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ABSTRACT
The purpose of room impulse response reshaping is usually
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 in a closed room or
by postfiltering the recorded microphone signal. The utilization of an infinity- and/or p-norm based objective function
in the time domain has shown to be quite effective compared
to least-squares approaches. Although this method intrinsically favors solutions with flat overall frequency responses,
in some cases noticeable spectral distortion may occur. In
this contribution we propose a method to jointly optimize
infinity- and/or p-norm based objective functions in the time
and frequency domains to achieve a good reshaping while not
affecting the perceived quality due to spectral distortions.
1. INTRODUCTION
Equalization of an acoustic system is usually carried out on
the basis of one of the following setups: a filter for listening room compensation (LRC) is placed in the signal path in
front of a loudspeaker or is used to process a recorded microphone signal. The goal is to reduce the influence of the
room impulse response (RIR) in order to obtain a signal that
is hardly distinguishable by a human listener from the original signal [10].
In recent years, there have been different approaches to
design such equalizers. Classically, the equalizer is computed in such a way that it minimizes the difference between
the global impulse response (that is the impulse response
of the concatenated system containing the equalizer and the
RIR) and a given target system in a least-squares sense [5, 1];
usually, the target system is chosen to be a bandpass-filtered
and/or delayed unit pulse.
A more relaxed requirement than choosing a bandpass as
the target system is to try to concentrate most of the energy
of the reshaped response within the first 50 ms after the first
peak, thus maximizing the D50-measure [6] for intelligibility
of speech known from psychoacoustics. However, while it
seems appealing to directly maximize the D50-measure, it
was shown in [4] that a shaping rather than a shortening of
the global impulse response is preferable in practice, because
the temporal masking effect of the human auditory system
can be more efficiently exploited.
The idea of reshaping the room impulse response to fit
to an average temporal masking curve was further devel-
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oped in [9]. Instead of using the least-squares measure, it
was proposed to minimize an objective function based on the
infinity- and p-norm, respectively. It has been shown that by
adequately choosing the involved parameters, the optimization process leads to an equalizer that distributes the perceivable errors evenly across the global impulse response’s
time coefficients while favoring overall impulse responses
that have one dominant tap and thus typically have a flat
frequency response. However, in practical experiments with
very long measured impulse responses it was observed that
the method may lead to spectral distortions in some cases,
as no spectral requirements are captured by the solely timedomain based objective function used in [9].
In the next section we briefly summarize the approach
based on the p-norm optimization of the time-domain representation of the global impulse response to design the equalizer. In Section 3 we motivate and derive the formulas for
the proposed extended objective function. In Section 4 we
present some simulations and results of our proposed algorithm and, finally, in Section 5 we give some short conclusions.
Notation. Vectors and matrices are printed in boldface.
The superscripts T and H denote transposition and the hermitian transpose, respectively. The asterisk ∗ denotes convolution. The discrete time index is denoted by n. The operator diag {·} turns a vector into a diagonal matrix, max {·}
gives out the maximum component of a vector variable and
sign {·} produces a sign vector of its input vector variable,
whereat the sign of a complex number is defined as its projection on the unit circle of the complex plane. Finally, ℜ {·}
returns the real part of its input variable.
2. ROOM IMPULSE RESPONSE RESHAPING
Let c (n) and h (n) denote the room impulse response and the
equalizer of lengths Lc and Lh , respectively. To simplify matters, c (n) combines the actual RIR and the transfer functions
of the loudspeaker and the microphone. The global impulse
response (GIR) of the concatenation of the equalizer and the
room impulse response is given by g (n) = h (n) ∗ c (n). Its
length is denoted as Lg .
One aims to design an equalizer h (n) that shapes the GIR
in a way that it has a faster decay than c (n) and/or to meet
certain other requirements that may be defined by psychoacoustic findings. To actually shape or shorten an impulse response one usually formulates two window functions wd (n)

