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ABSTRACT
We propose a new type of noise reduction method suitable for
autonomous mobile robots that require small and light-weighted
devices and low-computational-cost algorithms. In the proposed
method, four-line omni-directional micro electro mechanical sys-
tem (MEMS) microphones are mounted on the robot head. The
proposed method can reduce various kinds of noises simultane-
ously: directional noises are reduced by time-frequency masking
using null beamformers and subtractive beamformers, and diffuse
noises are reduced by multi-channel Wiener filtering using coher-
ences. The effectiveness of the proposed method was shown in
terms of speech recognition accuracies and speech qualities: the
word error rate was reduced by 45% and 0.16 points of PESQ-MOS
were improved compared with conventional time-frequency mask-
ing.

1. INTRODUCTION

We attempt to achieve high-performance hands-free speech recog-
nition, which is a basis of robot audition, by performing noise re-
duction with a low computational cost using the compact and the
light-weighted devices that can be mounted on an autonomous mo-
bile robot.

For the case in which a robot makes a conversation with people
in a real environment, only the target speaker’s speech is required
to be extracted from noisy speech that includes various kinds of
noises, and then be precisely recognized. In order to achieve such a
function for the autonomous mobile robot, both miniaturization and
weight-saving are required for microphones and signal processing
devices on which noise reduction and speech recognition are per-
formed because the weight and the size of the devices are restricted
so as to mount them on the robot. According to the miniaturization
of the devices, low cost computations are also required.

Conventionally, noise reduction techniques using microphone
arrays such as beamforming, blind source separation (BSS) and
Wiener filtering are frequently applied to pre-processing of noisy
speech recognition[1, 2]. These methods generally aim at reducing
either only directional noises (e.g. BSS) or only diffuse noises (e.g.
Wiener filtering). In addition, they require large number of micro-
phones, large scale of microphone arrangements and high compu-
tational costs. Thus, they are not suitable for the noise reduction
system implemented to the autonomous mobile robot in terms of
the size and the computational costs. In addition, most of these
methods assume the microphones are placed on a free-field. How-
ever, since effects of reflections and diffractions that occur around
the robot head and the body cannot be ignored, they are difficult to
give good performances of speech separation and recognition.

Aiming at coping with the reflections and the diffractions deriv-
ing from the robot, precise head related transfer functions (HRTFs)
were measured in all possible areas around the robot[3]. However,
the measurement of the HRTFs for each robot and each arrangement
of the microphones is indeed troublesome work. The HRTFs were
geometrically calculated by making an approximation on the shape
of their robot head: they regard it as a simple sphere[4]. However,
in most cases, the robot heads are far from spherical.

We proposed a new type of directional noise reduction method
using four-line directional microphones mounted on the robot head

that is free from strict HRTF measurements[5]. However, this
method is difficult to apply to micro electro mechanical systems
(MEMS) technologies because it requires the directional micro-
phones. Thus, in this method, the microphones and the signal pro-
cessing devices are difficult to be simply miniaturized. In addition,
it could not explicitly cope with diffuse noises.

In the present paper, we propose a new type of noise reduc-
tion method using omni-directional microphones that are suitable
for the MEMS technologies. In the proposed method, four-line
MEMS omni-directional microphones are placed on the top of the
robot head aiming at suppressing the influences of the HRTFs. The
proposed method can simultaneously reduce both the directional
noise and the diffuse noise using the low-computational-cost al-
gorithms in which the directional noise is reduced on the basis of
time-frequency masking[6] and the diffuse noise is reduced on the
basis of coherences[7].

The rest of the present paper is organized as follows. The mi-
crophone system we used is described in section 2. In section 3,
the algorithm of the proposed noise reduction method is described
in detail. Section 4 gives conditions and results of noise reduction
experiments in a real environment. Finally in section 5, we give
conclusions.

2. MICROPHONE SYSTEM

We use the compact and the light-weighted microphones and sig-
nal processing devices, which are suitable for autonomous mobile
robots.

2.1 MEMS microphone
We use four-line analog MEMS microphones, which are con-
structed on the basis of a semiconductor integrated technology
and are significantly compact and light-weighted. We used
SPM0208HD5 made by Knowles Co., Ltd. The width, the depth
and the height of the microphone is 4.72 mm, 3.76 mm and 1.25
mm, respectively. We made 1.5-cm-square substrates, each of
which consists of a MEMS microphone and peripheral circuits in-
cluding a pre-amplifier. These substrates are mounted on the robot
head.

2.2 Microphone arrangement
As depicted in Fig. 1, the microphones are placed on the top of the
robot head. This microphone arrangement aims at suppressing the
influences of the reflections and the diffractions that occur around
the robot. The microphones are arranged in a squared form in
which each microphone spacing of neighboring microphones is 4
cm and the spacing of microphones in a diagonal position is 5.66
cm. Channels of the microphones are defined as described in Fig. 2.
The front, the right and the left direction of the robot are defined
as zero, positive and negative degrees, respectively. In the present
paper, the target speech is assumed to arrive from the front of the
robot.

2.3 A/D conversion system
Four channel analog signals received from the MEMS microphones
are converted to digital signals using a compact embedded device.
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Figure 1: The robot and the microphones mounted on the robot
head.
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Figure 2: A microphone arrangement. This figure shows the top
view of the robot.

