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ABSTRACT

In this paper we elaborate and improve the multiple position room
response equalization technique based on fuzzy c-means clustering
of Bharitkar and Kyriakakis. Differently from their approach, we
perform most of operations in the frequency domain and we apply
the fuzzy c-means clustering to the amplitude room frequency re-
sponses at different positions. We show in the paper that working
in the frequency domain can avoid many onerous operations per-
formed in the approach of Bharitkar and Kyriakakis and thus a com-
putationally efficient algorithm for multiple position room response
equalization can be obtained. In all our experiments, the equalization
performances of the proposed technique have always been similar to
those of the technique of Bharitkar and Kyriakakis.

Index Terms— Room response equalization, amplitude equal-
ization, fuzzy c-means, clustering, pattern recognition.

1. INTRODUCTION

Room response equalization (or room equalization) has been applied
in theory and practice for improving the objective and subjective
quality of sound reproduction systems in cinema theaters, home the-
aters, and car HiFi systems [1]. Room response equalization systems
act by shaping the room transfer function (RTF) from sound repro-
duction system to listener with a suitably designed equalizer. Both
minimum-phase and mixed-phase room equalizers have been pro-
posed in the literature [2]. Minimum-phase room equalizers can be
used in order to shape the RTF magnitude response and they can
act on the minimum-phase part of the RTF phase response. Mixed-
phase room equalizers can correct also the non-minimum-phase part
of the RTF phase response. In principle, they can remove some of
the room reverberation [3], but particular care must be taken to avoid
“pre-echoes” due to errors in the acausal part of the equalizer. Modal
equalizers have also been proposed in order to control the behavior
of acoustic resonances at low frequencies (below 200 Hz) so that the
decay time of the associated modes can be reduced [4].

Room equalizers can be divided in single position and multiple
position equalizers. In single position room equalizers, the equaliza-
tion filter is designed on the basis of a measurement of the room im-
pulse response in a single location. These equalizers can achieve the
room equalization only in a reduced zone around the measurement
point (of the size of a fraction of the acoustic wavelength). Indeed,
the room impulse response varies significantly with the position in
the room. Moreover, it was shown in [3] that the room impulse re-
sponse varies also with time and that the room should be considered
a “weakly nonstationary” system.

Multiple position room equalizers are capable to enlarge the
equalized zone by measuring the room impulse response in mul-
tiple locations. Different techniques for multiple position room

equalization have been proposed in the literature [1, 5, 6, 7, 8].
An exact equalization technique for multiple positions based on
MINT (multiple-input/multiple-output inverse theorem) was pro-
posed in [5]. With this technique, exact equalization can be obtained
provided that the number of equalization points is lower than the
number of sound sources (loudspeakers) and provided that the room
responses have uncommon zeros among them. A multiple-channel
adaptive equalization system was proposed in [6]. This system
adaptively minimizes the sum of the squared errors between the
equalized responses and a delayed version of the played signal. In
[7] a multiple-point equalization filter using the common acoustical
poles of RTFs was proposed. Wave domain adaptive filtering for the
equalization of massive multichannel sound reproduction systems
was discussed in [9]. A multiple position room response equaliza-
tion technique based on fuzzy c-means clustering and frequency
warping was introduced in [1, 8]. Specifically, given a set of room
impulse responses measured at different positions, the technique
in [1] applies a fuzzy c-means algorithm for clustering these room
responses on the basis of their similarity. A prototype impulse re-
sponse, obtained by combining the cluster centroids, is then used
for designing the low order equalization filter by means of Linear
Predictive Coding (LPC) analysis. In order to obtain a better fit of
the LPC model to the room response in the low frequency region,
the measured room responses are frequency warped [10] using a
psychoacustically motivated Bark scale [11]. In [12] the method of
[1] was further developed by introducing a weighted fuzzy c-means
clustering algorithm that allows to introduce different weights on the
room impulse response samples. Although the technique in [1] is
able to obtain only a magnitude equalization of the room response,
it is effective and robust against displacement effects.

