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Abstract

In some sound reproduction applications, a desired sound field needs to be
reproduced by remote loudspeakers in a room with sufficient accuracy over
a wide frequency band. When low-frequency room modes exist and the low-
frequency content is required to be reproduced accurately, an equalization
filter with a long time-domain response may be necessary, resulting in a fil-
ter with a significantly high filter order, especially when the sampling rate
is high for the high-frequency content. This imposes computational chal-
lenges on both filter design and implementation. In this article, a convex
formulation is proposed for the wide-band sound reproduction filter design.
To address issues due to the low-frequency room modes, a reduced-order
technique is then proposed based on a sub-band filter structure where a low
sampling rate is used to equalize the low-frequency room mode character-
istics, and a high sampling rate is used for high-frequency features which
usually has a short time span in response. The computational time can be
reduced by several orders of magnitude and the numerical stability can be
improved when the proposed order reduction method is used to eliminate
redundant orders. Simulation and experimental results confirm the accuracy
and efficiency advantages of the proposed method.
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1. Introduction

In general, the purpose of room response equalization is to design equal-
ization filters for loudspeakers to produce the desired sound at particular
locations or regions in a given room environment. In typical room response
equalization scenarios, the consideration of psychoacoustic effects simplifies
the design process, as certain acoustic features may not significantly con-
tribute to human perception of sound. For example, replacing low-frequency
dominant poles with poles having smaller magnitudes reduces the extent
of oscillations[1, 2] because human perception of sound is less sensitive to
low-frequency content in general; using all-pole filters[3, 4, 5] to focus on
modeling the spectral peaks instead of notches because the spectral peaks
are more audible than the notches in human auditory systems[6], etc. How-
ever, the focus of this article centers on the precise reproduction of sound
fields within a room environment, particularly for psychoacoustic subjective
testing purposes. For an accurate assessment of human perception of sound,
it is crucial to reproduce the sound field with accuracy, rather than solely
reproducing the acoustic features previously deemed important.

One example of the aforementioned applications is the playback system
for headphone-free psychoacoustic subjective tests[7, 8]. To ensure that the
sounds being evaluated by subjects are not altered, it is crucial to accurately
reproduce all sound signal features, including content over a broad frequency
range by designing appropriate equalization filters. Those psychoacoustic
experiments are usually performed in a room that is configured to mimic
the real environment where the target sound is heard (e.g., an office, fac-
tory, or classroom environment depending on the purpose of the subjective
test)[7, 8, 9, 10, 11, 12]. A remote hidden loudspeaker away from the sub-
ject instead of a headphone is used to minimize any potential influence of
equipment appearance on the results of psychoacoustic tests. However, this
approach presents challenges due to the low-frequency room modes present
in large rooms. Consequently, the equalization filter impulse response must
have a long time span. Furthermore, the required high sampling frequency to
reproduce sound over the full audible frequency range also necessitates a large
number of coefficients for the designed equalization filters, especially when us-
ing an FIR filter structure. Another challenge of designing such equalization



filters for subjective tests is that some response constraints may be needed
in practical applications. For example, the loudspeaker should perform in its
linear response range and the equalization filter should preserve the natural
roll-off of loudspeakers at low and high frequencies[1, 13, 14]. Some subjec-
tive tests may also require the spectrum power at certain frequency bands to
be limited or accurate within a certain small error range.

The frequency domain deconvolution (FDD) method, initially proposed
by Kulp[15], is commonly used for high-order constrained filter design appli-
cations mentioned above. This method involves obtaining the reciprocal of
the room responses in the frequency domain and then applying the fast in-
verse discrete Fourier transform, which is numerically efficient even for high-
order cases. Constraining the filter responses in the frequency domain can
also be convenient in the frequency domain. However, the FDD method may
result in excessive gains and long impulse responses[l, 16]. Regularization
parameters can be added to reduce the impulse responses[17, 18] which may
sacrifice the sound reproduction accuracy in the low-frequency content. It is
later demonstrated in Section 3 that the use of FDD may cause significant
large errors in the low-frequency range.

