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ABSTRACT
The purpose of room impulse response reshaping is to reduce
reverberation and thus to improve the perceived quality of the
received signal by prefiltering the source signal before it is
played with a loudspeaker. The filter design is usually carried
out by solving an optimization problem.
There are, in general, two possibilities to improve the robustness of the equalizers against small movements of the listener and/or receiver; namely multi-position approaches or the
utilization of a regularization term. Multi-position approaches
suffer from the extensive effort of measuring multiple room
impulse responses. Stochastic models may describe the average system error due to spatial mismatch, but only quadratic
penalty terms have been considered so far.
In this contribution we propose a third method to improve
robustness against spatial misalignment. We combine the two
approaches by generating multiple realizations of distorted
room impulse responses and feeding them into the multiposition algorithm. Based on our previous work, we propose a
model to capture the perturbations with respect to the assumed
displacement.
Index Terms— room impulse response, RIR reshaping,
p-norm, spatial robustness.
1. INTRODUCTION
In listening room compensation (LRC) one aims at neutralizing the convolutional distortions that are added to an audio
signal by reproduction in a closed room. For that purpose,
a filter is placed in front of the loudspeaker to preprocess
the audio signal. The goal is to reduce the influence of the
room impulse response (RIR) in order to obtain a signal that
is hardly distinguishable from the source signal by a human
listener [1]. The prefilters are designed in such a way that the
global impulse response (GIR, that is the convolution of the
RIR and the equalizer) satisfies certain requirements. Early
approaches minimized the mean squared error between the
GIR and a desired target system [2].
More recent approaches take into account the psychoacoustic properties of the human auditory system and aim
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at a shaping of the GIR [3]. In [4] the least-squares method
has been generalized to a p-norm based optimality criterion.
The method has been further extended to explicitly control the
frequency response of the overall system [5].
Unfortunately, all of these approaches lack spatial robustness. In the case of small spatial mismatch (e.g. due to the
listener moving his head slightly) the performance of the equalizer degrades greatly [6]. There are, in general, two approaches
to improve spatial robustness which are discussed in [7]. The
first one is the multi-position approach [8]. The equalizers are
designed to achieve reshaping at multiple positions inside the
listening area. If the spatial sampling of the RIRs is dense
enough and the reshaping is successful, then the listener is
allowed to move inside the listening area without perceiving a
degraded quality. The second method is to consider the system
errors in the optimization problem by introducing an additional regularization term [9]. In [7] a stochastic model with
an arbitrary weighting for the reverberant tail was presented.
Furthermore, in [7] the approach from [5] has been extended
to the robust design methods in order to guarantee a flat overall
frequency response.
In this paper we propose a third method to achieve robust
reshaping filters. Based on one measured RIR, we generate
multiple instances of the perturbed RIR and feed them into the
multi-position algorithm. The perturbation term fits both the
spectral and temporal properties we demand.
This paper is organized as follows. In Section 2 we give
an overview of the multi-position p-norm based reshaping algorithm and the frequency-domain based regularization term.
In Section 3 we briefly review the model to capture the system
perturbations in case of spatial mismatch from [6] and present
our algorithm to generate perturbed instances of the RIR. Results are given in Section 4. Finally, we give some conclusions
in Section 5.
Notation: Lowercase boldface characters denote vectors.
The asterisk ∗ denotes convolution, k·kp returns the `p -norm
of a vector, and E {·} is the expectation operator.
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2.3. Comprehensive Objective Function

2. ROOM IMPULSE RESPONSE RESHAPING
In this section we give a brief overview of the multi-position
reshaping algorithm from [7]. In a setup consisting of Ns
loudspeakers and R measured RIRs in the listening area, we
denote the r-th sampled RIR of length Lc from loudspeaker
(r)
` by c` (n); the prefilter for the `-th loudspeaker is denoted
by h` (n) and is of length Lh . The r-th GIR g (r) (n) of length
PNs
(r)
Lg = Lc +Lh −1 is given by g (r) (n) = `=1
h` (n)∗c` (n).
The reshaping filters are designed by defining two window
functions wd (n) and wu (n) to determine the desired and the
unwanted parts of the GIRs. The desired parts are given by
(r)
gd (n) = g (r) (n) wd (n), and the unwanted parts accordingly.
2.1. Multi-Position Reshaping by p-Norm Optimization
The time-domain representation of the GIRs is optimized by
solving the optimization problem given by


fu (h)
min f (h) = log
(1)
h
fd (h)
with

fd (h) = kgd kpd = 

g −1
R LX
X

(r)

d

pd



min f (h) + αy(h)
h

s.t. h> h = 1.