In this paper, we elaborate and improve the technique of [1] by
performing most of its operations in the frequency domain. Differ-
ently from [1], the fuzzy c-means clustering is applied to the room
amplitude frequency responses at different positions. We show in the
paper that working in the frequency domain can avoid many onerous
operations performed in the approach of [1] and thus a computation-
ally efficient algorithm for room equalization can be obtained. In
all our experiments, the equalization performances of the proposed
technique have always been equivalent to those of [1].

The paper is organized as follows. Section 2 provides a brief
overview of the multiple position room response equalization of [1].
Section 3 describes the proposed approach. Section 4 presents some
experimental results that compare the performances of the proposed
room response equalization with those of [1]. Conclusive remarks
are given in Section 5.

Throughout the paper, small boldface letters are used to denote
vectors and italic letters are used for scalar quantities.
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Fig. 1. Multiple position room response equalization: (a) method of [1] and (b) proposed method.

2. ROOM RESPONSE EQUALIZATION USING PATTERN
RECOGNITION

Figure 1.(a) describes the operations performed in the room equal-
ization technique of [1]. The operations done by this room equalizer
are the following:

1. M room impulse responses of memory length N are measured at
different positions in the zone we want to equalize.

2. The room responses are frequency warped with an approximate
Bark scale. Frequency warping was introduced in [10] and it in-
volves the replacement of every delay element z~! with an all pass
filter of order 1,
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Frequency warping is used in order to improve low order modelling
at low frequencies. Positive values of the warping parameter \ takes
to an higher resolution in the lowest frequencies and to a lower res-
olution to the highest frequencies. By properly choosing the \ para-
meter, the frequency resolution can approximate the Bark scale [11].
It should be noted that the frequency warping operation performed
in the time domain is a computational heavy operation that requires
an order N2 of multiplications and additions.

3. The minimum-phase part of the warped room impulse responses is
extracted. In [13], the authors suggested to compute the minimum-
phase sequences from cepstrum. The operation requires the com-
putation of two FFTs and two IFFTs on N samples, N logarithms
and N exponentiations for each of the M impulse responses. The
minimum-phase extraction is important for the clustering operation,
in order to avoid undesirable time and frequency domain effects, due
to incoherent linear combination [1].

4. Fuzzy c-means clustering in applied to the minimum-phase im-
pulse responses. Clustering is used to extract the common patterns
of the impulse responses by means of ¢ centroids. Let us indicate
with hy, for k = 1,..., M, the M warped minimum-phase room
impulse responses, with h}, for i = 1,..., ¢, the ¢ centroids, and
with p; (hy) the cluster membership functions. Fuzzy c-means clus-
tering is performed by iteratively applying the following equations
[1]:
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with d?, = ||hx —h}|®,i=1,...,c;candk = 1,..., M. Eq. (2)
and (3) are iterated until the variation of the objective function that

is minimized,
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is lower than a small constant €. The cluster membership functions
ui(hy) are typically initialized with random numbers between 0 and
1 such that >~;_, pi(hy) = 1 for all k, and c is an integer close to

v M. A final prototype filter of length IV, h,, is then constructed
with a weighted mean of the cluster centroids as follows:
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The prototype filter represents the room response component at the
different positions we want to equalize.

5. The autocorrelation function (ACF) of the prototype impulse re-
sponse is computed. The ACF of the prototype impulse response
is needed by the Levinson-Durbin algorithm used in LPC analysis.
The ACF can be computed in time domain using time averages, or it
can be obtained from the inverse of the squared amplitude frequency
response. This second approach is often the most computationally
efficient, and it requires the computation of an FFT on N samples
for estimating the frequency response of the prototype filter and of
an IFFT on N samples for estimating the ACF.

6. The Levinson-Durbin algorithm is applied to derive a low or-
der all-pole LPC model of the prototype filter, with order P. The
use of a low order equalizer is beneficial not only for computational
complexity reasons, but also for improving the equalizer robustness
toward displacement effects and slow time variations of the room
response [3].

