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ABSTRACT

The paper deals with an adaptive method for multiple position room
response equalization. The proposed method works in the fre-
quency domain. An adaptive estimation of the room responses at
different positions is performed in the zone to be equalized and the
common trend of these responses is extracted with efficient statis-
tical operators. Then this prototype response is used to design the
equalizer. The proposed approach is simple, computationally ef-
ficient and it is able to adapt to slow time variations in the room
response.

1. INTRODUCTION

This paper discusses an adaptive multiple position room response
equalizer. Room response equalizers improve the objective and
subjective quality of sound reproduction systems by compensating
the room transfer function (RTF), characterizing the path from the
sound reproduction system to the listener, with a suitably designed
equalizer [1]. Minimum-phase and mixed-phase room equalizers
have been proposed in the literature [2]. Minimum-phase room
equalizers act on the minimum-phase part of the RTF phase re-
sponse and can compensate only the RTF magnitude response.
In contrast, mixed-phase room equalizers cope also with the non-
minimum-phase part of the RTF phase response. In principle, these
equalizers can remove also some of the room reverberation [3], even
though “pre-echoes” problems caused by errors in the non-causal
part of the equalizer may occur.

Room equalizers are also categorized as single position or mul-
tiple position. Single position room equalizers design the equal-
ization filter on the basis of a measurement of the room impulse
response in a single location [4] and they can achieve room equal-
ization only in a reduced zone around the measurement point (of
the size of a fraction of the acoustic wavelength). It should be noted
that the room impulse response varies significantly with the posi-
tion in the room [5] and with time [3]. The room can be considered
a “weakly non-stationary” system. To contrast audible distortions
caused by equalization errors due to the impulse responses varia-
tions, the use of complex spectral smoothing and short equalization
filters is often adopted [3].

Multiple position room equalizers design the equalization fil-
ter on the basis of measurements of the impulse response at differ-
ent locations and are able to suitably enlarge the equalized zone.
Different multiple position room equalization techniques have been
proposed [1, 6, 7, 8, 9, 10, 11, 12, 13, 14, 17, 18].

A least-square approach for inverting mixed-phase room re-
sponses was presented in [6]. An exact multiple position equaliza-
tion technique based on MINT, the multiple-input/multiple-output
inverse theorem was proposed in [7]. A multiple-point equalization
filter using the common acoustical poles of RTFs was discussed in
[9]. A room response equalization system based on a k-means with
splitting clustering algorithm applied to all-pole RTF measures was
presented in [10]. A multiple position room response equalization
technique based on fuzzy c-means clustering and frequency warp-
ing was introduced in [1, 12] and was elaborated and improved in
[13, 14]. Wave domain adaptive filters [11] for the equalization of

massive multichannel sound reproduction systems have also been
investigated.

So far, all cited multi-point approaches employ fixed equaliz-
ers: the equalizer is designed on the basis of measurements of the
room impulse response and subsequently used without any adapta-
tion. Actually, as we mentioned before, the room is a time varying
environment. The room response changes with time due to tem-
perature and pressure variations or movements of people or other
obstacles within the enclosure. An adaptive equalizer, capable to
track and adapt to the room response variations, on the long term
will provide better performance than a fixed equalizer.

A first adaptive multiple positions equalizer was proposed in
[8], where the sum of the squared errors between the equalized re-
sponses and a delayed version of the signal is adaptively minimized.
Unfortunately, the approach of [8] is very sensitive to peaks and
notches in the room response and to the room response variations at
different positions, and it suffers from pre-echo problems.

More recently, an adaptive frequency domain room equalizer
was proposed in [15, 16]. The input sound and the measurement
microphone signals are split in subbands through the use of the
Fast Fourier Transform (FFT), and then the equalization is per-
formed updating the filter weights in subbands derived from the
FFT bins. Despite [15, 16] design a minimum-phase single po-
sition room equalizer, the proposed approach is interesting for its
simplicity, robustness towards peaks and notches of the room re-
sponse, and for its ability to track the room response variations. In
[18] we have improved the approach of [15, 16] applying the results
to a car environment. In this paper we develop a multiple position
room response equalizer extending the approach of [18]. In particu-
lar we estimate the room responses at different positions in the zone
to be equalized and we extract the common trend of these responses
using efficient statistical operators we studied in [14, 17]. The com-
mon trend of the room responses is used to design the equalizer.
The proposed approach is simple, computationally efficient and it
is able to adapt to slow time variations in the room response.