(4)

The factor α weights the demand on the frequency response
against the reshaping of the time-domain coefficients of the
GIRs. The derivation of the required gradient is given in [7].
3. ROBUST RESHAPING USING PERTURBED
ROOM IMPULSE RESPONSES
In this section we derive a model to generate additive perturbations that describe the distortions of the RIR caused by
microphone movement. In the case of spatial mismatch from
the reference position, the perturbed RIR ĉ(t) is expressed by
ĉ(t) = c(t) + p(t) ,

(5)

where c(t) is the RIR in the reference position and p(t) is the
perturbation caused by microphone movement.
The perturbations are modeled as random signals with
specific properties in the frequency and time domains.

 p1
gd (n)

By combining the two optimality criteria presented in this
section, a comprehensive optimization problem is given as in
[7] by

(2)

r=1 n=0

and fu (h) = kgu kpu , accordingly. The vectors gd and gu
are constructed by stacking up all wanted and unwanted
parts of the GIRs, respectively. The target vector h =
 >
>
h1 , . . . , h>
is made up by the concatenation of the preNs
filters for the Ns loudspeakers. The optimization is carried out
by applying a gradient-descent procedure.
In comparison to common least-squares methods, the advantage of (1) is that by choosing appropriately large values
for pd and pu (usually between 10 and 20), a very even shaping of the GIRs according to the prescribed decay behavior is
achieved. For the weighting we use window functions from [4]
that capture the temporal masking effect of the human auditory
system.
2.2. Frequency Domain Based Regularization

The problem of designing an equalizer for a reference position
and then moving the microphone away has been studied by
Radlović et al. [6]. In their work they derived a frequency
dependent error term for the system perturbations of the equalized overall system.
Let ω = 2πf denote the radial frequency and let C(ω),
P (ω) and H(ω) be the Fourier transforms of the RIR c(t), its
perturbation p(t) caused by microphone movement, and the
equalizer h(t), respectively. The frequency-dependent error
term is then given as in [6] by
n
o
2
Q(ω) = E |[C(ω) + P (ω)] H(ω) − 1| .
(6)
Being in the far field in reverberant environments and assuming
perfect equalization at the reference position (e.g. H(ω) =
1/C(ω)), the distance measure (as derived in [6]) is given by
n
o
2
E |P (ω)|
sin(ωD/v)
Q(ω) ∼
=2−2
,
(7)
=
2
ωD/v
|C(ω)|

In [5] it has been shown that one has to consider both the
time- and frequency-domain representations of the GIRs to
achieve a good reshaping without degrading the perceived
quality through spectral distortions. In [7] the method from
[5] has been extended to arbitrary multi-channel setups. The
regularization term from [7] is given by
y(h) = kgf kpf ,

3.1. Perturbation Properties in the Frequency Domain

where D is the distance to the reference position
in meters
and
n
o
2
v is the speed of sound. Solving (7) for E |P (ω)| yields

(3)

where gf is constructed by stacking up the discrete Fourier
transforms of the GIRs. The regularization term forces the
overall system to not contain any high spectral peaks.



n
o
sin(ωD/v)
2
2
E |P (ω)| = |C(ω)| 2 − 2
.
ωD/v
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(8)

3.2. Perturbation Properties in the Time Domain

3.3. Proposed Model

The distribution of energy across the time coefficients of a
RIR has been studied by Polack. In [10] a RIR is modeled
as one realization of a non-stationary stochastic process. In
this model, a RIR is described by a stationary random noise
process that is weighted by an exponentially decaying function.
The decay of the exponential function is directly linked to the
reverberation time, T60 , of a room. The RIR is given by

0,
t<0
c(t) =
(9)
b(t) e−∆t , t ≥ 0

In Sections 3.1 and 3.2 we have derived the spectral and
temporal properties of the perturbations. Assuming a bandlimited input signal with a maximum radial frequency of ωc
and fulfilling the sampling theorem, the continuous-time signals, impulse responses and envelopes can be replaced by
their discrete-time equivalents; accordingly, (8) is sampled at
discrete frequencies. To generate a single realization of the
perturbation, we perform the following steps:
1. Generate a zero-mean Gaussian white noise p(r) (n) with
unit variance.
n
o1
2 2
2. Multiply the DFT of p(r) (n) by E |P (ω)|
.
1

3. Apply the IDFT and multiply the result by E p2 (nT ) 2
from (15) to shape the sequence according to the desired
decay, where T = 1/fs with fs being the sampling
frequency.
The resulting signal p(r) (n) approximates the desired properties in both the time- and frequency-domain. By introducing
additional normalization stages, Steps 2 and 3 can be iterated
for a better approximation of the desired properties.

with b(t) being a white zero-mean Gaussian stationary noise
with variance σ 2 and ∆ given by ∆=
ˆ 3ln(10)
T60 ; for the sake of
simplicity we assume σ 2 = 1.
Given (9), the energy envelope of the RIR is expressed by

E c2 (t) = e−2∆t .
(10)
By assuming a RIR and a nearby RIR having the same
decay behavior, expressed by


E c2 (t) = E ĉ2 (t) = e−2∆t ,
(11)
we need to slightly modify the additive model from (5) to
ĉ(t) = γc(t) + Ap(t) ,

4. RESULTS

(12)

with 0 ≤ γ < 1 and 0 ≤ A being weighting factors to guarantee that the energy and the energy envelope of the reference
RIR and a nearby RIR can be equivalent.
Assuming the RIRs and perturbation being mutually independent and E {p(t)} = 0, the energy envelope of the perturbation is computed as


E c2 (t)
= E nĉ2 (t)
o
2
= E (γc(t) + Ap(t))
(13)
 2 2
 2 2
= E γ c (t) + E A p (t) .
By inserting (11) into (13) we obtain


E A2 p2 (t) = 1 − γ 2 e−2∆t .