The least-squares optimization method[l, 14, 19, 20, 21, 22, 23] is an-
other viable approach for such accurate room equalization applications, as
it typically yields an optimal equalization filter in terms of sound reproduc-
tion accuracy. However, the computational load in the filter design phase
for least-squares optimization methods can be significantly high, especially
when constraints are present. Therefore, there is a need for an efficient
least-squares optimization method. Firstly, convex optimization can be em-
ployed to improve computational efficiency. Convex optimization methods
have been widely used for efficient optimal filter design in various signal
processing applications, e.g., beamformers design[24, 25|, active noise con-
trol filter design[26, 27], source localization[28, 29, 30], hear-through filter
design(31], etc. Secondly, multi-rate approaches can be used to reduce the
number of design parameters. One sub-filter having a low sampling rate can
cover the low frequencies[1, 32, 33, 34] which usually has a long time span.
Thus, the total number of design parameters can be reduced.

In this article, a constrained equalization filter design approach using
convex optimization is proposed to efficiently design a high order and high
sampling rate equalization filter with filter responses constraints which can
be directly used to design both a single full-band filter and sub-band filter
structure. A reduced-order technique via sub-band methods is also proposed



to further reduce the computational loads by using the differences in time
domain response lengths and sampling frequencies for different frequency
bands. When multiple sub-filters are designed using the proposed method,
they are not designed separately, instead, one convex optimization problem
involving all sub-band filters is solved to achieve the optimal room equaliza-
tion performance. It is demonstrated through simulation and experimental
results that the proposed filter design method improves computational ef-
ficiency significantly and can achieve satisfactory equalization performance.
For cases where the room is large and a full audio band is required to be repro-
duced, in the solving process of designing the optimal single full band filter,
the traditional least-squares optimization method cannot converge within the
practical computational time limit (on the order of several days), however,
when the reduce order technique is applied, an equalization filter with good
performance can be designed within half an hour. Even if computational
power is not a concern, the reduced order technique can improve the nu-
merical stability by eliminating the redundant orders while the traditional
least-squares optimization method cannot converge to satisfactory filters due
to numerical issues. Compared with the FDD method, the proposed method
has better equalization performance, especially in the low-frequency range.

2. Theory

As mentioned earlier, if content in the full audio band is to be reproduced
in a relatively large room, a high sampling rate needs to be used to design
an optimal equalization filter, and a long impulse response is needed due to
the low-frequency room modes, which, inevitably, leads to a large number of
filter coefficients. If practical constraints, such as response magnitude con-
straints in particular bands, are further imposed, not only the computational
efficiency in solving the optimal filter coefficients can be low, but numerical
instability could also happen for such a large-scale problem. Convex opti-
mization is known to have good computational efficiency, thus, in Section
2.1 and 2.2, the theory of proposed convex formulation is explained under
the context of equalization filter design for both a single filter structure and
a sub-band filter structure. In Section 2.3, details of how to apply the pro-
posed sub-band-structure-based reduced-order technique to further improve
the computational efficiency are described.

It is noted that the FIR filter structure is used. Although an IIR filter
structure may reduce the filter parameters in real-time implementation, the



more complicated structure, especially the stability consideration, will make
the filter design problem more challenging. If the IIR filter structure is
preferred in such high-order applications, a common way is to design a high-
order FIR filter using the proposed method in this article first, then fit a
stable IIR filter from the pre-designed FIR filter [35].

2.1. Control system description
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Figure 1: Block diagram for designing a constrained equalization filter (a) in a full band
filter structure, (b) in a sub-filters structure.

The system block diagram of an equalization filter structure is shown
in Fig. 1(a). In the diagram, r(n) denotes the original signal that is to
be reproduced at the desired location. W is the designed equalization filter.
x(n) is the output of the filter. H is the system response between the speaker
and the listening location which includes both the loudspeaker’s frequency
response and the room response. d(n) denotes the desired signal which is



obtained by delaying r(n) by mA, where A is the sampling interval of the
original signal and m is an integer that is usually obtained through a few trails
(for the applications shown in Section 3, the value of m ranges from 12k to
20k when the sampling rate is 48 kHz). This delay mA is added to ensure
a satisfactory sound field reproduction performance if a causal equalization
filter W is applied. y(n) is the sound signal at a listening location which
should be close to the delayed desired signal (d(n)). Thus, the power of error
signals e(n) is minimized in this design problem.

