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Abstract

To study the number of required channel signals is very
important to reproduce a realistic sound field based on
wavefield synthesis. In this paper, 2 subjective assess-
ments were performed to evaluate the effect of the num-
ber of channel signals on the directional perception of
a sound source and on the spatial impression. From
the results, it was confirmed that a 24-channel system
was enough to realize practical directional perception and
spatial impression if the control area was limited to a cir-
cle of radius 2m.

1.

Wavefield synthesis method [1]-[3] is a technique to re-
produce a sound field as that in other place. Since it needs
to transmit a great number of channel signals in order to
reproduce the sound field, it is very important to evaluate
the number of required channel signals to design a prac-
tical reproduction system.

There are 2 approaches in the evaluation of the num-
ber of required channel signals, e.g. objective or subjec-
tive one. There are many studies [4, 5] due to the objec-
tive approach, in which the physical accuracy of synthe-
sized wavefronts is evaluated. However, the relationship
between the physical accuracy and a subjective assess-
ment has not been studied enough. Thus, the number of
channel signals is evaluated according to the subjective
experiment.

Sound field perception has dimensions of directional
perception, distant perception and spatial impression ac-
cording to Morimoto [6]. In this paper, the results of 2
subjective experiments are described to evaluate the ef-
fect of the number of channel signals on the directional
perception and on the spatial impression.

Introduction

2. Subjective Assessment for Directional
Perception

2.1. Experimental Environment

Subjective assessment was performed in a room (rever-
beration time: about 80ms). A loudspeaker array was set
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Figure 1: Experimental environment of the subjective as-
sessment for the directional perception.

on the arc of radius 2 meters as shown in Figure 1. Grey
circles indicate sound images reproduced by the loud-
speaker array in this assessment. A background noise
level was 25.0dB(A) and a sound pressure level was set
to about 60dB(A) at the position of the subject.

The directional perception mainly depends on the
direct sound from a sound source. When the sound
field was assumed to be a free space, the room transfer
function g;(n) is denoted as shown in Egn. (1=
48[kHz]): Sampling frequency, c(= 340[m/s]): Sound ve-
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White noise and speech (1 second long) were used as
a source signat(n). Thenz;(n) is calculated from the
source signat(n) andg;(n) as shown in Eqn. (3),
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D(6;, ¢) (directional sensitivity of a microphone) is
defined as shown in Eqn. (4),
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Figure 2: Experimental conditions of the subjective as-
sessment for the directional perception.
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Figure 3: Experimental design of the subjective assess-
ment for the directional perception.

Experimental conditions pertinent to the number of
channel signals are shown in Figure 2. Subjects listen to
the sound source from each loudspeaker in control con-
dition and the sound image synthesized with the loud-
speaker array in other 5 conditions.

2.2. Experimental Design

Subjects were 8 graduate students (4 males and 4 fe-
males). The experimental design of the subjective assess-
ment is shown in Figure 3. A rest time was introduced in
every 84 trials. The conditions of practice and main trials
are shown in Table 1. The subject was instructed to report
the direction of sound within 4 seconds after listening the
1 second stimulus. Subjects reported the direction due to
a scale which is placed in front of them and marked from
-25° to 25 at every 2.5 interval.

2.3. Results and Discussions

Experimental results are shown in Figure 4. Localization
results for the 10 and 15 azimuth interval conditions

Table 1: Condition of trials.

Number Value
= 1 distance

x 7 directions
% 2 conditions
= 2 distances
x 7 directions
x 6 conditions
% 4 repetitions

Practice (14) 3m

0°, £5°, +10° & +15°

(a) and (b) shown in Figure 2
3&4m

0°, £5°, +10° & +15°

From (a) to (f) shown in Figure 2

Main (336)

(a) Control Condition

(b) 10° Azimuth Interval

a5 0 s 0 s
(c) 15° Azimuth Interval

1015 a5 -0 500 5 1015

(d) 20° Azimuth Interval

-5 10 S 0 5
(e) 30° Azimuth Interval

1015 a5 0 50 1015

(f) 45° Azimuth Interval

a5 0 5 0 s
Presented Direction [degrees]

1015 5 -10 510 15

Presented Direction [degrees]

Figure 4: Results of the subjective assessment for the di-
rectional perception.

are almost same as those of the control condition. On
the other hand, perceived directions tend to be biased to-
wards O direction in 20, 3¢° and 45 azimuth interval
conditions. The reason of the bias is explained by using
the case of 45 azimuth interval as shown in Figure 5.
The subject localizes the sound image which is synthe-
sized based om(n), z45(n) andz_45(n) (ref. Figure
5a). Becausd is the shortest of all distancesg(n) is

the fastest sound to be heard. On the other hapdn)
andx_45(n) are delayed more than 1ms compaired with
xo(n) becausels andd_,5 are the 0.004m] longer

