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ABSTRACT 

Human safety is the most important issue in disaster management. Speech is a sound signal containing information that 
is easily and quickly understood by humans. Using speech as sound signage in emergency systems can effectively in- 
crease human safety in low or poor visibility conditions such as in smoke-filled situations. However, reflections of 
sound through walls, floor surfaces, and ceilings will affect clarity of speech. Unfortunately, because of the characteris- 
tics of sound reproduction systems, a single loudspeaker propagates sound waves omni-directionally at low frequencies. 
This paper proposes a simple multiple-loudspeaker system for reproducing sound with uni-directional characteristics. 
The proposed system consists mainly of a primary loudspeaker for introducing sound in the desired beam, a secondary 
loudspeaker for reducing gain in the undesired direction, and digital filters. An adaptive finite-impulse-response (FIR) 
filter is used to produce the controlling sound by implementing a filtered-x least-mean-square algorithm, and a delay 
filter for adjusting the time alignment of sound propagation between primary and secondary sources at the control point. 
Several operational conditions for illustrating real situations and reflections were considered in an anechoic chamber. 
Experimental results show the directivity patterns of the proposed multiple-loudspeaker system for the required condi- 
tions. In a low frequency range, the system is able to control unidirectional propagation; there is a sound beam in the 
desired direction and, conversely, reduction of gain in the undesired direction around the control point. 
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1. Introduction 

Emergency systems use alarms to sound emergency 
alerts and visual signs to show the direction of evacua- 
tion gates. The light emitted provides clear evacuation di- 
rections, but in smoke-filled situations, it may not be pos- 
sible for people to see the emergency exit signs. In such 
situations, the alarm sound is effective in identifying the 
state of emergency, but it can not provide evacuation di- 
rections. One solution is an emergency system that has 
added directional sound. Directional sound has been de- 
signed by combining multiple tones and speech, which 
are separated by an appropriate time-delay. This sound is 
effective in guiding people to find emergency exits in tun- 
nels [1]. In the tunnel or hallway, the sound field is high- 
ly reverberant because reflections of sound through walls 
and ceiling surfaces negatively affect the ease of hearing 
and understanding the content of speech. A time-delay 
technique has previously been proposed [2,3] that is used  

to delay the array of loudspeaker sounds alternately. 
Through this technique, directional sound can be produc- 
ed and speech intelligibility in tunnels can be improved 
simultaneously. The speech from an array of loudspeak- 
ers that are alternately sounded can provide a clear pic- 
ture of the direction, and thus the speech itself can be 
easily and quickly understood. Unfortunately, a single loud- 
speaker reproduces sound or speech omni-directionally 
in the low frequency range. Consequently, an undesired 
sound beam in the opposite direction to the primary loud- 
speaker may be produced which will disturb the develop- 
ment of unidirectional characteristics. Therefore, the ef- 
fectiveness of a directional sound system may be further 
improved by applying multiple loudspeakers at multiple 
observation points. 

A multiple-loudspeaker system has previously been de- 
veloped to control the unidirectional radiation pattern. 
The system is composed of horn-type primary and sec- 
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ondary loudspeakers that configured face-to-face with the 
radiation pattern resembling a point source. Each loud- 
speaker is designed to radiate sound waves in the oppo- 
site direction. The system also has a unique sound reflec- 
tor between the loudspeakers and a signal processor for 
controlling the secondary loudspeaker. The system is able 
to produce a unidirectional pattern effectively in a fre- 
quency range between 500 and 4000 Hz [4]. 

