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Abstract

Frequency Domain Based Regularization

In listening room compensation, the aim is to compensate for
the acoustic channel between loudspeaker and listener. The
degradations rendered to the source signal by reproduction in a
closed room are namely reverberation and spectral distortions.
A pre- or postfilter is designed in such a way that the convolution of the equalizer and the room impulse response contains
better acoustic properties than the room impulse response itself. For dereverberation, the equalizer is usually designed by
optimizing a time-domain based objective function. Recent
methods also consider the frequency-domain representation to
yield a flat overall frequency response as well. In this work,
we propose to use a generalized spectral flatness measure to
quantify the disparity between the actual frequency response
and a desired one. This allows us to integrate the concept of
auditory scales into the equalizer design, and thus, to take into
account some properties of the human auditory system. Results
are presented for an acoustic channel measured in a typical
living room.

While the reshaping according to [1] usually yields a flat overall frequency response, there may be cases in which spectral
distortions occur. In [2] we proposed a p-norm based regularization term that captures the frequency-domain representation
of the GIR. However, the regularization term from [2] does not
take into account any properties of the human auditory system.
The spectral flatness measure (SFM) is defined as the ratio of
the geometric and arithmetic means of the values of a power
spectral density [3, 4]. For filters, the ratio of the geometric and
arithmetic means of the squared magnitude frequency response
is considered. In the case of a perfectly flat frequency response
the SFM equals one and degrades to zero with increasing
spectral distortions.
For the proposed approach, we integrate the squared absolute
values of the overall frequency response into subbands before
computing the geometric and arithmetic means. We call this
approach the integrated spectral flatness measure (iSFM). In
addition, we generalize the measure by introducing weighting
factors for the resulting frequency bands.

Introduction

With g̃ containing the squared absolute values of the discrete
Fourier transform (DFT) of the GIR, the proposed generalized
measure reads
geomean (ΓWg̃)
,
(2)
Q(h) =
arithmean (ΓWg̃)
where W is a K ×Lg matrix that integrates the Lg elements
of g̃ into K subbands, Γ is a diagonal matrix of positive
weighting factors γk , k = 1, 2, . . . , K, and geomean(·) and
arithmean(·) determine the geometric and arithmetic mean of
the elements of a vector, respectively. The proposed method is
quite flexible. When setting both Γ and W as identity matrices,
the standard SFM is obtained. By selecting different values
for γk , k = 1, 2, . . . , K, frequency bands can be weighted
differently. Matrix W can be adjusted to different auditory
scales. In the following, we set Γ = I and consider the iSFM
only.

The distortions rendered to an audio signal by reproduction in
a closed room are reverberation and spectral distortions. The
goal of room impulse response (RIR) reshaping is to design
an equalizer in such a way that the convolution of the equalizer and the RIR (the global impulse response, GIR) contains
better acoustic properties than the RIR itself. The problem of
RIR reshaping is connected to the problem of deconvolution.
However, recent approaches do not target a deconvolution but
aim at a GIR that introduces no audible distortions. It was
proposed recently to use a p-norm based optimality criterion
that exploits some average temporal masking properties of the
human auditory system [1].

RIR Reshaping by p-Norm Optimization
In [1] the common quadratic cost function for designing reshaping filters was generalized to a p-norm based optimality
criterion. The optimization problem reads

minh

:

f (h) = log

kgu kpu
kgd kpd

In order to obtain a simpler expression of the required gradient
we take the logarithm of (2) with Γ = I. The resulting criterion
reads
s(h) = −log Q(h) = B(h) − A(h) ,
(3)
 
 K1 
where
Lg
K
 Y X

2
B(h) = log
wk` |g` |  
(4)

!
,

(1)

k=1

where h is the target vector containing the equalizer and gu
and gd are made up by the unwanted and the desired parts
of the GIR g(n). The values pu and pd are usually chosen as
10 ≤ pd , pu ≤ 20, but also the case pd = pu = 2, for which a
direct solution is obtained, is included in the framework. The
optimization of (1) for pu,d 6= 2 is carried out by applying a
gradient-descent procedure.

`=1

captures the geometric mean
 and

Lg
K X
X
1
2
A(h) = log
wk` |g` | 
K

(5)

k=1 `=1

captures the arithmetic mean; g` denotes the `-th element of
the DFT of the GIR, computed as g = Mh with M = FC,

497

DAGA 2014 Oldenburg

where F is the DFT matrix, and C is the convolution matrix
made up by c(n) of compatible size; wk` denotes the element
in the k-th row and `-th column of the weighting matrix W.

(dB)

0

With (1) and (3) the overall optimization problem is now given
by
minh : f (h) + αs(h) .
(6)

0

wk` |g` |

2

k=1

`=1

wk` |g` |

.

According to (6) the final learning rule reads


hl+1 = hl − µl ∇h f hl + α∇h s hl
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Conclusions
In this work, we proposed to integrate the squared absolute
values of the frequency-domain representation of the GIR into
several bands before computing the SFM. The weighting matrix that defines the subbands was chosen with respect to the
concept of critical bands. With the proposed method we could
yield a good reshaping in the time domain while spectral distortions could be reduced. In future work, we will further
investigate the influence of different weighting matrices of
the generalized spectral flatness measure in order to further
increase the quality of the reshaping results.
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Figure 1: Upper plot: Coefficient magnitudes of the measured RIR
(light gray) and the reshaped one (black); the dashed line is the average
temporal masking limit of the human auditory system according to
[6]. Lower plot: Frequency response before (light gray) and after
reshaping (black).
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For the calculation of the gradient ∇h s(h) the terms ∇h A(h)
and ∇h B(h) are required. Due to the limited space, just the
partial derivatives of A(h) and B(h) with respect to the n-th
entry of the target vector h (denoted by hn ) are given here.
With m`n being the element of M in the `-th row and n-th
column, we obtain


Lg
K X
X
∂A(h)
= ζA · 
wk` g` m`n 
(7)
∂hn
2
ζA = PK PLg

−20
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