costly to optimize than the
p-norm.

3. SUBBAND BASED RESHAPING

In the case of spatial mismatch between the listener and the
reference positions, the performance of the solution given
by (2) degrades significantly. In [6] the average frequency-
dependent error in the single channel case has been estimated
as

“
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Fig. 1. The subband model of the prefilter using a two channel
nondecimating filter bank.

with A being the displacement, v the speed of sound, and
w = 27 f 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 order to fully equalize a volume, a dense sampling of
the listening area on a regular grid is required. Let D = 1
denote the distance between the microphones, fss the sam-
pling frequency in space, and f;s the sampling frequency in
time. As shown in [8], sampling with

fsszik
v

®)

leads all RIRs inside the listening area to have the same decay
behavior as at the measurement points. Unfortunately, this
approach requires a very high number of necessary measure-
ments which usually cannot be obtained even for medium-
sized volumes.

In case of spatial sampling not fulfilling (5), we propose
to equalize only the lower-frequency content of the RIR that
satisfies the sampling theorem. Additionally, this approach
also combats the resonant frequencies as in [13]. This can
be achieved, for example, by replacing the prefilters hj by
filter banks shown in Fig. 1. This two-channel design is mo-
tivated by the highly nonlinear cost function in (2). In order
to achieve a reshaping in single subbands, the analysis filters
are required to conserve the general shape of the RIR when
being applied. Furthermore, since the subbands are equal-
ized independently, aliasing should be minimized. This can
be achieved by not using subsampling and by reducing the
number of subbands to a minimum — in this case to two. The
complexity reduction by subsampling is not an issue and we
are interested in only reshaping the lower band of the RIR up
to the cutoff frequency

v

fe= 2D fis (6)
The non-decimating subband decomposition as shown in
Fig. 1 puts only little constraints on the analysis and synthesis
filters [14]. For a nearly perfect reconstruction the analysis
filters

)
®)

po(n) = sinc(n f.)w(n)
p1(n) = d(n) — sinc(n f.)w(n)
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Fig. 2. Equalization using fullband method with three loud-
speakers and four microphones. The color codes the im-
provement/deterioration of the perceived echoes in terms of
AnPRQ. Blue and green mean improvement, yellow indi-
cates no change and red colors show added reverberation.

with §(n) being the unit pulse and w(n) a smooth window
(i. e. Hamming window), can be used. The reconstruction
filters then reduce to go(n) = ¢1(n) = d(n). With only the
lower band being equalized, the global RIR becomes

N

gi(n) =Y (ho(n)  po(n) + p1(n)) * cax(n). (9

k=1

The estimation of /o (n) is carried out using (2) on the fil-
tered versions of c¢;i.

4. EXPERIMENTS

The experiments are based on simulated RIRs [15] of length
L. = 2000 in an office-sized room with the dimensions of
5 x 6 x 4 meters. The reverberation time was set to gy =
400 ms, which leads to clearly audible echoes. The sampling
frequency was chosen as f;s = 8 kHz, which corresponds to
the maximum distance of the microphones of around D =
4 cm for the dense sampling which is needed for the fullband
reshaping. In Fig. 2 the results for a three-loudspeakers and
four-microphones setup are shown. The color codes the im-
provement in terms of nPRQ, compared to the nonequalized
case. The nPRQ from [7] is a measure for quantifying the
perceived reverberation. It calculates the overshot above the
temporal masking curve, with a lower bound of —60dB of the
main peak

gos(n) = max (ﬁn) —60dB) (10)

Table 1. Comparison of the performance in the target area for
a setup with three loudspeakers and four microphones located
on a square with size S x S in dependence of the microphone
distance D. For reference, 3 x 9 and 3 x 16 setups are shown
in the first part.

S D | fo/fs || BAnPRQ | CAnPRQ | MAXALPRQ
4cm | 4cm 1 -5.99 1.30 -3.11
8cm | 4cm 1 -4.54 1.57 -1.35
16cm | 4cm 1 -2.83 1.87 -1.37
8cm | 8cm 1 -2.79 1.35 -0.30
8cm | 8cm 0.5 -3.19 0.52 -1.78
16cm | 16cm 1 -0.19 1.20 1.96
16cm | 16cm | 0.5 -2.08 0.72 0.01
16cm | 16cm | 0.25 -2.24 0.32 -1.00

as

1 Lg—-1
nPRQ = { TeTs 2nzno 95(7) llgslo >0 )
0, otherwise

with

gm(n) = { 201og1o(lg(n)[wu(n)), lg(n)| > gos(n)
0, otherwise.
(12)
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.

The results In Fig. 2 show an improvement of
AnPRQ = —5.99 in the target area as indicated in the first
line of Table 1. This is a very successful equalization, but it
comes at the cost of an heavily deterioration outside of the
target area as represented by the red colors.

In Fig. 3 the results for the subsampled case are shown.
Here, the distance of the microphones is D = 8cm which
results in reduction of factor four (two in each dimension) in
terms of necessary measurements. The fullband method, as
shown in Fig. 3 (a), equalizes mainly the measurement points
while the area in between is only poorly processed. The re-
sults for the new subband method in Fig. 3 (b) indicate the
whole area being evenly equalized. All used measures, the
average ({4 anPRQ), the smoothness (0 AnPRQ), and worst case
(maxanprq) are improved, as shown by the second section
of of Table 1.

In Fig. 4 the distance of the microphones has been in-
creased to D = 16cm. The fullband method is not able to
equalize the target area and most points even exhibit an dete-
rioration. The subband method is successful. Again, all mea-
sures are improved, as shown in the third part of Table 1. The
fully sampled case (line three in Table 1), shows only a slight
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Fig. 3. Equalization in the case of D = 8cm. The fullband
method in (a) results in the target area being only partially
equalized. The new subband method in (b) results in a more
even and better equalization.

improvement, but at the cost of 16 times more measurement
effort (factor four in each dimension).

Overall, the new subband method is able to equalize the
target area in a smooth way. By mainly equalizing the low
frequencies, this method is also able to remove the resonant
frequencies of a room.

5. CONCLUSION

In this work we proposed a subband approach for room im-
pulse response reshaping. The traditional methods require
a huge amount of measurement which are usually not fea-
sible for a real world situation. By equalizing only certain
frequency components of the RIRs, a less dense sampling of
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Fig. 4. Equalization in the case of D = 16cm. The fullband
method in (a) results in only single points being equalized.
The new subband method in (b) is able to equalize the whole
target area.

the listening area is possible. With significantly less measure-
ment effort, a smooth equalization of the listening area has
been achieved.
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