A unidirectional reproduction system that is focused 
on the low frequencies has previously been investigated 
[5]. The system consists of two loudspeakers that are 
configured back-to-back without a sound reflector be- 
tween them, an adaptive digital filter (ADF) as a control- 
ler, and a microphone for adapting the ADF coefficients 
at adaptation stage. The primary loudspeaker faces to 0˚ 
in the desired sound direction, and the secondary loud- 
speaker is set to +180˚ for sound controlling. Experimen- 
tal results show that the proposed system is effective in 
controlling unidirectional sound propagation by reducing 
undesired gain at low frequencies in the opposite beam 
direction. Another study developed unidirectional char- 
acteristics in the low frequency range for other configu- 
rations, that is, the secondary loudspeaker is set in the 
+130˚ direction [6]. The results show that the system is 
capable of sounding the beam in the 0˚ direction and re- 
ducing an undesired beam in the +130˚ direction at the 
target frequency. Multiple-loudspeaker systems have been 
verified in investigations into the effectiveness of the pro- 
posed unidirectional production systems [7,8]. 

We developed a unidirectional sound reproduction sys- 
tem for the low frequency range of speech with two or- 
dinary loudspeakers configured back-to-back using sev- 
eral schemes with no sound reflector between the loud- 
speakers. In considering application of the system for he- 
misphere implementation, we also investigated its perfor- 
mance in terms of unidirectional propagation in situa- 
tions where sound reflections occurred. The results of 
this study should benefit the development of emergency 
evacuation systems in hallways as a form of evacuation 
directional guidance. 

2. Proposed Mulitple-Loudspeaker System 

2.1. System Components 

The proposed unidirectional sound reproduction system 
is shown in Figure 1. The main components of the sys- 
tem are a primary loudspeaker (LS-P) as the primary 
source, a secondary loudspeaker (LS-S) as the secondary 
source, a residual signal sensor (Mic-E), a delay filter 
L(z), an adaptive filter H(z), a model of the secondary 
path , electro-acoustic paths for primary and sec- 
ondary sounds, and an On/Off switch for switching be- 
tween modeling and control stages.  

 Ŝ z

 

Figure 1. Proposed simple multiple-loudspeaker system for 
unidirectional reproduction system. 

2.2. Electro-Acoustic Paths 

The primary path is the electro-acoustic path from D(z) 
to E(z), which reproduces the desired sound in the LS-P 
direction as the desired beam direction. The other path is 
the secondary path, which is from Y(z) to E(z), for repro- 
ducing the control sound toward the secondary loud- 
speaker LS-S as the direction of the undesired sound 
beam. It is necessary to model both primary and secon- 
dary paths to obtain the characteristics. The characteris- 
tics of the primary path will be used to estimate the delay 
of the primary sound and to adjust the time alignment 
between primary and secondary propagation at the mi- 
crophone side. Furthermore, the model obtained of the 
secondary path,  Ŝ z

 2 1S z



, is used to compensate for pure de- 
lay or causality constraint, for adapting the coefficients of 
the ADF, H(z), using a filtered-x least-mean square (FxLMS) 
algorithm at adaptation stage, because of the electro- 
acoustic path , as in Equation (1).    1S z S z

               2 1 1
ˆS z S z S z H z X z S z H z X z  (1) 

In order to estimate the impulse response of the sec- 
ondary path, s(n), the output of the electro-acoustic path, 
y(n), is shown in Equation (2), where tsp(n) is the time- 
stretched pulse, and m(n) is noise.  

       y n h n tsp n m n           (2) 

To observe the characteristics of both paths with a 
very long impulse response and wide dynamic range cha- 
racteristics, we used optimized Aoshima’s time-stretched 
pulse (OATSP) [9]. With the OATSP method, we can ge- 
nerate a signal, tsp(n), and its inverse signal, intsp(n), si- 
multaneously, which enables measurement of impulse re- 
sponses longer than N (N = 2^i, I = integer), and its linear 
convolution between tsp(n) and intsp(n) is almost ideal 
with a flat power distribution in the frequency range. We 
averaged 1000 TSPs to obtain the electro-acoustic system 
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output. Then the characteristics of the observed electro- 
acoustic path were obtained after convolution between 
the obtained output signal, y(n), and the inverse of the 
OATSP signal, intsp(n), as in Equation (3), where (n-M) 
= tsp(n)*intsp(n) is the ideal impulse response, y(n) is 
the output obtained from 1000 TSPs, and m(n) is the 
noise that will reduce by increasing the signal-to-noise 
ratio, in this case by generating a 16-bit tsp(n) signal as 
the input. 