(2)
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Figure 5: Reason of the bias in the°4&zimuth interval
condition.
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Figure 6: Results of the mean square error for the direc- Figure 8: Experimental environment of the subjective as-

tional perception. sessment for the spatial impression.
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thand, (ref. Figure 5b). Dl_Je to the precedence effect ek SRy
[7] of 2o(n), only zo(n) contributes the perceptual local-
ization (ref. Figure 5c). Figure 9: Experimental conditions of the subjective as-

The accuracy threshold is discussed by calculating the gessment for the spatial impression.
mean square error (MSE) between presented direcgions
and perceived directiong as shown in Eqgn. (5),
S (g —y)? functions were treated as the FIR filters of which the sam-
MSE = % (i = 0,45, £10,£15). (5) pling frequency was 12kHz. Thus, the reverberation time
Results are shown in Figure 6. The MSEs of the 10  P€comes 4 times (300[ms}=1.2[sec]). Because the
and 15 azimuth interval conditions are same as that of diffused time and distance of sound become 4 times, the

the control condition (about®). Thus, it is considered ~ Vvalues ofr andd shown in Figure 7 are 0.5[m}4=2[m]

that the accuracy threshold of interval is°16r 24 loud- and 1.5[mk4=6[m]. -Sound signals O_f speech or flute
speakers on the circle of radius 2 meters due to the sub- (Sampling frequency: 12kHz, duration: 4 seconds) were
jective assessment. used as a dry source. Channel signals were synthesized

by convolving measured room transfer functions to the

3. Subiecti . dry source.
. Subjective Assessment for Spatial T .

. Subjective assessment was performed in a room (re-

Impression verberation time: about 80ms). A loudspeaker array was

3.1. Experimental Environment set as shown in Figure 8. A grey circle indicates the

) , , sound image reproduced by the loudspeaker array. A

Room .transferfunctlons usgd in an experiment were mea- background noise level was 25.0dB(A) and a sound pres-

sured in a real room. A microphone array and a loud- sure level was set to about 70dB(A) at the position of the

spea_ker were set as shown in Flg_ure 7 ROO”.“ transfer subject. Experimental conditions pertinent to the number
functions were measured by playing a TSP signal [8] of channel signals are shown in Figure 9.

from the loudspeaker. A background noise level was
19.4dB(A) and a sound pressure level of the TSP signal
was set to 91.6dB(A) at the 1 meter from the loudspeaker.
Because the reverberation time is transformed into that Subjects were 8 males. Sch&ff paired comparison [9]

of the realistic concert hall, the measured room transfer was introduced as an assessment method. The experi-

3.2. Experimental Design
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Figure 10: Experimental design of the subjective assess-
ment for the spatial impression.

Table 2: Scale of Scheffs paired comparison.

Grade | ASW LEV
3 Very wide Very enveloped
2 Fairly wide Fairly enveloped
1 Little wide Little enveloped
0 The same The same
-1 Little narrow | Not little enveloped
-2 Fairly narrow | Not fairly enveloped
-3 Vary narrow | Not very enveloped

mental design of the subjective assessment is shown in
Figure 10. Morimoto [6] indicates that the spatial impres-
sion consists of at least 2 factors, e.g. Auditory Source
Width (ASW) and Listener Envelopment (LEV). In this
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Figure 11: Results of the subjective assessment for the
spatial impression.

4. Conclusion

The number of required channel signals in the directional

perception and the spatial impression was evaluated for
a wavefield synthesis system. It was shown by the sub-
jective assessment for the directional perception that the
number of required channel signals was 24. It was also
shown by the assessment for the spatial impression that
the number of required channel signals was 6. As a re-

sult, it was confirmed from the 2 subjective assessments
that 24 channels are enough to realize the sound field in-

assessment the effect of the number of channel signals on side a circle of 2 meters radius.

ASW and LEV was evaluated in each evaluation. 6 prac-
tice trials are the permutation of 3 conditions ((a), (b), ()
of Figure 9). the permutation of 7 conditions ((a)—(g) of
Figure 9) resulted in 42 main trials.

Before the evaluation, the subjects were instructed in
the definition of ASW and LEV. The subjects graded the
stimulus B in Figure 10 in reference to the stimulus A in
Figure 10 according to the 7-step scale shown in Table 2.

3.3. Results and Discussions

The psychological scales of all conditions pertinent to the
number of channel signals are shown in Figure 11. Error
bars indicate 95% confidence intervals. When the num-
ber of channel signals is 1, 3 and 5, psychological scales
are significantly lower than those of the 24 channel sig-
nals condition which is the nearest one to the original
sound field in all conditions. On the other hand, when
the number of channel signals is 6, 8 and 12, psycholog-

ical scales are same as those of the 24 channel signals

condition. Thus, it is considered that there is no differ-
ence of the spatial impression between the reproduced
sound field and the original sound field when the num-
ber of channel signals is larger than, or equal to 6. That
is the number of required channel signals to realize the
spatial impression is 6.
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