To ensure that the formulated design optimization problem is a convex
problem, so that a global optimal equalization filter W can be obtained, an
FIR filter is used as the equalization filter structure. However, the number
of coefficients of this designed FIR filter, i.e., the design parameters, may be
large when the required sampling rate is high and the impulse response is
long. To reduce the computational load in the filter design process, a sub-
band filter technique can be used which is shown in Fig. 1(b). The sub-filters
1 to N are N sub-filters that can be implemented in multi-rate systems to
reduce the number of parameters in filter design as well as in the filter real-
time implementation process. The meanings of other symbols in Fig. 1(b)
are similar to those in Fig. 1(a). It is noted that, if the sub-band filters are
to be implemented in real-time filtering, the system response H should also
include the analysis filter bank and synthesis filter bank responses.

2.2. Convexr Hy/Ho formulation

The formulations for both a single filter structure and a sub-band filter
structure for the equation filter design problem are described here. Firstly,
the frequency responses of the equalization filter W in Fig. 1(a) can be ex-
pressed as

W (fi) = F(fr. fo. No) "0, (1)

where T denotes the transpose operation, f; denotes the kth frequency, w is
the coefficients of the equalization filter, f; denotes the sampling frequency
of the equalization filter, /N; denotes the number of equalization filter coeffi-
cients, and

=527 fj, (N¢—1) T

ﬁ(fky f57 Nt) = [1 e_jf‘:fk L..e  fs . (2)




For a sub-band filter structure (shown in Fig. 1(b)), the total frequency
response of all sub-filters, W ( fi), can be expressed as

N N

W)=Y Wilf) =D |1 e 7% . o @, @)

i=1 =1

where w; is the coefficients of the ith sub-filter, and f,, is the sampling
frequency of ith sub-filter. It is noted that the Eq. (3) can be rearranged to

W(fi) = F(fi) ", (4)
where .
= F(fkafantl) . U_jl
F(fi) = : ,ow= | (5)
ﬁ(fk‘?fSN7NtN) u_;N

and V;, is the number of coefficients of the ¢th sub-filter. By comparing
Eq. (1) and Eq. (4), it is obvious that the formulation to design the sub-
filters (Fig. 1(b)) is equivalent to that for a single filter (Fig. 1(a)), if the

modified Fourier transform kernel, F (fx) is used. And designing a full-band
filter is essentially a special case of this sub-filter approach. Then, the Hy/H,
formulation used in designing a single full-band equalization filter (Fig. 1(a))
can be applied directly to the design of equalization sub-filters (Fig. 1(b)).
Thus, the rest of the descriptions in this subsection applies to both a single
full-band filter structure and a sub-band filter structure.

The objective function J (15) can be specified to minimize the total power
of error signal e(n) at all desired frequencies:

J(@) =Y J, (6)

where Ny denotes the total number of frequencies considered in the desired
equalization frequency band, and J is the expected power of error signal at
the k-th frequency fi, ef(fi) (the subscript f is used to denote the frequency
domain of the associated signal). For convenience, the frequencies can be
equally spaced. However, non-uniform frequency resolution is also possible if
needed. The Ny should be large enough compared with the filter order (i.e.,



the number of variables in the optimization problem) to prevent overfitting.
Ji can be expressed as [36, 26]

Jo = E (les (o))
=E (|ds(fx) — yr(fe)]?)
= B (e 2 (fi) = H(f)W (fi)rs (i) ) ")
= (1= 2R (HOW (f)e 2 m) 4 [H(fo) IV (f)l) Ser

where S, is the auto spectral density function of the signal 7(n), R denotes
taking the real part of a complex-valued number. Minimizing the error sig-
nal power instead of directly inverting the room responses can inherently add
higher weightings to frequencies having higher desired sound power. Equa-
tion (7) can be further reformulated as a standard convex quadratic function
(See Appendix in Zhuang and Liu’s previous work[26] for detail)

Ji = 0 AS ()@ + B (Fe) 0 + Sy fi). (8)
where . .
As(fe) = IHUPS (R (PR F(A)T)
By(fi) = =28, (fo)R (H(f)e 2 F(£))

and * denotes the complex conjugate operation.
In practical applications, constraints may be imposed on the amplitude
of the equalization filter response at various frequencies:

W(fi)|* < Cfi), (9)

or sub-filters’ responses:

(Wi(fi)|* < Ci(fe), (10)

are sometimes needed to ensure loudspeakers operate in their linear response
regions, or, if a sub-band filter structure is used in real-time implementation,
to ensure each sub-band filter has proper roll-off response characteristics in
their transition bands. The C(f;) and C;i(f,) are nonnegative constants
specified according to the required magnitude constraints. Equations (9)
and (10) can be reformulated as standard convex quadratic inequalities:

G (F(fo)" F(f)") @ = C(fi) <0 (11)
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R (F(fis fors N F(fos fors M) ) 0 = GF) SO (12)

Sometimes, a constraint on the allowed maximum error can be applied to
enforce the sound field reproduction accuracy being within prescribed bounds
at particular frequencies:

Jr < B(fk), (13)

where B(fy) is the prescribed square error bound. Equation (13) can also be
reformulated into a standard convex quadratic function as [36, 26]

T AT+ BE)E + S (fi) = BUf) <0, (14)

where A (fi) and b are defined in Eq. (8).

By using Eq. (6) as the objective function, Eq. (11) (12) (14) as the
constraints, the convex optimization for designing the equalization filter (for
either a single full band filter or a sub-band filter structure) using the Hs/H,
formulation can be written as

Ny Ny Ny
min. @" Y " AS(f)d + Y BI(f)E+ > Sl fi)
v k=1 k=1 k=1
st. w'R (F(fk)ﬁ(fk)H> w— C(fp) <0, for required f;
w; R

(ﬁ(fmfsi, Ny,) _»(flm fsis Nti>H> w; — Ci(fr) <0, for required f; and i
( =

WA (fi)d + BY(fi)d + Ser(fr) — B(fi) <0, for required fi.

(15)
This convex optimization problem can be reformulated to a cone program-
ming problem which is one type of convex optimization problem and it can
be solved efficiently by suitable convex optimization toolboxes [37, 38] or by
primal-dual interior-point methods that are designed for cone programming
problems [39, 40, 41, 42]. Demonstration of efficiently solving a similar op-
timization can be referred to Zhuang and Liu’s previous work [26] in which
the computational time is improved by several orders.

2.3. A reduced-order technique

Although some efficient algorithms, such as primal-dual interior-point
methods designed for convex programming, can be applied to efficiently solve
the optimization Eq. (15), the computational load can still be significant if
the designed equalization filter has a large number of coefficients due to high

9



sampling frequency and long impulse response time. When sound repro-
duction is performed in a large room, the impulse response length is long
mainly due to low-frequency modes in the room response, a sub-band filter-
structure-based reduced-order technique is proposed in this section to further
reduce the number of filter parameters to be calculated in the optimal filter
design process.

wy(n)t

w(n) —

/ T1fsln

VI\V/\ VAV’-‘: 5 n X
| \ T.f., w;(n)

M, n

M,
1

=

Figure 2: An illustration of dividing an equalization filter into two sub-filters with different
impulse response lengths and sampling frequencies.

In large room sound reproduction applications, although the desired equal-
ization filter has a long impulse response and high sampling frequency, the
higher frequency information is usually concentrated in a short time span.
This implies that, if the equalization filter to be designed includes several
sub-band filters, only sub-filters at low frequencies (which are to equalize the
room response features that are dominated by low-frequency room modes)
have long impulse response times, while the sub-filters in high-frequency
sub-bands may only have a short impulse response time length. Order re-
duction can then be achieved by using a low sampling rate for low-frequency
sub-filters that have long response times, while a high sampling rate for high-
frequency sub-filters with short response time length. An illustration of this
is shown in Fig. 2, where w(n) represents the desired full band equalization
filter whose length is 7} and a high sampling frequency, fs,, has to be used
to effectively reproduce the high-frequency content; w;(n) represents a sub-
filter that has a longer length 7} but with a lower sampling frequency fs,,
and wq(n) represents a sub-filter that has a shorter length 75 and higher
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sampling frequency fs,. It is also noted that if the loudspeaker is at a dis-
tant location from the listening location, the high-frequency sub-filter ws(n)
may exhibit a pure time delay behavior due to the large added delay (i.e.,
mA in Fig. 1), which, in Fig. 2, corresponds to the zero response in impulse
response before the time M;. The parameter M; can be estimated to be the
difference of added delay (mA in Fig. 1) and the time for sound propagating
from the loudspeaker to the listening location. Once the time delays M; is
estimated, there is no need to have undetermined filter coefficients in wy(n)
before M;, which is an additional order reduction. Due to the existence of
low-frequency room modes in a relatively large room, 77 > T5 and f,, < fs,,
this then suggests that the required number of design parameters for a sub-
band structure, 11 f5, + T fs,, is much smaller than that for a full band filter
structure, T fs, .

