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ABSTRACT

In the present paper, we examine the development of a high-
quality acoustics system called the Sound Field Generation
System (SFGS) using a Power Envelope Inverse Filtering
(PEIF) proposed by the authors. PEIF is used for pre-
processing of the SFGS, and we quantitatively evaluate SFGS
using a real signal. When the output signal of SFGS is re-
produced in the reproduction field, the effect of the SFGS
is diminished due to the impulse response of reproduction
field that is added to the created SFGS signal. Therefore, we
attempted to reduce the influence of the reproduction field
using a PEIF. In the experiment, we used five signals, namely,
male speech, female speech, male vocal with music, female
vocal with music, and classical music, and these signals
were processed by computer simulation. We evaluated these
signals by objective evaluation and subjective evaluation.

In the objective evaluation, we obtained an improvement
in SFGS for the results ranging from approximately 1 dB to
2 dB under 4 kHz, and up to 5 dB above 4 kHz. In the sub-
jective evaluation, we obtained an improvement of approxi-
mately 10% to 60% in an experiment involving 52 subjects.
These improvements are significant.

Index Terms— Acoustic fields, Audio systems, Architec-
tural acoustics, Acoustic filters, Signal processing

1. INTRODUCTION

The quality of sound is influenced by echoes generated by the
space in which sound is heard. However, repairing or mod-
ifying existing concert halls is expensive and it is therefore
desirable to control the sound by electric means.

In recent years, higher Active Field Control (AFC) has be-
come possible due to progress in acoustic techniques intended
to improve the sound field and expand the functionality of
a concert hall [1]. The representative control technique is a
Sound Field Generation System (SFGS). The SFGS is widely
used due to low cost and ease of use. SFGS is a system that
creates reverberant sound by adding impulse responses of op-
tional spaces using a convolution. The SFGS is able to func-
tion in real time with practically no signal delay. However,
when we use the SFGS in an existing hall, the effect of the
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SFGS decreases due to the influence of the reproduction field
added to the created signal. Specifically, the optional impulse
response of the SFGS and the impulse response of the repro-
duction field are convoluted twice. As a result, the intelligibil-
ity deteriorates, echo increases and the sound becomes both
difficult to hear and harsh. It is therefore necessary to develop
a system that removes the influence of the impulse response
of the reproduction field in advance.

In the present paper, we apply a Power Envelope Inverse
Filter (PEIF) [2][3], which can reduce reverberation and use
pre-processing of dereverberation. The authors then examine
the newly designed system, which is capable of improving
the sound of existing concert halls without the requirement
for major renovations. Quantitative evaluation was performed
using a real signal, and the inverse system was constructed to
transfer the functions of the reproduction field using a PEIF.

2. DEREVERBERATION

Reverberation is a basic phenomenon in room acoustics. Dis-
tortion of the source signal occurs and intelligibility deterio-
rates due to the source signal being convoluted by the reflec-
tion of sound off of the walls of the room. However, good
reverberation is required in venues such as concert halls be-
cause the sense of spread in spatial sound created by reverber-
ation is added to the source signal. Therefore, the influence
of reverberation is a necessary component of the architecture
of any concert hall. As shown in the following equation, the
audition signal y(t) is described by convoluting the source
signal x(¢) and room impulse response A (t) in a sound field:

/OO o(T)h(t — T)dr

y(t) = 3
— 2(t) * h(t) (1)

where * is a convolution operator. We must estimate the trans-
fer system in order to estimate the source signal from the au-
dition signal in a linear system. In addition, we must estimate
an adaptive system because h(t) is a time change system.
Generally, waveform recovery of a source signal is difficult
by inverse filter processing because the transfer system has a
non-minimum phase.
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2.1. POWER ENEVELOPE INVERSE FILTER

In a previous study [2], the authors showed that the power of
the audition signal y(¢) can be expressed in a convolution of
the power envelope of a source-signal e, (¢) and the impulse
response ey, (t) based on the theory of the Modulation Transfer
Function (MTF) suggested by T. Houtgast [4].

Generally, an impulse response is not a minimum phase,
but ey, (¢)? is near a minimum phase because it dampens in
a manner similar to an exponential function. Therefore, as
shown in the following equation, the power envelope property
of the estimation signal P, (w) is given by multiplying the
power envelope property of the reverberation signal Py (w)
and the minimum phase inverse property Pjmin(w) ™! of the
power envelope transfer function P (w):

P, (w) = P, (W) Prmin (w) ™! 2)

where Px(w) and P,(w) are the frequency properties of
é,(t)* and e, (t)?, respectively. The recovery signal Z(t)
is given by the following equation in terms an amplitude
envelope of é, () and e, (t)*:

B(t) = éx(t)e,  (t)y(t) 3)

where the right side é, (¢) is the recovery envelope calculated
by inverse Fourier transform in equation (2). In addition,
e, ' (t)y(t) is a fine structure signal of a reverberant signal and
is a flattened-amplitude envelope of an output signal. Equa-
tion (3) is referred to as the Power Envelope Inverse Filter
(PEIF) and is obtained by adding the amplitude envelope esti-
mated in equation (2) to the output signal, which is a flattened
amplitude envelope. In addition, the minimum phase property
of the transfer function of equation (2) can be calculated by

cepstrum processing [5].