The rest of the paper is organized as follows. Section 2 provides
a description of the proposed algorithm, considering first the im-
pulse response identification (Section 2.1) and then the multipoint
equalizer development (Section 2.2). Section 3 reports some exper-
imental results that illustrate the performance and the quality of the
proposed approach. Finally, Section 4 contains some concluding
remarks.

2. ALGORITHM DESCRIPTION

The proposed algorithm is based on an adaptive approach to itera-
tively estimate the impulse responses and at the same time to gen-
erate the equalizer in order to improve the audio quality in the in-
volved environment. The approach is described in Fig. 1: R micro-
phones positioned in the zone to be equalized capture an input sig-
nal reproduced by the loudspeaker and altered by the room transfer
function. The original undistorted input signal and the microphone
signals are used to characterize the environment by identifying the
corresponding R room impulse responses. Then, these impulse re-
sponses are employed to generate the equalizer used to enhance the
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Figure 1: Overall scheme of the proposed approach.

input signal by compensating the room response. The next subsec-
tions illustrates the two steps of the algorithm.

2.1 Impulse response identification

The proposed approach is based on the work presented in [18]
which was adapted from [15, 16]. The approach derives essentially
from the Least Mean Square optimization applied in the frequency
domain [19]. Fig. 2 schematizes the approach used for the iden-
tification of the room response from an input signal – microphone
signal pair. In particular, the input signal, i.e., the signal reproduced
by the loudspeaker, and the microphone signal, which captures the
room dynamics, are Fourier transformed on a block by block basis
with a length K frame size and the magnitude spectrum of the sig-
nals is extracted. The signals are then divided in M subbands and the
average magnitude spectrum in these subbands is computed. Identi-
fication is performed in these M subbands in the frequency domain
with an adaptive filter. In particular, at frame n, the adaptive filter
is defined by M weights Hn(m), m = 0, · · · ,M−1, which represent
the impulse response in the frequency domain. The adaptation of
Hn(m) involves both the microphone signal and the input signal.
Let us call dn(m) and xn(m), for m = 0, · · · ,M−1, the M values at
frame n of the magnitude spectrum of microphone signal and of the
input signal, respectively. These magnitude values are transformed
in dB and the error en(m) is computed as follows [18]:

en(m) = dn(m)− xn(m) [dB]. (1)

The weights Hn(m) are updated frame by frame according to the
following rule:

Hn+1(m) = Hn(m)+ µ(m)E {en(m)} [dB], (2)

where µ(m) is the frequency dependent adaptation step size and
E is the expectation operator. For each band m, the expectation is
estimated as a length-L time average of en(m), as follows:

E {en(m)} = 20log

(

1

L

n

∑
i=n−L+1

10ei(m)/20

)

[dB]. (3)

In order to prevent artifacts and excessive gain values, two types
of control are applied to the weights, before equalization:

1. Band Control. It is used to avoid excessive gains below and
above suitably predetermined frequency bounds, which would
lead to a longer equivalent inverse filter with the possible intro-
duction of aliasing, or excessive boost in frequency ranges [18].

2. Gain Control. As in the static case, the weights level cannot
exceed a predetermined threshold to avoid excessive dips and
peaks.

Figure 2: Scheme for the impulse response identification: for each
microphone, the adaptive filter is composed of M weights Hn(m).

It is worth noting that in the adaptation equation the weights do not
undergo such modifications. These controls are applied only to the
final weights used for the equalization. From the weights Hn(m), a
length K room response is reconstructed by considering a constant
magnitude response in the M bands.

In order to avoid artifacts due to aliasing and signals non-
stationarity, an overlap and save implementation of the system has
been considered: a Short Time Fourier Transform (STFT) with a
overlap of 25% has been used to manage the microphones and the
loudspeaker signals. For the simulations, a frame size K of 4096
samples with an overlap of 1024 samples was adopted.