The implementation of this reduced-order technique is convenient if the
convex formulation in the previous subsection is used. For example, when im-
plementing the reduced-order technique for the case in Fig. 2, the only formu-
lation that needs modification is the Fourier transform vector F(fi, fs,, T1fs, )
associated with the sub-filter wq(n). More specifically, the Fourier transform
vector F (fx, [ss, T1fs,) should be modified to a reduced-order Fourier trans-
form vector ﬁr(fk, fosn, My, Ms):

—j2m i My —j2ﬂka12:|T
)

Fr(flmfstl’MQ) =le 2 .. e Je (16)
which is mathematically equivalent to assuming the impulse response for the
sub-filter wy(n) before time M,/ fs, is zero. Thus, the designed parameters
can be significantly reduced to reduce the computational load and avoid
potential numerical instability issues for large-scale optimization problems.

In practice, the approximate choice of fs, can be obtained by checking
the room impulse responses to see above what frequency the response tends
to be concentrated in a small time interval.

3. Results

3.1. Simulation results

3.1.1. Simulation setup and simulated responses
To investigate the proposed filter design approach. Rooms of two differ-
ent sizes (denoted as “small room” and “large room”) are simulated using

11
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Figure 3: An illustration of setups for simulating (a) the small room and (b) the large
room. The stars represent the source and the circles represent the listening location. (Unit:
meters)

the image sources method. The dimensions of the simulated small room are 8
meters in length, 5.3 meters in width, and 4 meters in height. And the dimen-
sions of the simulated large room are 16 meters in length, 10 meters in width,
and 5 meters in height. In both rooms, the frequency-dependent reflection
coefficients of each surface are obtained by assuming the floor is carpeted on
concrete and all other surfaces are acoustic tiles on rigid surfaces[43]. The
speaker is assumed to be a monopole positioned at a corner 0.5 meters away
from the floor and the other two surfaces. The listening location is assumed
to be 1 meter in height and 1 meter away from both surfaces. The illustration
of setups for the two simulated rooms is shown in Fig. 3. The white noise
is used as the desired sound clip to show the equalization performance when
equal weighting is applied to all frequencies.

The impulse responses and the frequency responses of the paths from the
speaker input to the listening location in two simulated rooms are shown
in Fig. 4. A point-wise smoothing was implemented with a moving Hann
window which covers a one-third octave band centered on the frequency
8, 44]. From Fig. 4(a)(c), the high-frequency content is concentrated in
a narrow time-domain region while the low-frequency content spreads out
over a long time span. This is one of the key motivations in the proposed
reduced-order technique using sub-band design. In the frequency response,
“True responses” demonstrates the actual simulated results while the “Used
responses” demonstrates the responses used to design filters. The only dif-
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Figure 4: Impulse responses and frequency responses of the room response (the path from
the speaker input to the listening location). (a): impulse responses in the small room case;
(b): impulse responses in the large room case; (c): frequency responses in the small room
case; (d): frequency responses in the large room case.

ference between the “True responses” and the “Used responses” is that the
“Used responses” have higher responses towards the cut-off frequency to give
a better roll-off in the designed equalization filter.

3.1.2. Comparison of room equalization performance in simulated room cases

To design the equalization filters, the sampling rate for the full-band filter
is 48 kHz, and the sampling rates for the two sub-filters are 2.4 kHz and 48
kHz for all simulated room cases. The test signal is white noise. The delay
added is 0.3125 s (i.e., m = 15000) in the small room case and 0.2625 s (i.e.,
m = 12600) in the large room case for both methods. The high-sampling-
rate sub-filter Wy starts at 0.25 s (i.e., M; in Fig. 2 is 12000) for the small

13



Table 1: Comparison of the number of design parameters using the traditional least-squares
optimization method and the proposed method in small room case.

Traditional Method

Proposed Method

sub-filter 1 sub-filter 2

Time length (s)
Sampling rate (kHz)
Filter order

0.5
48
24000

0.5 0.05
24 48
1200 2400

Table 2: Comparison of the number of design parameters using the traditional least-squares
optimization method and the proposed method in large room case.