2.2. REBERBERATION CORRECT SYSTEM

SFGS can generate the signal, X (w), of a purpose field by
measuring the transfer function, Himag(w), of the reproduc-
tion field (purpose field), and multiplying its source signal,
S(w), shown in the following equation:

X(w) = S(w)Himag(w) )

However, when X (w) is reproduced in the reproduction field,
SFGS is not able to correctly reproduce the sound of the
purpose field due to the influence of the transfer function,
H,ea1(w), of the reproduction field is added. In other words,
the listener of the reproduction field hears signal Y (w), which
is given by the following equation:

Y(w) = X(w)Hiea(w)
- S(W)Himag(w)Hreal(w) (5)
First, we have to reduce the influence of the impulse response

of the reproduction field from the purpose signal, X (w), to
match Y(w) to X (w).
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A summary of the system is shown in Figure 1. We can
obtain a correct signal X (w) as shown in equation (6) by
building a system that is able to reduce the effect of the im-
pulse response Hioa1(w) of the reproduction field beforehand,
for the X (w), which added Himag(w) to S(w) by using a
SFGS.

X(w) = X(w)/Hreal(w) (6)

As with equation (6), the listener can hear a virtual sound
of the purpose field by outputting a signal that reduces the in-
fluence of the reproduction field on the purpose signal before-
hand. Since the audience can hear the sound of the purpose
field due to H,eal(w) being added to X(w) In this paper, we
realize equation (6) by using a PEIF, and quantitatively eval-
uate the effect of the system.

The proposition system separates the purpose signal
X (w) into the envelope and the carrier and carries out in-
verse filter processing using a power envelope of the transfer
function H,e,i(w) of the purpose field for the power envelope
of the purpose signal X (w). In addition, the proposition sys-
tem composes an output-signal and a carrier of the purpose
signal. The method of extracting an envelope involves the
calculation of an absolute signal after the Hilbert transform
and uses the low-path filter (cut-off frequency : f.).

l,"'i;nage hall ™

Source

Fig. 1. Power Envelope Inverse Filter System

3. EXPERIMENT

In the experiment, we assumed the purpose field to be Aubade
Hall (Fig. 2), located in Toyama City, Toyama, Japan, which
seats 2,200 people and has a reverberation time of 1.3 (s).
We assumed the reproduction field to be Shimin Plaza Hall
(Fig. 3), which seats 308 people and has a reverberation
time of 1.1(s), and is also located in Toyama City. Aubade
Hall is used mainly for concerts, and Shimin Plaza Hall is
used for both lectures and concerts. In this experiment, we
measured the impulse response of both halls and carried out
processing by computer simulation. We set up an audition
point in the center of each hall and accurately measured the
impulse responses of each hall using a swept-sine signal [6]
at a sampling frequency of 32 kHz. The waveform of each
impulse response is shown in Figure 4. We calculated the
cross-correlation between Aubade Hall and Shimin Plaza Hall



by dividing the frequency range by 64. The average cross-
correlation of each frequency range was calculated to be ap-
proximately 0.05. In addition, we only used an envelope that
was divided in the frequency range of the impulse response
of the reproduction field. We did not use a carrier of the
impulse response in improvement processing of the experi-
ment. The source of the speech signal was the “database of
speech of 20 languages” from NTT Advance Technology, and
we used the first track of Japanese speech as the male speech
and the fourth track of Japanese speech as the female speech.
The source of the music signal was J-POP music. We used
” Winterfall” by L’ Arc-en-Ciel as a male vocal with music,
” Deattakoronoyouni” by Every Little Thing as a female vo-
cal with music, and ”Polonaise No. 6,” by Chopin as classical
music. In the objective experiment, we used a speech signal
that is approximately 10 seconds in length without process-
ing, and a music signal that is approximately 10 seconds in
length. In the subjective experiment, we used signals that
were processed for 3 and 10 seconds that were used in the
objective experiment. The sampling frequency of each signal
was 32 kHz.

In the objective experiment, we evaluated the processed
signal for a frequency range of 250 Hz (division number N =
64) and a cut-off frequency of 10 Hz using a PEIF. In addition,
for the evaluation of the processed signal, we used the eval-
uation index of equation (7) because, generally, the intelligi-
bility of the reverberation signal is closely related to changes
of the envelope [7].