         ŝ n s n n M m n intsp n        (3) 

2.3. Performance of ADF Adaptation 

The obtained secondary path model filters the input sys- 
tem, X(z). On the other side, Mic-E senses peaks in the 
residual sound pressure level as error signals as in Equa- 
tion (4). Then the output of the secondary path model 
filter X'(z) together with the error signal E(z) are used to 
adapt the coefficients of the adaptive filter, H(z), by mo- 
ving the switch (Figure 1) to the “On” position. The ad- 
aptation process adopts an active noise control (ANC) 
technique using the FxLMS algorithm. 

                  2 1 1E z S z P z P z L z S z S z H z X z   

(4)
After the ADF has converged, the switch is moved

th

3. Directivity Control 

 stages are preparation stag- 

3.1. Directivity Pattern of Single Loudspeaker 

es 

. Multiple-Loudspeaker Reproduction System 

The primary loudspeaker was set to 0˚ as th
beam, while the direction of the secondary was adjusted 
to

ut Reflection 

own in 
ions of  

 
 to 

e “Off” position to obtain optimum ADF coefficients 
for controlling unidirectional propagation. 

The modeling and adaptation
es for calibrating acoustic environments or whenever 
there are characteristic changes. At the directivity control 
stage, the switch is in the “Off” position, and so configu- 
ration of the proposed system uses the delay filter, L(z), 
ADF, H(z) with fixed coefficients, analog interfacing, 
and primary and secondary loudspeakers. The direction 
of the primary loudspeaker is determined in order to high- 
light the desired sound or speech as the desired direction 
at 0˚ (P0). Then the direction of the secondary loudspea- 
ker is adjusted in accordance with the direction of unde- 
sired sound gain, which will be reduced around the Mic- 
E position, such as around +230˚ (“S230” signifies that 
the sensor microphone is set to 230˚) for front-rear con- 
figuration. At this stage, white noise is generated to be 
introduced toward the primary source for the desired 
sound. 

Naturally, a single loudspeaker propagates sound wav
omnidirectionally at a low frequency, and thus it will be 
unidirectional at higher frequencies as shown in Figure 
2. 

3.2

We experimentally investigated, unidirectional propaga- 
tion control using several loudspeaker configurations and 
variations in the parameters of FIR ADF, H(z), in accor- 
dance with its delay filter lengths L(z) in order to satisfy 
Equation (5). 

           P z P z L z S z S z H z       (5) 1 1

e desired 

 the desired angle direction for gain reductions. Snap-
shots of the multiple-loudspeaker configurations are 
shown in Figure 3. Specifications of the equipment used 
to control unidirectional propagation are shown in Table 
1, and parameter settings are shown in Table 2. 

4. Results and Discussions 

4.1. Directivity Control witho

In observing the experimental results that are sh
Figures 4 and 5, it is clear that there were reduct

 

 

Figure 2. Propagation characteristics of a single loudspeak- 
er, i.e., primary loudspeaker; red solid line denotes 100 Hz, 
black dash-dotted line denotes 300 Hz, brown dash-dotted 
line denotes 500 Hz, and blue dotted line denotes 1000 Hz. 

 

 

Figure 3. Loudspeaker configurations with reflection for 
uni-directional propagation control; back loudspeaker is 
the primary, 0˚ direction, and gray one is the secondary 
with adjusted angle direction. 
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Figure 4. Unidirectional pattern of multiple-loudspeaker system in the front-back configuration, or P0-S180, at 100 Hz, 300 Hz, 
and 600 Hz; red dashed line denotes performance without control and black solid line denotes performance under control. 
 