7. The all-pole LPC model is inverted in order to obtain an FIR
equalizer in warped domain with memory length P.

8. The frequency response of the equalizer is unwarped. This oper-
ation can be performed by replacing the FIR warped equalizer, with
the IIR filter of Fig. 2, where p(7) are the coefficients of the warped
prototype filter, and A is the same parameter used for warping the
impulse responses.
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3. THE PROPOSED TECHNIQUE

Figure 1.(b) describes the operations performed with the proposed
technique. In contrast to the approach of [1], we perform the fuzzy
c-means clustering and most of the operations in the frequency do-
main. In this way, we can avoid most of the computational burden
of the technique in [1]. The operations performed by the proposed
equalizer are the following:



Fig. 2. IIR unwarped filter

1. M room impulse responses of memory length N are measured at
different positions in the zone we want to equalize. Alternatively, we
can directly estimate the amplitude frequency responses of the room
at the different positions.
2. The room amplitude frequency responses |H;(e’**)| are esti-
mated by means of M FFTs on N samples. By discarding the phase
information, we avoid the extraction of the minimum phase compo-
nent of the impulse responses, which was needed for implementing
the fuzzy c-means algorithm in time domain.
3. Warping is performed in the frequency domain by sampling the
room amplitude frequency responses. Given W equally spaced fre-
quencies in the warped frequency domain (with W < N), we de-
termine the corresponding frequencies in the linear frequency do-
main according to the rule in (1). By sampling the room ampli-
tude responses at these frequencies, the warped amplitude responses
| H;(e?“*)| are obtained. A 1/3 octave smoothing of the amplitude
response can optionally be applied before the frequency warping.
The 1/3 octave smoothing allows to remove notches in the frequency
response that could disturb the LPC modelling operation. Moreover,
the spectrum smoothing makes the room equalizer more robust to
displacement errors and time variations of room response [3].
4. The fuzzy c-means clustering is used again to extract the com-
mon patterns of the room amplitude responses. The algorithm can
by applied by iterating equation (2) and (3), where now h, =
[[Hy (7)), |Hp(e?%2)], ..., |Hi(e?“")T, for k = 1,...,M
and the computed cluster centroids h; represents the common pat-
terns of the room amplitude responses. A prototype amplitude
response, h,,, can be obtained from the weighted mean of the cluster
centroids using (5). The prototype amplitude response represents
the room response component we want to equalize.
5. The autocorrelation function of the prototype impulse response is
estimated by inverting the squared amplitude spectrum, without the
need of estimating the prototype impulse response itself.

The other steps, 6., 7., and 8., are identical to those of Section 2.

With the proposed technique we can avoid many heavy opera-
tions performed in the approach of [1]. Specifically, the frequency
warping, which in the time domain is a very computationally in-
tensive operation, with the proposed approach is done by sampling
the amplitude frequency responses. In our experiments, we imple-
mented this operation at zero cost by simply selecting the closest
samples |H;(e?“*)| to the desired warp frequencies. The sampling
operation allows also to obtain a more compact representation of
the amplitude frequency responses, with a reduced number of sam-
ples W. Moreover, with the proposed approach the extraction of the

Table 1. Computational complexity comparison of the method of
[1] and of proposed method (I number of iteration of fuzzy c-means
algorithm).
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Fig. 3. Room amplitude frequency responses.

minimum phase component of the impulse responses is avoided and
the computation the autocorrelation of the impulse response of pro-
totype filter is done simply with an IFFT on W squared-amplitude
frequency response samples. The computational complexity of the
fuzzy c-means clustering algorithm strongly depends on the number
of iterations necessary for the algorithm convergence. In our exper-
iments, the computational complexities of the fuzzy c-means algo-
rithm performed in the frequency domain and in the time domain
were similar.