Traditional Method

Proposed Method

sub-filter 1 sub-filter 2

Time length (s)
Sampling rate (kHz)
Filter order

0.9
48
43200

0.9 0.06
2.4 48
2160 2880

room case and starts at 0.16 s (M; = 7680). Frequency response magnitudes
are constrained to prevent excessively large amplification at very low and
high frequencies by using the response magnitude constraints Eqs. (11) (12).
The filter orders using the proposed reduced-order technique and traditional
least-squares optimization methods are compared in Table 1 and Table 2.
From the tables, the total number of filter orders is reduced from 24000 to
12004-2400 = 3600 (i.e., 85% reduction or around 6.5 times smaller) in the
small room case and from 43200 to 216042880 = 5040 (i.e., 88.3% reduction
or around 8.5 times smaller) in the large room case. This significant reduction
in the number of design parameters can reduce the filter design solution
time by several orders of magnitude. The required computational time is
plotted in Fig. 5. Compared with 25 hours of computational time using the
traditional method using filter order 24000, the proposed method requires
only 10 minutes because the filter order can be reduced to 3600. In Fig. 6, it
demonstrates that when a low-order traditional method is used (either order
of 3600 or 7200), the equalization performance is poor compared with the
proposed method (order of 3600). Even if the computational time is not a
concern, directly using the high-order traditional method (order of 24000) is
not reliable because numerical issues may happen when excessive redundant
information is present [27]. In the case of using an order of 24000, Fig. 6

14
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Figure 5: A comparison of required computational time for the traditional and proposed
methods applied to the small room case.

shows that the traditional method cannot converge to satisfactory results
in practice. Thus, the proposed order reduction method can improve the
numerical stability.

The designed equalization filter using the traditional FDD method and
the proposed method is compared in Fig. 7. The designed two sub-filters
using the proposed method are also shown in Fig. 7(a)(b). Although the
designed equalization filters are similar using the two approaches over a wide
range of frequencies, the proposed method has a significantly better equal-
ization performance at the low-frequency range which is shown in Fig. 8.
In Fig. 8(c)(d), the frequency responses after combining the designed equal-
ization filters with the room responses are demonstrated. Ideally, it should
be 0 dB across the audible frequency range. The equalization performance
using the FDD has larger variations compared with the proposed method be-
cause the proposed method gives the optimal equalization filters for the same
equalization filter length. The simulated reproduced sound power spectral
density (PSD) is also shown Fig. 9.

3.2. Ezxperimental results

In this section, the proposed equalization filter design approach is applied
to a sound playback system for a psychoacoustic subjective test in an actual
large room, which requires the sound clip being tested to be reproduced
accurately for a wide frequency band at the listening location[8].
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Figure 6: A comparison of equalization performance for the traditional and proposed
methods applied to the small room case.

3.2.1. Ezxperimental setup and measured responses

Since the objective of this particular psychoacoustic test is to evaluate
office noise, an office mock-up was set up to create a natural testing environ-
ment for subjects. The desired sound to be reproduced is the background
noise measured in an actual office environment[8]. The prefiltered sound clip
is played by a hidden distant speaker and the desired sound should be re-
produced at the listening location. Hidden loudspeakers are used to ensure
that the sound evaluation is not influenced by the subjects’ perceived cue
that sound is artificially generated by an audio system. The dimensions of
the room are 13.1 meters in length, 8.5 meters in width, and 6.7 meters in
height. Figure 10(a) shows the layout of the experimental setup including
the listening location and the speaker location, and Figure 10(b) shows a
picture of the listening location. Because there is sound scattering and ab-
sorption from multiple objects, such as the partitions and tables, the sound
field reproduction is more complicated compared with that in an empty room
if an accurate sound field reproduction performance is required. Since the
listening location is fixed in the room and it is not likely to have a large
variation in subjects’ head position and orientation, the requirement of re-
producing the sound at a particular location is considered to be sufficient for
this application. Also, no artificial head or torso is involved in measurement
related to the sound reproduction system, since the binaural effect will occur
naturally due to head and torso scattering when a subject is sitting at the
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Figure 7: The comparison of the designed equalization filter using the frequency-domain
deconvolution (denoted as “FDD” in the plot) and the proposed method in time and
frequency domain. (a): time domain for the small room case; (b): time domain for the
large room case; (c): frequency domain for the small room case; (d): frequency domain
for the large room case.