2.2 Multipoint equalizer development

Fig. 3 describes the steps of the multipoint equalizer development.
All the operations are performed in the frequency domain: in this
way, the computational cost is reduced and the algorithm is capa-
ble to run in real-time. The operations performed by the proposed
equalizer are the following:

• A fractional octave smoothing of the magnitude responses is
applied in order to attenuate peaks and notches from the room

response, obtaining the R responses Ĥn,r(k), with r = 1, · · · ,R
and k = 0, · · · ,K − 1 (for notational simplicity, in what follows
the frame index n is dropped). The fractional octave smoothing
can be performed on the magnitude spectrum using the method-
ology of [20].

• The prototype filter is computed from the mean of the room
magnitude responses

|Ĥp(k)| =
1

R

R

∑
r=1

|Ĥr(k)|. (4)

Several approaches for prototype design were studied in [21,
22]. Compared with the other approaches, the mean in (4) is
able to reduce the influence of peaks and notches of the room
magnitude responses and it was found that it is often capable
to obtain a better estimation of the common component of the
room magnitude responses [21, 22].

• In order to obtain the frequency domain inverse filter, frequency
deconvolution with regularization [23] is applied to the proto-

Figure 3: Flow diagram of the multipoint equalizer approach
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Figure 4: Loudspeaker and microphone positions.

type as follows:

Hinv (k) =
H∗

p (k)
∣

∣Hp (k)
∣

∣

2
+β

(5)

where β is the regularization factor, k = 0, · · · ,K − 1, and (∗)
represents the complex conjugate. The regularization allows to
avoid excessive gains, especially at high frequencies. For the
results presented in Section 3, a small regularization factor with
value 0.00001 is considered. From (5), the equalizer is deter-
mined by computing the FFT inverse and truncating the result-
ing impulse response; therefore, in the experimental results, the
length of the equalizer was 1024 samples.
The computational complexity of the frequency deconvolu-
tion method is essentially that of the inverse FFT which is an
O(K logK) algorithm [23], therefore it is a valid approach for a
real-time application.

3. EXPERIMENTAL RESULTS

In this section some experimental results are presented in order to
test the effectiveness of the proposed approach. Furthermore, a
comparison with the least-square method of [6], with the adaptive
least-square equalizer of [8], and with the adaptive approach of [18]
is provided, in terms of spectral deviation measurement. The spec-
tral deviation, SD, of a frequency response E(k) can be expressed
as

SD =

√

√

√

√

1

Qh −Ql +1

Qh

∑
i=Ql

(10log10 |E (i))|−D)2, (6)

where

D =
1

Qh −Ql +1

Qh

∑
i=Ql

(10log10 |E (i)|) , (7)
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Figure 5: The room impulse response
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Figure 6: (a) Real room magnitude response (b) Identified room
magnitude response (c) Smoothing of the identified room magni-
tude response.

Ql and Qh are the lowest and the highest frequency indexes, respec-
tively, of the equalized band. In the experimental results an ini-
tial spectral deviation Sin, calculated with E(k) = H(k), and a final
spectral deviation Sfin, computed after equalization by considering
E(k) = H(k) ·Hinv(k) where Hinv(k) represents the designed equal-
izer, are provided. A Mean Spectral Deviation Measure (MSDM)
that represents the mean value of the final spectral deviation mea-
sures over the entire set of the considered impulse responses has
also been considered.

Several tests have been conducted considering impulse re-
sponses recorded in different rooms; the adaptation procedure has
been simulated with real impulse responses in order to have a real-
istic term of comparison. For sake of brevity, just the results of one
room are reported here: loudspeaker and microphones positions are
shown in Fig. 4 together with room size. For each measurement, the
distance of loudspeaker and microphones from the floor has been
set to 1.2 m. Measurements have been performed using a profes-
sional ASIO sound card and microphones with an omnidirectional
response. A personal computer running NU-Tech platform has been
used to manage all I/Os [24]. The impulse responses have been de-
rived using a logarithmic sweep signal excitation [17] at 48 kHz
sampling frequency. Fig. 5 shows the time behavior of the impulse
response measured in the first position (i.e., IR1), and Fig. 6 the
corresponding magnitude response. Fig. 7 shows the reverberation
time as a function of the frequency: it shows a regular behavior
at medium and high frequencies, while there is a decrease at low
frequencies, due to the room size and the furniture composition.

