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1. Introduction

A hands-free teleconferencing unit (containing a
loudspeaker and directional microphones) is usually
used for small teleconferencing meetings.»? An exam-
ple of the block diagram of such a unit with an acoustic
echo canceller (AEC) and four directional microphones
is shown in Fig. 1. The acoustic coupling level
(between x and e, representing received signal and a
transmitted signal, respectively) is too high because the
loudspeaker and microphones are close together. To
reduce the load placed on the AEC, the acoustic cou-
pling level should be reduced before reaching the AEC.

2. Conventional method

To enable a talker’s voice signal to be picked up from
a variety of directions, a non-directional microphone or
multiple directional microphones are required. The
latter approach is usually used to reduce the acoustic
coupling level.

In Fig. I, there is a directional microphone at each
corner of the unit. The signal transmitted to the far
end talker, e, is obtained by

(1)

By positioning the microphones so that their least
sensitive direction is ortented toward the loudspeaker,
we can minimize the acoustic coupling level. How-
ever, actual microphones will still have some sensitivity
in the loudspeaker direction, and the acoustic coupling
level is increased by a factor of four (ie., the number of
microphones), so it cannot be ignored.

The acoustic coupling level can be reduced by mixing
the anti-phase signals. As a result, transmitted signal e
is obtained by

e=ytytystys.

(2)

In the configuration shown in Fig. 1, the talker is
equally distant from microphones 1 and 2. In this
situation, the talker’s voice is received by two micro-
phones on the same side (microphone 1 and 2) with the
same level of power and the same phase, so it is can-
celled by mixing the signals as in Eq.(2). As a result,
the signal does not reach the far-end talker.

e=yp—y2tys—Ys.

3. Proposed method
To overcome the cancelling problem with the conven-
tional unit, we introduced a 90-degree phase shifter. (A
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block diagram of a teleconferencing unit using our
proposed method with four unidirectional microphones
is shown in Fig. 2.) A phase shifter shifts the phase
without affecting its power spectrum. The transmitted
signal e is now obtained by

e=hlu]+ folye) + frsol ys] + farol ], (3)

where f, represents an all-pass filter operation that
shifts the phase of the signal by k degrees.

According to Eq. (2) [which represents the conven-
tional method], the transmitted signal is cancelled by
mixing two signals with completely inverted phases.
With our proposed method, the phase difference
between one microphone and the next is 90 degrees, so
even if the signal is received by two microphones on the
same side with the same level of power and the same
phase, the transmitted signal is not cancelled.

4. Simulation testing

We evaluated our proposed method through com-
puter simulation. The distance between the center of
the loudspeaker and each unidirectional microphone, r,
was 10cm and the distance between the center of the
loudspeaker and the talker, d, was 50 cm (Fig. 3). The
talker was at an angle 8 of 0, 15, 30, or 45 degrees
relative to the center line of the unit.

The frequency response for the transmitted signals
with the conventional and proposed units are shown in
Figs.4 and 5, respectively. With the conventional
unit, there was no output power at 0 degrees at any
frequency. For the other three angles, the output
power was very low at low frequencies. With the
proposed unit, the power at low frequencies, which is
important for speech, was almost flat and did not
depend on the direction of the talker.

Figure 6 shows the directional patterns of both units
calculated with a pseudospeech signal. The relative
positions of the talker, loudspeaker, and unidirectional
microphones were the same as for the Fig. 3 data and r
and d were again 10 cm and 50 cm, respectively. With
the conventional unit, there was no output from the 0,
90, 180, or 270-degree directions. With the proposed
unit, the output power was almost flat and did not
depend on the direction of the talker.

5. Actual measurement
We next measured the frequency response for trans-
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Fig.1 Block diagram of conventional telecon-
ferencing unit.
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Fig.2 Block diagram of proposed teleconferenc-
ing unit.
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Fig.3 Conditions for computer simulation.

mitted signals using an actual unit. The frequency
bandwidth was set to that of a telephone (from 300 Hz
to 3.4kHz). The talker was set at 0 degrees. The
distance between the center of the loudspeaker and each
unidirectional microphone was 14.5cm and the dis-
tance between the center of the loudspeaker and the
talker was 50 cm. These unidirectional microphones
have about 15dB sensitivity difference on average
between maximum and minimum sensitivity. As
shown in Fig. 7, the power for low-frequency response
with the conventional unit was very low and then it was
not flat. The frequency response for the proposed unit
was almost flat.

6. Summary
By adding a microphone system with a 90-degree

34

J. Acoust. Soc. Jpn. (E) 21, 1 (2000)

5

3, 0

£ -5

Q

[«8

2 -10

kS

g -15F.-
-20

100 1000
Frequency [Hz]

Fig.4 Simulated frequency response for trans-
mitted signals with conventional method.
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Fig.5 Simulated frequency response for trans-
mitted signals with proposed method.
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Fig.7 Measured frequency response for trans-

mitted signals with actual units.
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phase shifter to a hands-free teleconferencing unit, we
have improved the frequency response for transmitted
signal and reduced the acoustic coupling level. Com-
puter simulation and measurement using actual units
showed that the output power was flatter with the
proposed unit.
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