17



1 1 |
1
———"— —FDD

2 - - -Proposed 3 - - ~Proposed
c c

g 8

g 0.5} § 0.5

® o

0 0

S S

o a

£ £

- 0 - 0

0 0.2 0.4 0.6 0.8 1 0 0.2 0.4 0.6 0.8 1
Time - s Time - s
(a) (b)
m m
it ] 5 —re
[0} =—==Proposed o a0, - | Proposed
20 1 So MW.. |
T LIS L AMIaas -
< 10? 103 10 < 102 10° 10t
Frequency - Hz Frequency - Hz
.g x10% .E x10*
g 0 i g 0
D27 1 )
B -at ] @
s ‘ ‘ g4 ‘ ‘ ‘
o 10? 103 10 T 102 10° 104
Frequency - Hz Frequency - Hz

(©) (d)

Figure 8: The comparison of the convolution result of impulse responses and the multipli-
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the frequency-domain deconvolution (denoted as “FDD” in the plot) and the proposed
method. (a): impulse responses in the small room case; (b): impulse responses in the
large room case; (c): frequency responses in the small room case; (d): frequency responses
in the large room case.

listening location in the reproduced sound field.

The playback system that produced the filtered sound clip consists of
a LynxONE sound card, a Furman SP20AB amplifier, and a loudspeaker
(ALTEC N1201-8A). The frequency response function from the computer
output signal to sound pressure at the listening location was measured by
collecting the input and output signals and computing the cross-spectral
density function between input and output signals and the power spectral
density function of the input signals using Welch’s method. A point-wise
smoothing was then implemented with a moving Hann window which covers
a one-third octave band centered on the frequency [8, 44]. The measured
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Figure 9: Comparison of power spectral density (PSD) of reproduced signal and desired
signal at listening location for simulated (a) small room and (b) large room cases.

impulse response can be obtained by doing an inverse Fourier transform
of the computed frequency response. The measured impulse response and
the frequency response of the paths from the speaker input to the listening
location in this room setup are shown in Fig. 11. From Fig. 11(a), it is
clear that the high-frequency content is concentrated in a narrow time span
while the low-frequency content spreads over a wide time span. Similar to
the simulation case, the modified response (“Used responses”) is used in the
design phase instead of the “True responses” to get a better roll-off towards
the cut-off frequency.

3.2.2. Comparison of room equalization performance for the actual room case

Table 3: Comparison of design parameters using different methods.

Direct Method Proposed Method
sub-filter 1 sub-filter 2
Time length (s) 0.8 0.8 0.0628
Sampling rate (kHz) 48 2.4 48
Filter order 38400 1920 3000

To design the equalization filters, the sampling rate for the full-band filter
is 48 kHz, and the sampling rates for the two sub-filters are 2.4 kHz and 48
kHz. The desired sound clip was an ambient broadband noise measured in
an office space. The delay added is 0.4167 s (i.e., m = 20000) for both meth-
ods. The high-sampling-rate sub-filter W5 starts at 0.33 s (i.e., M; in Fig. 2
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path from the speaker input to the listening location).

is 16000). Frequency response magnitudes are constrained to prevent exces-
sively large amplification at very low and high frequencies. The filter orders
using the proposed reduced-order technique and traditional least-squares op-
timization methods are compared in Table 3. From the tables, the total
number of filter orders is reduced from 38400 to 192043000 = 4920 (i.e.,
87.2% reduction or around 8 times smaller). Similar to the simulated room
cases, this significant reduction in the number of design parameters can re-
duce the filter design solution time by several orders of magnitude from days
to below half an hour.

The designed equalization filter using the traditional FDD method and
the proposed method is compared in Fig. 12. For this complicated room en-
vironment, the difference in the designed equalization filters in the frequency
domain is more obvious compared with the simulated room cases in Fig. 7.
In Fig. 13, the impulse responses and frequency responses after combining
the designed equalization filters with the room responses are demonstrated.
The complicated room environment setup further increases the required filter
length which makes the FDD method perform worse. Also, the complicated
real-life noise in office setup has large power level variations across the audi-
ble frequencies. Compared with the FDD method, the use of the proposed
method inherently adds higher weightings to frequencies having higher de-
sired sound power. The proposed method has very small variations around
0 dB across the audible frequency range (within 2 dB variations). However,
the FDD method may have variations up to 20 dB which is not suitable for
this psychoacoustic testing.
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Figure 12: The comparison of the designed equalization filter using the frequency-domain
deconvolution (denoted as “FDD” in the plot) and the proposed method in (a) time and
(b) frequency domain.

