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ABSTRACT
Low frequency room acoustic equalization is an extremely chal-
lenging problem to solve with realizable digital equalization filters.
In this paper we propose a cascaded FIR solution, using a pattern
recognition technique, for multiposition room equalization at low
frequencies. The cascaded FIR solution allows for a real-time im-
plementation of realizable filters whereas the pattern recognition ap-
proach captures the variabilities in room acoustics between differ-
ent listening positions for multiposition equalization. We compare
the results with the popular warping with low order spectral model-
ing approach, as well as with the multirate approach. The proposed
method outperforms both the warping based and the multirate meth-
ods as can be evidenced through published data.

I. INTRODUCTION

Room equalization has traditionally been approached as a classic
inverse filter problem. Although this may work well in simulations
or highly-controlled experimental conditions, once the complexities
of real-world listening environments are factored in, the problem be-
comes significantly more difficult. This is particularly true for small
rooms in which standing waves at low frequencies cause significant
variations in the frequency response at the listening position. A typ-
ical room is an acoustic enclosure that can be modelled as a linear
system whose behavior at a particular listening position is character-
ized by an impulse response, h(n); n ∈ {0, 1, 2, ...}. This is gen-
erally called the room impulse response and has an associated fre-
quency response, H(ejω), which is a function of frequency. Gener-
ally, H(ejω) is also referred to as the room transfer function (RTF).
The impulse response yields a complete description of the changes
a sound signal undergoes when it travels from a source to a receiver
(microphone/listener). The signal at the receiver consists of direct
path components, discrete reflections that arrive a few milliseconds
after the direct sound, as well as a reverberant field component. In
the frequency domain, the RTF shows significant spectral peaks and
dips in the human range of hearing (i.e., 20 Hz-20 kHz) causing au-
dible distortions at the listener position. In addition, it is well estab-
lished that room responses change with source and receiver locations
in a room [1], [2]. In other words, a room response can be uniquely

defined by a set of spatial co-ordinates li
∆
= (xi, yi, zi). This as-

sumes that the source is at origin and the receiver i is at the spatial
co-ordinates, xi, yi and zi, relative to a source in the room.

Clearly, the magnitude response variations in the RTF at a loca-
tion need to be compensated (equalized). In addition, the variations
in the RTF’s, at different locations, in a room also need to be com-
pensated. Accordingly, in our previous papers [3], [4], [5], we pro-
posed several approaches for designing a multiple location/listener

(viz., multiposition) equalization filter. The approaches ranged from
using psychoacoustic warping where the equalization filter was de-
signed on a warped frequency axis (i.e., the perceptual Bark scale)
of the room response function with a lower order model (viz., LPC),
to a multirate approach designed for low frequency equalization. In
this paper we present an alternative approach for multiposition low
frequency equalization and demonstrate its improvement over the
warping/low-order modeling approach, as well as the multirate ap-
proach.

In the next section, we briefly describe the concept of multichan-
nel and multiple listener room response equalization. We will also
review the concept of fuzzy c-means clustering and its use for mod-
eling the variabilities of room acoustics between multiple locations
(viz., multiple listener positions). We also present some basic infor-
mation of prior approaches for equalization (viz., the warping/low-
order modeling and the multirate). In Section 3 we present the pro-
posed cascaded FIR and clustering approach for low frequency mul-
tiple listener room response equalization. Results, including com-
parisons to the warping/low-order modeling and the multirate ap-
proach, are presented in Section 4. Section 5 concludes the paper
and proposes future directions.

II. ROOM ACOUSTICS AND MULTIPLE LISTENER
EQUALIZATION

II-A. Room Acoustics

Thus, audio signals delivered in each channel to an appropriate
loudspeaker are radiated into the environment via the loudspeaker.
However, the signal delivered to a listener’s ear is not a faithful re-
production of the signal delivered to each of the loudspeaker. In
fact, the audio signal is first affected by the acoustic properties of the
loudspeaker (i.e., the loudspeaker frequency response) and the room
acoustical properties (viz., the absorption characteristics of walls and
floors, multi-path reflections from walls, the position of the loud-
speakers and the listeners, room standing wave modes governed by
the dimension of the rooms and the wavelength of sound). Thus, the
non-ideal loudspeaker response (viz., non-flat magnitude response)
and the effects of the room introduce distortion to the the audio sig-
nal. The problem is further compounded since different listeners are
seated at different positions, and differences in the arrival of sound
at different listeners will introduce different distortions at these lis-
teners.