1658

and wu (n) that determine a desired part of the GIR and an unwanted part. These windows directly model the demands one
makes on the global impulse response. The desired and the
unwanted parts can now be expressed as gd (n) = g (n) wd (n)
and gu (n) = g (n) wu (n), respectively.
2.1 Impulse Response Reshaping with p-Norm Optimization
In [9] the approach from [4] (that was based on [7, 8]) was
generalized by explicitly incorporating an average temporal
masking curve and replacing the least-squares criterion with
the more flexible p-norm measure. The approach was developed by formulating the following optimization problem:


fu (h)
fd (h)

min : f (h) = log
h


(1)

with
fd (h) = kgd k pd =

∑

d

|gd (n)| pd

The sole optimization of (1) considers only the time-domain
representation of the GIR, which, in some cases, can lead to
spectral distortions. Examples will be presented in Section 4.
In this section, a new approach is introduced, which aims
at jointly optimizing a time- and a frequency-domain based
criterion.
To cope with frequency-domain distortions, we extend
the objective function (1) by adding a frequency-based regularization term. We are considering two methods to express
the additional criteria:
1. A first approach constrains the frequency response of the
equalizer h (n) in such a way that the equalizer does not
produce significant spectral peaks.
2. The second method considers the GIR g (n) and tries to
avoid peaks of the frequency response of the GIR, while
allowing notches.
Both aims can be expressed in a unified form by formulating
the following p-norm based optimality criterion:

! p1

Lg −1

3. EXTENDED OBJECTIVE FUNCTION

(2)
min : q (h) = f (h) + α · y (h)

n=0

h

and
fu (h) = kgu k pu =

∑

with

! p1

Lg −1

u

|gu (n)| pu

(7)

.

y (h) = a f

(3)

(8)

pf

n=0

The optimization of (1) leads to a minimization of the
p-norm of the unwanted part while simultaneously maximizing the p-norm of the desired part of the GIR. By choosing
pd = pu = 2, the solution of (1) degenerates to a least-squares
solution.
The advantage of this procedure is that by selecting appropriately large values for pd and pu , the error is distributed
evenly across the time coefficients in the unwanted part of
the global impulse response while favoring the production of
one dominant tap in the desired part, which, overall, yields a
good shaping.
The decay of the overall system depends on the choice of
the window functions wd (n) and wu (n). We use the windows
from [9] defined by:
wd = [0, 0, . . . , 0, 1, 1, . . . , 1, 0, 0, . . . , 0]T
| {z } | {z } | {z }
N1

N2

where f (h) is the same as in (1), α > 0 is the weighting
factor for the introduced regularization term y (h), a f is a
vector made up by the discrete Fourier transform (DFT) of
a sequence a (n), which is either the equalizer itself (Case 1:
a(n) = h (n)) or the global impulse response (Case 2: a(n) =
g (n)). Its length is denoted as La . By setting α = 0 the new
approach is equivalent to (1).
The proposed objective function (7) is minimized by applying a gradient-descent procedure. The update rule reads:

 
 
hl+1 = hl − µ l ∇h f hl + α∇h y hl .

(9)

with µ l being the adaptive step-size in iteration l. The gradient for fd (h) is computed as

(4)

! p1

Lg −1
pd

d

−1

CT bd

(10)

bd = diag {sign {gd }} diag {wd } · |gd |(pd −1) ,

(11)

∇h fd (h) =

N3

∑

|gd (n)|

n=0

and
wu = [0, 0, . . . , 0, w0T ]T
| {z } |{z}
N1 +N2

(5)

N3

where N1 = t0 · fs , N2 = 0.004s · fs and N3 = Lg − N1 − N2
with fs being the sampling frequency and t0 being the time
taken by the direct sound. The window w0 is defined as
3

w0 (n) = 10 log(N0 /(N1 +N2 ))

where



n
log N +N
+0.5
1
2

and C denotes the Lg × Lh convolution matrix made up of
c (n); the computation of ∇h fu (h) and bu is analogue.
Finally, the gradient for f (h) reads:

(6)

with N0 = (0.2s + t0 ) fs and time index n ranging from N1 +
N2 + 1 to Lg − 1. These windows represent the compromise
temporal masking limit of the human auditory system [2, 9].

∇h f (h) =

1
1
∇h fu (h) −
∇h fd (h) .
fu (h)
fd (h)

(12)

A more in-depth derivation of the gradient ∇h f (h) is given
in [9].
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3.1 Regularization based on p-Norm
By choosing p f to be finite, (8) reads
!