The simulated sound reproduction performance is shown in Fig. 14 and
the experimentally measured sound reproduction performance is shown in
Fig. 15(a). In Fig. 14, compared with the reproduced signal without using
an equalization filter, the reproduced signal after using the equalization filter
designed by the proposed method is much closer to the desired signal. To
further confirm the sound field reproduction performance, the sound pres-
sure level (SPL) of the desired signal and the reproduced signal measured
in the experiment are compared in Fig. 15(a). In the experiment, the re-
produced signal after using the equalization filter designed by the proposed
method is still close to the desired signal. Thus, the sound field reproduction
performance of using the proposed equalization filter design method is exper-
imentally validated. To show the spatial variations of the reproduced sound
signal using the proposed method, the measured SPL at three locations 10
cm to the left of, to the right of, and behind the listening location (i.e.,
the location where measurement was conducted) are shown in Fig. 15(c)-
(d). Given that human subjects are seated in front of a table, 10 cm can
be considered a relatively large distance for the purpose of this study, as
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Figure 13: The comparison of (a) the convolution result of impulse responses and (b)
the multiplication of frequency responses of the designed equalization filters and room
responses using the frequency-domain deconvolution (denoted as “FDD” in the plot) and
the proposed method.

head movement is typically limited. In Fig. 15(c)-(d), the equalization per-
formance is still satisfactory for a wide range of frequencies except for some
spikes and notches due to the change of low-frequency room modes which is
typical for a least-squares optimization-based local sound field reproduction
method.

4. Conclusion

In this article, a convex formulation for designing a constrained equal-
ization filter for local sound field reproduction using Hs/H,, formulation
is proposed. This formulated optimization problem can be solved by some
computationally efficient optimization algorithms. Either the design of a full
band equalization filter or the design of multiple sub-filters can be formulated
in a similar way by using this method. Multiple sub-band filters can be de-
signed simultaneously by solving one convex optimization problem such that
the total sound field reproduction performance can be optimal. Constraints
on the frequency responses of each sub-band filter and the total equalization
filter effect can be specified in a convenient way. A reduced-order technique
by using the sub-band filters is also proposed to further reduce the number of
filter design parameters. The order reduction performance of this sub-band
structure is particularly effective for sound reproduction by remote loud-
speakers in a relatively large room. In this order reduction method, filters
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for low-frequency sub-bands, which are to equalize room response features
dominated by low-frequency room modes, can be designed using a low sam-
pling rate, while the high-frequency sub-band filters usually only have short
impulse response time length and can be designed using a high sampling
frequency.

The proposed method was investigated in simulated room cases and an
experiment with a playback system for psychoacoustic subjective tests. Re-
sults show that, by using the proposed method, the desired sound signal
can be reproduced at the required location successfully. Compared with the
traditional least-squares optimization methods, the use of a reduced-order
technique can result in a satisfactory sound field reproduction performance
while reducing the number of required design parameters significantly. This
reduction in the number of design parameters can reduce the computational
time from the order of days to within half an hour. The elimination of re-
dundant orders using the proposed reduced-order technique can also improve
numerical stability. Compared with the traditional frequency domain decon-
volution methods, the proposed method has a better sound reproduction
accuracy at the low-frequency range. The sound reproduction performance
is also measured at locations 10 cm to the left of, to the right of, and be-
hind the listening location (measuring location) to demonstrate the spatial
robustness of the proposed method.

With the recent trend of studying psychoacoustic effects in office or fac-
tory environment|7, 8, 9, 10, 11], the proposed method can be applied to
efficiently design equalization filters for these studies. Precise reproduction
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Figure 15: Comparison of experimentally measured sound pressure level (SPL) at (a)
listening location and location 10 cm to the (b) left of, (c) right of, and (d) behind the
listening location. The subfigures (b) — (c) are used to demonstrate the spatial variations
after equalization

can reduce the bias in the sound perception study and the improvements
in computational efficiency can shorten the research cycle. The proposed
method can also be applied to obtain better acoustic environments such as
in virtual conference rooms, etc. In the future, the automatic choice of filter
lengths, the number of subbands, and the sampling frequency for each band
based on the impulse responses of rooms can be investigated.
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