II-B. Multiple Listener Equalization

The position of the multiple-listener equalization filters in the
playback chain is shown in Fig. 1. The goal of the equalization
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filter for each channel is such that the response at all listening po-
sitions is near flat in the frequency domain in a region of interest
(e.g., between 20 Hz and the crossover frequency for the subwoofer
channel).

II-C. Pattern Recognition for Multiposition Response Modeling

In previous papers [3], [4], [6] we have a proposed a pattern recog-
nition technique, the fuzzy c-means clustering algorithm, for captur-
ing the variabilities of loudspeaker-room acoustics between multiple
positions. Broadly speaking, clustering procedures yield a data de-
scription in terms of clusters having centroids or prototypes. The
clusters are formed from data points (room responses in the present
case) having strong similarities. Clustering procedures use a cri-
terion function, such as a sum of squared distances from the pro-
totypes, and seek a grouping (cluster formation) that extremizes a
criterion function.

A cluster room response prototype is a generalized representa-
tion of the room responses that are grouped in the cluster, and the
prototype plays a fundamental role in the proposed multiple-listener
equalization technique.

In fuzzy clustering, a room response hj may belong to more than
one cluster by different “degrees”. This is accomplished by a con-
tinuous membership function- µi(hj) ∈ [0, 1]. The motivation for
using the fuzzy c-means clustering approach can be best understood
from Fig. 2, where the direct path component of the response as-
sociated with listener 3 is similar (in the Euclidean sense) to the di-
rect path component of the response associated with listener 1 (since
listener 1 and 3 are at same radial distance from the loudspeaker).
Furthermore, it is likely that the reflective component of listener 3
response may be similar to the reflective component of listener 2
(due to their proximity). Thus, it is clear that if responses 1 and 2 are
clustered separately, then response 3 should belong to both clusters
to some degree. Thus, this clustering approach permits an intuitively
reasonable model for prototype formation.

It can be shown that the centroids (prototypes) and membership
functions are given by

ĥ
∗
i =

∑N
k=1(µi(hk))2hk∑N

k=1(µi(hk))2

µi(hk) = [

c∑

j=1

(
d2

ik

d2
jk

)]−1 =

1
d2

ik∑c
j=1

1
d2

jk

;

d2
ik = ‖hk − ĥ

∗
i ‖2 (1)

i = 1, 2, ..., c; k = 1, 2, ..., N

where ĥ
∗
i denotes the i-th cluster room response prototype, and

the room responses are of length P . In this paper the responses
were measured in a reverberant room with a reverberation time
T60 = 0.125 seconds and hence, at a 48 kHz sampling rate, the
room responses were of length 8192 samples so as to capture the
reverberant portion of the response.

Once the prototypes are formed, it is required that they be com-
bined to form a single final prototype which can be inverted to form
the equalization filter. One approach to do this is by using the fol-
lowing non-uniform weighting model:

hfinal =

∑c
j=1(
∑N

k=1(µj(hk))2)ĥ
∗
j∑c

j=1(
∑N

k=1(µj(hk))2)
(2)

II-D. Warping/LPC-based Lower-order Equalization Filters

The prototype is of length 8192 samples and hence needs to be
modeled by a lower-order response at which point this lower-order
response can be inverted and used as an equalization filter for real-
time applications.

We have presented a warping/fuzzy-clustering/LPC method for
designing filters with low order [3] based on psychoacoustic warp-
ing. The algorithm that was used for designing the lower order equal-
ization filters is shown in Fig. 3. The method works very well for
frequencies above 100 Hz with 512 taps of an FIR filter. However,
subwoofer-room responses at low frequencies (viz., below 100 Hz)
cannot be equalized satisfactorily with this method. For example,
Fig. 4 shows five subwoofer and room responses, for speaker A,
measured in a reverberant room (dashed lines), whereas the result-
ing equalized responses after applying a 512-tap FIR filter, designed
using the approach of Fig. 3, are shown as solid lines. Clearly, a lim-
ited performance can be expected with this approach as the plots are
not sufficiently flat over the low-frequency region of interest. Hence
a multirate approach was proposed in [5] for equalizing the low-
frequency subwoofer-room responses.