For the test we have considered a frame size of 4096 samples
and a sample frequency of 48kHz. For the adaptation procedure we
have considered 240 frequency bands (i.e., M = 240) with a step
size of 0.01. The frequency range of equalization is 50− 16000
Hz. Fig. 8 displays the learning curves of adaptive algorithm for
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Figure 7: Room reverberation time vs. frequency.
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Table 1: Spectral Deviation Measures calculated for each IR.

IR1 IR2 IR3 IR4 IR5 MSDM

Sin Not Equalized 2.94 2.89 2.77 2.83 3.05 2.89

Proposed Method 2.61 2.59 2.51 2.61 2.78 2.62

Sfin
Method of [6] 2.81 2.89 2.76 2.88 3.02 2.88

Method of [8] 2.79 2.91 2.78 2.90 3.01 2.87

Method of [18] 2.44 3.16 3.05 3.09 3.26 3.00

the five microphone signals: after 100 iterations the residual errors
are drastically reduced. Fig. 6 shows the results of the adaptation
procedure after 10 s for one impulse response: it is clear that the
identified impulse response follows the behavior of the real impulse
response, as also demonstrated by its smoothed version.

Fig. 9 shows the magnitude response of the smoothed identi-
fied impulse responses at the different microphone positions and the
equalizer derived using the on-line procedure described in Section
2.2. Fig. 10(a) depicts impulse response magnitude spectra result-
ing after equalization procedures at the different positions using the
equalizer shown in Fig. 9. The equalization procedure should ide-
ally lead to a flat curve around zero considering that the target curve
is flat. Obviously, this is not achievable in practice considering that
the equalizer is derived from a set of impulse responses. However,
it is clear that the results are good and comparable with those ob-
tained in [14, 18, 21, 22]. The behavior at low frequencies could be
improved considering a non-uniform filter bank giving more reso-
lution to those frequencies (i.e., with a warping operation).

Tab. 1 shows a comparison of the performance in terms of mean
spectral deviation measures, as described in Eq. (6). It is clear that
the results are good in comparison with the techniques proposed by
[6] and [8]. The graphs of the magnitude responses confirm this
result as reported in Figs. 10(b) and 10(c). The single position ap-
proach of [18] has also been considered as a term of comparison
computing the equalizer in the single position IR1. The approach
of [18] provides a worst MSDM than that obtained with the pro-
posed approach even though a better spectral deviation is obtained
in IR1, i.e., in the position used for the equalizer design. This is
clearly shown in Fig. 10(d) where just one equalized impulse re-
sponse tends towards the flatness.

Informal listening tests have been conducted by reproducing au-
dio material to evaluate the perceptive effect of the equalization.
The results seem to confirm the validity of the proposed approach
since all involved subjects have reported positive comments and im-
pressions on the global perceived sound image.
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Figure 8: Learning curves of the adaptive filter.

4. CONCLUSIONS

An adaptive multiple position room response equalizer has been dis-
cussed in the paper. The equalizer has been obtained by combin-
ing an adaptive procedure to determine the impulse responses with
a technique capable to develop a multipoint equalizer. Both ap-
proaches have been designed in the frequency domain with simple
and computationally efficient techniques. First of all, the impulse
responses are identified considering an adaptive subband structure.
Then the multipoint equalizer is developed applying an inversion
method to the prototype obtained by averaging the room magnitude
responses. Several results have been proposed, comparing the pro-
posed approach with well-known techniques. The proposed adap-
tive multipoint equalizer results capable of improving the environ-
ment listening performance in terms of objective measures.

Future works will be oriented to the extension of the proposed
work considering more than one loudspeaker. A possible solution
could be based on the transparent insertion of an acoustic probe
signal, so that each impulse response could be separately identified.
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