Table 1 provides the computational complexity of the method
of [1] and of the proposed method in terms of multiplications and
divisions. In the proposed method we have not taken into account
the 1/3-rd octave spectral smoothing, which cost around 0.04NW
multiplications. In the method of [1] we have also to compute M N
logarithms and M N complex exponentiations, and in the proposed
method we have also M N square-roots.

4. EXPERIMENTAL RESULTS

In this section, we provide some experimental results that compare
the performance of the proposed approach with those of [1].

Eight room impulse responses were recorded in a room of 6
m X 9 m X 3 m with an omnidirectional microphone using an in-
jected pink noise with a sampling frequency of 96 kHz and length
N = 65,536. The room responses were recorded in four separate
positions equispaced by 90 cm on a line at the room center and at
the heights of 1 m and 1.30 m. The loudspeaker was positioned in
one room corner at 1 m from the walls and at an height of 90 cm.
Fig. 3 shows the room amplitude frequency responses in the audible
band after a 1/3-rd octave smoothing. In both approaches, we set the
length of the LPC model order P = 512, the number of centroids
¢ = 3 and the small constant ¢ = 10>, and the warping parameter
A = 0.82108. In our approach, we set the warped amplitude fre-
quency response length W = 4096. The mean value of iterations
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Fig. 4. Room amplitude frequency responses after equalization

of the fuzzy c-means algorithm over 100 experiments with the same
room responses was 22 iterations with the method of [1], 32 itera-
tions with the proposed method without 1/3-rd octave smoothing of
the amplitude frequency responses before warping, and 28 iterations
with the the proposed method applying also a 1/3-rd octave smooth-
ing of the amplitude frequency responses before warping. The com-
putational cost of the equalizer design was of 1.38 E™!! multiplica-
tions for the method of [1], 1, T1ETT multiplications for the pro-
posed method without 1/3-rd octave smoothing of the amplitude
frequency responses before warping, and 2.70E ™ for the proposed
method with 1/3-rd octave smoothing. The cost in terms of divi-
sions, square roots, logarithms and exponentiations was always neg-
ligible compared with the multiplication cost. Fig. 4 shows the am-
plitude frequency responses after equalization (a) with the method of
[1], (b) with the proposed method without 1/3-rd octave smoothing
of the amplitude frequency responses before warping, and (c) with
the the proposed method applying also a 1/3-rd octave smoothing
of the amplitude frequency responses before warping. Compared
with Fig. 3, we have reduced the vertical scale in order to enhance
details visibility. In these plots, the mean value of the spectral devi-
ation measure [8, 12] in the band 100 Hz - 10 kHz was 2.8249 for
the equalization method of [1], was 2.8240 for the proposed method
without 1/3-rd octave smoothing, and was 2.9204 for the proposed
method with 1/3-rd octave smoothing, while it was 5.1267 for the
eight room responses of Fig. 3. By comparing Fig. 4.(a) and (b) ,
we see that the proposed equalizer provides performances similar to
those of [1]. Thus, the experimental results shows that the cluster-
ing algorithm applied in the frequency domain is capable to extract
the common pattern of the room responses as well as the algorithm
applied in the time domain. From Fig.4.(c), we see that also the
proposed algorithm with 1/3-rd octave smoothing provides results
similar to those of [1], with the performances that degrades a little at
high frequencies and improve at low frequencies.

5. CONCLUDING REMARKS

In this paper we have elaborated and improved the multiple posi-
tion room response equalization technique based on fuzzy c-means
clustering of [1]. Differently from the approach of [1], most of op-
erations are performed in the frequency domain. In this way, many
onerous operations performed in the approach of [1] can be avoided.
In all our experiments, the equalization performances of the pro-
posed technique have always been similar to those of the technique
of [1]. Listening tests are currently being performed with the pro-
posed equalization technique using both speech and music. The pre-
liminary results of these tests have shown that the equalizer is able
to compensate for the room resonances without introducing any au-
dible artifact in the audio signals.
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