Jo {ea(t) — e, ()} dt
ST ea(t) — e, (t) } dt

where T is the analysis time, e, (t) represents the envelope of
the purpose signal, e, (t) represents the envelope signal that
is the convoluted impulse response of Shimin Plaza Hall and
Aubade Hall by SFGS, and é,(t) represents the envelope sig-
nal of the recovery signal obtained using the proposed system.
In the present paper, the value calculated in equation (7) is a
recovery value. This index is not generally a standard index,
but, until now, this index has been used as an effective way to
easily verify the recovery effect of reverberation or a similar
signal [8].

In the subjective experiment, we evaluated the signal in
the audition experiment with the collaboration of 52 students
from Engineering Department of the University of Toyama.
The subjects heard the purpose signal, which was processed
by computer, and heard the unprocessed signal and processed
signal. Finally, subjects reported which signal was nearer to
the purpose signal. Stimulation was one set for three signals.
The substance of the stimulation set evaluated by a participant
was two sets. The first set was, in turn, the purpose signal, the
unprocessed signal, and the processed signal, and the second
set was, in turn, the purpose signal, the processed signal, and
the unprocessed signal. The subjects heard the stimulation set

I, = 10log;,

(dB) @)
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using headphones. In addition, the number of total answers
was 102 because there is a stimulus set of two evaluation ob-
jects.

Fig. 2. Aubedo hall

Fig. 3. Shimin Plaza hall
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Fig. 4. Impulse response of Aubado hall and Shimin Plaza
hall

3.1. EXPERIMENTAL RESULTS

In the objective experiment, we calculated the average of the
recovery value of each frequency range by dividing the fre-
quency range between below and above 4 kHz. In the results
for the male speech signal, PEIF gives an average improve-
ment over SFGS of approximately 2.1 dB for frequencies be-
low 4 kHz, and an improvement of up to 5.6 dB for frequen-
cies above 4 kHz. In the results for the female speech signal,
PEIF gives an average improvement over SFGS of approxi-
mately 1.4 dB for frequencies below 4 kHz, and an average
improvement of up to 4.7 dB for frequencies above 4 kHz. In
the results for the male vocal with music signal, PEIF gives
an average improvement over SFGS of approximately 0.8 dB
for frequencies below 4 kHz, and an average improvement of
up to 5.8 dB for frequencies above 4 kHz. In the results for
the female vocal with music signal, PEIF gives an average im-
provement over SFGS of approximately 1.4 dB for frequen-
cies below 4 kHz, and an average improvement of up to 4.6
dB for frequencies above 4 kHz. In the results for the classical
music signal, PEIF gives an average improvement over SFGS
of approximately 1.3 dB for frequencies below 4 kHz, and an
average improvement of up to 5.7 dB for frequencies above
4 kHz. Figure 5 shows the recovery value of the processed
signal of each frequency range by equation (7).

In the subjective experiment, approximately 68% of sub-
jects answered that the processed signal of male speech was



closest to the purpose signal. Approximately 52% of subjects
answered that the processed signal of the female speech was
closest to the purpose signal. Approximately 83% of subjects
answered that processed signal of male vocal with music was
closest to the purpose signal. Approximately 45% of subjects
answered that processed signal of the female vocal with music
was closest to purpose signal. Approximately 59% of subjects
answered that processed signal of classical music was closest
to the purpose signal. We examined the significant difference
between the processed signal and unprocessed signal by ex-
amining the ratio. In the results, the male speech was judged
to be significantly different at a 1% level. The female speech
had no significant difference. The male vocal with music was
judged to be significantly different at a 1% level. The female
vocal with music had no significant difference. The classical
music was judged to be significantly different at a 10% level.
Table 1 shows the results of the subjective experiment.
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Fig. 5. Recovery value for each frequency range

Table 1. Result of subject experiment

Processed | Unprocessed | Significant difference
Male speech 68% 32% YES
Female speech 52% 48% NO
Male vocal with music 83% 17% YES
Female vocal with music | 45% 55% NO
Classical music 59% 41% YES

4. CONCLUSIONS

In the present paper, for an improved SFGS, we proposed a
system that applied a Power Envelope Inverse Filter, and car-
ried out quantitative evaluation of the proposed system. Us-
ing the previous SFGS it is difficult to reproduce the purpose
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signal correctly because the impulse response of the purpose
field and the impulse response of the reproduction field are
doubly convoluted. Therefore, we attempted to reduce the in-
fluence of reverberation before reproduction by using a PEIF
that has the possibility of being able to unify the controlling
space. We evaluated the system by computer simulation us-
ing signals of male speech, female speech, male vocal with
music, female vocal with music, and classical music.

The result of the objective experiment confirmed the re-
covery value of the processed signal of approximately 1 dB
to 2 dB at 4 kHz and below, and the recovery value of the
processed signal of approximately 5 dB to 6 dB at 4 kHz and
above. The ratio improved from approximately 18% to 66%
for male speech, male vocal with music, and classical mu-
sic, all of which are significantly different. However female
speech and female vocal with music do not have a significant
difference.

Henceforth, we intend to examine control in a concert hall
in which the reverberation time or control range is very dif-
ferent in a real field.
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