(14)

With the energy decay behavior of the perturbation given
by (14) we further refine our model by considering the assumed spatial displacement. Denoting the time taken by the
direct sound by t0 , the assumed spatial displacement by D,
and v being the speed of sound, the energy envelope of the
perturbation is finally given by

0,
t < t0 − D

v
 2
D
1,
t0 − D
E p (t) =
v ≤ t < t0 + v
 −2∆(t−t0 − D )
v ,
e
t ≥ t0 + D
v,
(15)

where we normalized E p2 (t) to have a maximum value of
one. Equation (15) captures the decay behavior of the time
coefficients of the perturbations as well as the time taken by the
direct sound pulse in correspondence to the assumed spatial
displacement.
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In a first step we investigate the quality of the generated perturbations without iterating Steps 2 and 3 from Section 3.3.
For that we generated R = 5000 instances p(r) (n) and give
plots for the average power spectrum and the average energy
of the time coefficients in Fig. 1. For comparison purposes we
also depict the desired power spectrum and energy envelope
as given by (8) and (15).
For the reshaping experiments we used Ns = 4 loudspeakers for playback in a typical office room. We measured four
impulse responses c` (n) of length Lc = 4000 taps with a
sampling frequency fs = 16 kHz. The reshaping filters were
designed with a length of Lh = 5000 taps. The additional
parameters were chosen as pd = 20, pu = 10, and pf = 8
for all experiments. We utilize the nPRQ [7] and the spectral
flatness measure (SFM) [11] to quantify the amount of audible
reverberation and spectral distortions. The nPRQ measure
captures the average overshot of the time coefficients of an
impulse response above the average temporal masking limit
and above −60 dB; the SFM is one in the case of a flat frequency response and degrades to zero with increasing spectral
distortions.
According to the algorithm from Section 3.3 we generated
(0)
R perturbed versions of the Ns RIRs with c` (n) = c` (n).
The perturbed RIRs were generated according to
(r)

c` (n) = γc` (n) + Ap(r) (n) ,

(16)

where A and γ were chosen so that
system
 the2 normalized

c> c
misalignment MdB = −10 log10 A2 pγ(r)>
achieved
a
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Table 1. Average values for nPRQ and SFM for
reshaping algorithms.
Setup
nPRQ [dB]
unreshaped
9.93
non-robust, α = 40
10.50
multi-position, α = 10
1.23
−4
stat-robust, β = 5 · 10 , α = 5
3.92
R = 14, MdB = −10 dB, α = 1
3.91
R = 29, MdB = −15 dB, α = 1
3.47

Magnitude (dB)

Fig. 1. Desired (top) and average (bottom) temporal and spectral properties of the perturbations. The average was calculated over
5000 random instances.
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prescribed value and all perturbed RIRs contained the same
energy as the reference RIR. We then used the Ns · (R + 1)
(r)
RIRs given by c` (n), 0 ≤ r ≤ R as a basis for the equalizer
design.
To investigate the spatial robustness we averaged the
nPRQ and SFM values over 40 microphone positions in the
vicinity of the reference position. To compare the proposed
method with the multi-position approach from [7], we measured 26 more RIRs around the reference position according
to the spatial sampling theorem of RIRs and used them for the
multi-position method. A comparison of the results for the
non-robust, the multi-position, and the stochastic-penalty-term
method (denoted by ”stat-robust”, weighted by β) from [7]
with the proposed method with different values for R and
MdB is given in Table 1. For the experiments we assumed a
displacement of D = 2 cm.
The factor α for the weighting of the frequency-domain
based regularization term (3) from [7] has been chosen so that
the resulting equalizers did not introduce significant spectral
distortions according to the SFM.
It can be seen that the proposed approach improves the
nPRQ measure by about 6.5 dB. Of course, the performance
of the multi-position approach, which requires 26 RIR measures around the reference position, can not be reached. However, the proposed approach is superior in terms of nPRQ

0

Fig. 2. GIR in the case of small spatial mismatch for the nonrobust (top) and the proposed design method (bottom). The
dashed line is the average temporal masking limit.

and SFM values compared to the utilization of the quadratic
penalty term from [7]. The proposed method requires to store
Ns · (R + 1) RIRs of length Lc while the method from [7]
keeps Ns matrices of size Lh×Lh in memory. A depiction of
a GIR in the case of spatial mismatch for the non-robust and
the proposed design method is given in Fig 2.

5. CONCLUSIONS
In this contribution we proposed a new method to improve
the spatial robustness of LRC filters without the need of extensive measurements. Results show that our method gives
results that are comparable to other state-of-the-art algorithms
while having a low memory footprint. In future work we will
refine this method in order to further improve the robustness.
Compared to previous work, this contribution can be seen as a
continuation of the methods we presented in [7].
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