La −1

y (h) =

∑

|A (k)|

pf

1
pf

(13)
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3.2 Regularization based on Infinity-Norm
By choosing p f = ∞, the regularization term becomes

(16)
y (h) = a f ∞ = max a f .
With Im being the index of the maximum entry of a f we
define

A (k) , for k = Im ,
Am (k) =
(17)
0,
otherwise.
A vector am is made up by Am (k).
The gradient of y (h) then reads
o
n
∇h y (h) = ℜ (FT)H sign {am } .
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where A (k) is the DFT of a (n), with discrete frequency index
k. As the DFT can be expressed by a matrix multiplication,
the derivation of ∇h y (h) is quite similar to that of ∇h fd (h)
and ∇h fu (h).
Let F be the matrix for the DFT of compatible size, then
a f = FTh, where T is either C, for the case one aims to optimize the frequency response of the global impulse response
g (n), or the identity matrix, if one aims to optimize only the
frequency response of the equalizer h (n). The gradient of
y (h) reads


! 1 −1
pf

 La −1
pf
H
|A
(14)
∇h y (h) = ℜ
(k)|
(FT)
b
f
∑

 k=0
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Figure 1: Example of reshaping a simulated RIR. (a) The
simulated RIR and its frequency response. (b) The reshaped
RIR in the time and frequency domain using the method from
[9]. The exponentially descending curve is the average temporal masking limit.

(18)

Due to the special structure of the matrix T (which is
either the convolution matrix C or the identity matrix) and
the DFT-matrix F, many of the computations can be performed efficiently in the frequency-domain by utilizing the
fast Fourier transform and its inverse.
4. SIMULATIONS
To show the effect of the proposed method, we applied it to a
simulated RIR of length Lc = 2000 taps and a measured RIR
which was estimated with a length of Lc = 24000 taps, both
sampled at a rate of fs = 16 kHz.
For the simulation, the reverberation time was set to
τ60 = 200 ms. Figure 1(a) shows the simulated RIR, and Figure 1(b) depicts its reshaped version and the corresponding
frequency response. The filter design was carried out according to the method from [9], with pd = pu = 10 and wd and
wu chosen as in (4) and (5). As one can see from the plots,
both the obtained decay and the frequency response appear
acceptable.
Figure 2(a) shows the measured RIR, which is much
longer than the first one. The result of the reshaping based

on the method from [9] is depicted in Figure 2(b). In this
case, the time-domain reshaping works as desired, but the
obtained frequency response shows a strong amplification of
higher frequencies. The postfilter method from [4] could be
used to equalize the frequency response to an extent that the
spectral distortion becomes hardly audible while the RIR decay remains almost as desired. However, in this paper we
aim at giving a direct method to obtain the desired time- and
frequency-domain characteristics.
To quantify the spectral distortion, we utilize the spectral
flatness measure (SF), that is defined as
q
Lg −1
Lg
2
∏k=0 |G (k)|
SF =
(19)
Lg −1
2
1
|G
(k)|
∑
Lg k=0
with G (k) being the frequency response of the GIR [3].
The reason we define the masking window wu (n) is that
we take wu1(n) as the average temporal masking limit. If the
RIR or the reshaped RIR exceeds this limit, it implies that
audible reverberation exists. For an accurate quantitative description, we propose the perceivable reverberation quanti-
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Figure 2: Example of reshaping a measured RIR. (a) The
RIR and its frequency response. (b) The reshaped RIR in
the time and frequency domain using the method from [9].
The exponentially descending curve is the average temporal
masking limit.
zation measure (pRQ), that we define as
Lg −1

∑
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(20)

n=N0

with gE (n) being the amount of energy that exceeds the temporal masking limit on the logarithmic scale and that is above
−60 dB compared to the direct sound:

 20 log10 (|g (n)| wu (n)) , for |g (n)| > wu1(n) ,
gE (n) =
|g (n)| > −60dB,

0,
otherwise.
(21)
This dimensionless measure combines the psychoacoustic measures of the reverberation time τ60 of a room and the
compromise temporal masking limit, to quantify the amount
of perceivable reverberation. If the RIR is completely reshaped, then either no time coefficient exceeds the temporal
masking limit or the energy of each of the exceeding coefficients is below −60 dB; in both cases pRQ = 0.
By applying the postfiltering method from [4] we could
achieve pRQ = 649, SF = 0.71 for the simulated RIR and
pRQ = 73232, SF = 0.48 for the measured RIR.