 

Figure 5. Unidirectional pattern of multiple-loudspeaker system in the front-rear configuration or P0-S230, at 200 Hz, 400 Hz, 
and 500 Hz; red dashed line denotes performance without control and black solid line denotes performance under control. 

ments were performed using the P0-S230 

 
undesired gain in the direction of either S180 or S230 as Table 1. List of equipment. 
the desired target, and on the other side there occurred a 
sound beam in the direction of P0 as the desired beam. 

The direction of the secondary loudspeaker can be set 
as desired flexibly. In this case, the direction was S2

Equipments Manufacturer Specifications

Signal source: 
USB audio w

Creative 10 kHz 
ith PC 

30 
with the assumption that the loudspeakers would be plac- 
ed on the ceiling, and so around the S230 direction was 
centered as the reduced coverage area.  

Figure 4 shows the performance obtained using the P0- 
S180 configuration at frequencies of 100

Texas  
Digital signal processor 

instrument TMS-DSK6713

Analog filters 
(a ) nti-aliasing/smoothing

NF FV-664 

Loudspeaker BOSE 101VM 
 Hz, 300 Hz, and 

600 Hz. 
There were undesired gain reductions centered at the 

+180˚ direction. By comparing the pattern of propagation 
between the reproduction system without and with control, 
there were gain reductions at 100 Hz for gain above 10 
dB, from +110˚ to +250˚. However, there was a bump at 
+170˚ to +200˚ at a beam width of approximately 30˚. 
Here, at 300 Hz, reduction occurred for gain above 10 dB 
from +150˚ to +210˚, and above 7 dB from 160˚ to 200˚ 
at 600 Hz. 

In order to investigate the ability and flexibility of con-
trol, experi

Microphone Sony EMC44B 
 

aramet ngs. Tab e 2. Pl er setti

Parameters Values 
Sampling frequency 8 kHz 

Tap length of adaptive FIR filter 150 taps 
120 taps f t-back or fron

Tap length of delay filter 
1 tap rear for front-

C F ut-off frequency of LP
(anti-aliasing/smoothing) 

5 kHz for sound  primary 
1 kHz for g sound  controllin

Measurement environment Anechoic with/without  
reflection board 
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confi ate ad
corre  syst ts 
are ere the as 
still ab ntrol the u ropa- 

r of loudspeakers can be placed on the ceil- 
of the pri- 
ed as de- 

nd reflect- 
in

esired sound 
in

reflection con-
di

er than 300 Hz, 
an

ncies of 100 Hz and 200 Hz, which oc- 
cu

 

guration, and appropri
sponding to the delay

aptive filter parameters 
em. Experimental resul

shown in Figure 5, wh
le to consistently co

 proposed system w
nidirectional p

gation as in previous tests. At 100 Hz, the reduction oc- 
curred for gain of above 5 dB, from +170˚ to +270˚ or at a 
beam width of approximately 100˚, without any bump. 
Further reduction occurred at 200 Hz above 10 dB from 
+180˚ to +250˚, and above 8 dB from +190˚ to +240˚ at 
500 Hz. 

4.2. Directivity Control with Reflection 

For public address application, the proposed system con- 
sisting of a pai
ing or wall of a hallway, where the direction 
mary and secondary loudspeakers can be adjust
sired. The direction of the primary loudspeaker is set as 
the desired sound beam, which is defined as the 0˚ direc- 
tion, and the secondary loudspeaker can be directed in the 
desired direction flexibly for reducing undesired sound 
gain, to obtain characteristics of expected unidirectional 
propagation of the sound reproduction system. 

In the following, we assume that the pair of loud-
speakers is placed on the ceiling, which may reflect sound 
waves. In the reflection condition, experiments were car- 
ried out in an anechoic room by placing a sou

g surface on one side to represent the reflected ceiling. 
The distance between the sound reflector surface and pair 
of loudspeakers was approximately 45 cm. The primary 
loudspeaker was directed to highlight the desired sound, 
0˚, and the secondary loudspeaker was set to +240˚, 
which is towards the bottom of the rear primary loud- 
speaker, to reduce low-frequency gain due to the omnidi- 
rectional propagation of the primary loudspeaker, shown 
in Figures 3 and 6. In the +240˚ direction, sound waves 

arrived directly from propagation of the primary loud- 
speaker and reflected by the ceiling surface. 