II-E. Multirate-based Low-frequency Equalization Filters

The clustering algorithm was used for low frequency equaliza-
tion by utilizing multirate signal processing techniques. Specifically,
each of the low frequency room responses hk(k = 1, 2, ..., 6), of
length 8192 samples at 48 kHz sampling rate, is filtered by a dec-
imation filter having a sampling rate of about 400 Hz for targeting
the low frequency region (utpo about 200 Hz). Each of the room
responses had a length of 8192 × 400/48000 ≈ 64 taps. The fuzzy
c-means clustering algorithm was then applied after decimation to
give a prototype. Finally, the minimum phase part of the 64 co-
efficient prototype was inverted to give the equalization filter. The
resulting equalized responses, for speaker A, are shown in Fig. 5 and
are relatively flatter in the low-frequency region.

III. CASCADED FIR FILTERS FOR LOW FREQUENCY
EQUALIZATION

A sufficiently high order LPC technique provides an effective
low frequency response model. An example of a p = 1024 or-
der LPC model of a full-range subwoofer response (i.e., a response
measured without any bass-management) is shown in Fig. 6. Be-
cause, the number of coefficients that form the equalization filter
is large (viz., 1025 for a 1024 order LPC), it is possible to “com-
press” the number of coefficients to target modelling of only the
low frequency region of the subwoofer-room response. This can be
achieved by first determining the 1024 poles of the LPC model of
the cluster centroid hfinal, then determining only those Q poles that
contribute to the low-frequency model, forming the complex con-
jugate pair of each of the low-frequency poles to form a second-
order denominator polynomial for each low-frequency pole, form-
ing the second-order numerator polynomial from the denominator
polynomial corresponding to each of the stable poles, and forming
the Q-cascade of these second-order numerator polynomials or FIR
coefficients. The factorization of such high-order polynomials, into
roots, involves optimization techniques that are computationally in-
tensive. Fox et al. [9] present the Horner’s method of evaluating
and deflating polynomials which is a much faster technique than the
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eigenvalue method of a companion matrix (for e.g., the roots func-
tion in Matlab). We have used this method for finding the roots of
the polynomial associated with the 1024-order LPC. The flow chart
for the algorithm is shown in Fig. 7, whereas the block diagram for
the cascade FIR equalization filters, Hi(z) is shown in Fig. 8, where
Hi(z) = z2 − 2�{zi}z + |zi|2. Fig. 9 shows one set of results
using this method with the subwoofer-room response for speaker A,
and Fig. 10 shows another set of results for speaker B with Q = 15.
Figs. 11 and 12 show results obtained for the subwoofer-room re-
sponse of speaker B using the warping/LPC and multirate method,
respectively. The proposed cascade FIR method gave the best results
as the equalization curves are flatter over the multirate and warp-
ing/LPC methods.

IV. CONCLUSIONS

In this paper, we presented a cascaded FIR method for low
frequency subwoofer-room response multiple listener equalization.
The proposed method outperforms the multirate and warping/LPC
based multiple listener equalization methods at low frequencies. Fu-
ture work will involve a combination of warping, pole-modeling, and
only unwarping the low-frequency poles. This will allow faster re-
alizations, due to lesser number of cascaded filters, as it is a well-
established fact that warping significantly reduces the number of
LPC coefficients required to represent the spectrum.
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Fig. 4: Warping/LPC based subwoofer A equalization.
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Fig. 5: Multirate subwoofer A equalization.
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Fig. 9: Cascade filtering results for subwoofer A.
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Fig. 10: Cascade filtering results for subwoofer B.
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Fig. 11: LPC/warping results for subwoofer B.
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Fig. 12: Multirate results for subwoofer B.
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