Figure 3: Examples of reshaping RIRs while constraining
the frequency response of the equalizer. (a) Reshaping result for the simulated RIR (a (n) = h (n), p f = 8, α = 0.05).
(b) Result of reshaping the measured RIR with the proposed
approach (a (n) = h (n), p f = ∞, α = 0.14).
For the first experiments, we chose a (n) = h (n), so we
jointly optimized the frequency response of the equalizer and
the time-domain representation of the GIR. In Figure 3(a) the
result of applying the proposed approach to the simulated
RIR is depicted. In some preliminary simulations it turned
out, that p f = 8 is a sufficiently large value to reduce spectral
peaks of a (n) in this case.
By setting p f = 8 and α = 0.05 the pRQ enhances from
2963 to 52, while the SF could be slightly enhanced from
0.59 to 0.65. Figure 3(b) shows the results of applying the
proposed approach to the measured RIR. The parameters
were chosen as p f = ∞ and α = 0.14; the pRQ could be
enhanced from 135442 to 57192, while the SF drops from
0.69 to 0.5.
For the second set of experiments, we chose a (n) = g (n),
so we jointly optimized the frequency- and time-domain representations of the global impulse response. In Figure 4(a)
the result of applying the proposed approach to the simulated
RIR is depicted. By setting p f = 8 and α = 0.4 the pRQ enhances from 2963 to 18, while the SF could be enhanced
from 0.59 to 0.71. Figure 4(b) shows the results of applying
the proposed approach to the measured RIR. The parameters
were chosen as p f = ∞ and α = 0.8; the pRQ could be en-
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5. CONCLUSIONS
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In this paper, we proposed to jointly optimize time-domain
and frequency-domain based criteria. The time-domain
based objective function from [9] was extended by a p-norm
based regularization term in the frequency-domain. Simulations showed that our approach can attenuate spectral distortions in the global impulse response at the expense of a
slightly degraded dereverberation performance. The amount
of dereverberation was measured by the newly introduced
pRQ measure. Informal listening tests have confirmed the
characteristics of the global impulse response that could be
expected from the pRQ and SF measures, namely dereverberation without spectral distortions.
We found that our new approach outperforms the alternative way of first reshaping and then compensating for spectral distortions in an additional postprocessing step, as it has
been proposed in [4]. Future work will be directed toward
investigating and improving spatial robustness in real-world
settings. Besides that, we will investigate the influence of the
choice of p f and also aim for an automatic determination of
the regularization factor α. Additional listening tests will be
done to further support the use of the newly introduced pRQ
measure.
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Figure 4: Examples of reshaping RIRs while constraining
the frequency response of the global system. (a) Reshaping
result for the simulated RIR (a (n) = g (n), p f = 8, α = 0.4).
(b) Result of reshaping the measured RIR with the proposed
approach (a (n) = g (n), p f = ∞, α = 0.8).
hanced from 135442 to 54347, while the SF drops from 0.69
to 0.5.
Comparing our proposed approach with the method from
[4], it could be shown that our approach outperforms the
postfiltering method: for the simulated RIR we could get a
SF of 0.71 but the pRQ could be reduced to 18 with the new
approach instead of 649; we achieved analogue results for
the measured RIR.
Concerning the regularization method, we presented two
approaches; circumventing high peaks in the frequency response of the equalizer on the one hand and of the GIR on
the other hand. While expressing different aims, simulations
showed that both approaches work well and yield comparable results, whereat constraining the GIR performs slightly
better (according to the pRQ and SF measures).
The value for p f has been chosen with respect to some
preliminary simulations. The choice of α determines the
tradeoff between the requirements on the frequency response
and a good reshaping; its values have been found empirically.
An in-depth investigation of the linking between the RIR, the
choice of p f and the regularization factor α will be done in
future work.
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