On the signal processing side, the primary sound re-
production system was set to introduce the d

 

 the speech frequency range by using a low-pass filter 
set to cut-off frequency, fc = 3200 Hz. The other side, the 
secondary reproduction system for controlling the unde-
sired sound gain at low frequencies, was set to fc = 1000 
Hz, as the target. Measurements were made of the unidi-
rectional propagation pattern using the microphone at 
intervals of +10˚ from +180˚ to +360˚ (0˚). 

To investigate the directivity control performance of 
the proposed system in more detail in the 

tion, Figure 7 shows the spectrum frequency of direc-
tivity control at +10˚ intervals from +180˚ to 0˚ (+360˚), 
and the unidirectional propagation obtained at interesting 
target frequencies with in the sound reflection condition 
in the hemisphere is shown in Figure 8.  

The reflection affected directivity control for frequen- 
cy components whose frequency was high

d interferences of waves had the same phase. There 
was gain control at approximately +240˚, which was the 
controlled target direction. There were gain reductions at 
approximately +240˚ at low frequencies up to 1000 Hz, 
and without control there was no reduction, i.e., at 2000 
Hz and 3000 Hz. 

Significant gain reductions with wide “lobes” were 
obtained at freque

rred at 100 Hz with an approximate 10 dB gain reduc- 
tion from +180˚ to +310˚, and at 200 Hz with an appro- 
ximate 17 dB from +190˚ up to +290˚. With other fre- 
quencies as controlled targets, there were not only re- 
ductions because of control but also gain at certain points 
due to the interference of waves. In these cases, there were 
attenuation and significant gain, where at 300 Hz, there 

 

Figure 6. Configuration of unidirectional propagation measurement in hemisphere. 
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Figure 7. Response frequency of unidirectional control at +10˚ intervals from +180˚ to +360˚ (0˚) in hemisphere; black solid 
line denotes frequency response under control using the proposed system, and red solid line denotes frequency response with- 
out control. 
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Figure 8. Unidirectional pattern of proposed multiple-loudspeaker system in the front-rear configuration, P0-S240 in hemi-
sphere with sound reflection surface, at 100 Hz, 200 Hz, and 500 Hz; red dashed line denotes performance without control and 
black solid line denotes performance under control. 
 
were reductions up to 23 dB at approximately +230˚ to 
+250˚ and approximately +210˚ to 230˚; there were gains 
up to 10 dB at +260˚ to +310˚; at 400 Hz, there were 
reductions up to 14 dB at approximately +230˚ to +250˚; 
at 500 Hz there were reductions up to 24 dB at approxi- 
mately +230˚ to +270˚ and gain up to 13 dB at approxi- 
mately +180˚ to +230˚; and finally at 600 Hz, there were 
reductions up to 28 dB at approximately +210˚ to +260˚. 

5. Conclusions 

A sound reproduction system to deal with a unidirectio- 
nal propagation pattern in the low frequency range was 
proposed. The proposed system provides a unidirectional 
directivity pattern that works for target frequencies up to 
600 Hz. 

The proposed system is able to control the gain in the 
direction of the desired angle, +240˚, for each target in 
the low frequency range in a hemisphere. 

Wider reductions occur at a frequency of 100 Hz and 
200 Hz; there are reductions up to 10 dB with 150˚ width 
at 100 Hz, and up to 17 dB with 100˚. With other fre-
quencies, magnitude reductions are larger, approximately 
23 dB, 14 dB, 24 dB, and 23 dB, respectively, at 300 Hz, 
400 Hz, 500 Hz, and 600 Hz, with 20˚ up to 50˚ beam 
width reductions. 

The proposed system may be effectively implemented 
as a public address system for the development of an eva- 
cuation system. 
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