The device consists of SUZAKU-V.SZ310 and SID00-U00, both of
which are made by Atmark Techno Co., Ltd. SUZAKU-V.SZ310 is
an universal embedded device platform, which is based on the com-
bination of FPGA and Linux (with PowerPC405 CPU core) and
mounts a 10BASE-T/100BASE-TX Ethernet connector. SID00-
U00 is an eight-channel A/D conversion system used as an exten-
sion of the SUZAKU board. A resolution of the SID00-U00 is re-
fined from original 12 bit to 16 bit. The digital signals are transfered
to a laptop PC mounted on the robot through Ethernet. Then, noise
reduction is performed on the laptop PC.

3. NOISE REDUCTION SYSTEM

Figure 3 illustrates a diagram of the proposed noise reduction
method. The proposed method consists of three stage signal pro-
cessing: 1) time-frequency masking for directional noise reduction,
2) multi-channel Wiener filtering for diffuse noise reduction and 3)
single-channel Wiener filtering for residual noise reduction. Here,
diffuse noise reduction and residual noise reduction are performed
by the method that we have already proposed[7].

3.1 Directional noise reduction
Figure 4 illustrates a diagram of directional noise reduction. In the
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Figure 3: Block diagram of the proposed noise reduction system.
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Figure 4: Directional noise reduction method.

present paper, xi(t) denotes a signal received from the microphone
Mic-i at a discrete time of t, and Xi(ω,k) denotes a STFT coefficient
of the xi, where k and ω denotes a discrete frame and a discrete
frequency, respectively.

In the proposed directional noise reduction system, outputs of
multiple beamformers such as null beamformers and subtractive
beamformers are positively utilized. c1(t) and c2(t) represent out-
put signals of the null beamformers generated by performing delay
addition and subtraction for the signals received from the Mic-1 and
the Mic-3, x1(t) and x3(t). c1(t) and c2(t) are calculated as follows.

c1(t) = x3(t − τd)− x1(t) (1)
c2(t) = x1(t − τd)− x3(t) (2)

where τd denotes a delay corresponding to the spacing of the mi-
crophones arranged in a diagonal position. The directivity patterns
of c1 and c2 are described in Fig. 5. Here, c1 and c2 forms the
directivity pattern that has a null for the direction of 0◦ and 180◦,
respectively.

s1(t) and s2(t) represents the output signal of the subtractive
beamformer formed by using x1(t) and x3(t) and that of the sub-
tractive beamformer formed by using x2(t) and x4(t), respectively.
s1(t) and s2(t) are obtained as follows.

s1(t) = x1(t)− x3(t) (3)
s2(t) = x4(t)− x2(t) (4)

The directivity patterns of s1 and s2 are described in Fig. 6. s1 forms
the directivity pattern that has maximum gains for the directions of
0◦ and 180◦ and nulls for the directions of 90◦ and -90◦. s2 forms
the directivity pattern that has maximum gains for the directions of
90◦ and -90◦ and nulls for the directions of 0◦ and 180◦.

The signals that come from the direction of the front of the
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Figure 5: Directivity patterns of null beamformers.
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Figure 6: Directivity patterns of subtractive beamformers.

robot, Ŝdir, are extracted by following time-frequency masking.

|Ŝdir(ω,k)| =





|S1(ω,k)|,
if |S1(ω ,k)|> |S2(ω ,k)|

and |C1(ω ,k)|< |C2(ω,k)|
β , otherwise

(5)

where Si(ω,k) and Ci(ω,k) denotes a STFT coefficient of si and ci,
respectively, and β denotes a flooring constant.

In this time-frequency masking, the directional noise coming
from the side of the robot is suppressed by selecting the time-
frequency components in which the S1(ω ,k) is larger than the
S2(ω,k), and then the noise from the backward of the robot is sup-
pressed by selecting the components in which the C2(ω ,k) is larger
than the C1(ω ,k).

3.2 Diffuse noise reduction
Diffuse noises included in the Ŝdir are reduced by multi-channel
Wiener filtering.

At first, four null beamformer outputs are calculated as follows.

b1(t) = x2(t − τn)− x1(t) (6)

b2(t) = x3(t − τn)− x2(t) (7)
b3(t) = x3(t)− x4(t − τn) (8)
b4(t) = x4(t)− x1(t − τn) (9)

where τn denotes a delay corresponding to the microphone spacing
of neighboring microphones. While a conventional approach com-
putes the multi-channel Wiener filter Hm(ω,k) using just the obser-
vations at omni-directional microphones[10], the proposed method
computes it using the null beamformer outputs as follows.

Hm(ω ,k) =
1
2 ∑[abs{Bp(ω,k)B∗

q(ω,k)}]
1
4 ∑4

r=1[Br(ω,k)B∗
r (ω,k)]

(10)

where Br(ω ,k) denotes a STFT coefficient of br (r = 1,2,3,4) de-
scribed in Eq.(6)-Eq.(9). For the case in which the microphone
spacings are small, the proposed method, which uses the null beam-
former outputs, can reduce theoretical magnitude-squared coher-
ences in diffuse noise fields compared to the conventional multi-
channel Wiener filtering, and thus is expected to improve the per-
formance of diffuse noise reduction[7]. In Eq.(10), p and q are
selected as {(p,q)} = {(1,2),(3,4)} so that the null beamformers
used in the calculation of the numerator can form line-symmetric
directivity patterns to the axis containing the target source and the
center of the microphones, where the difference between the direc-
tivity of Bp and that of Bq is just 90 degrees. Here, the correlation
among the diffuse noise components is expected to be reduced.

By using the multi-channel Wiener filter described in Eq.(10),
the amplitude spectrum of the signal in which the diffuse noise is
suppressed is estimated as follows.

|Ŝm(ω ,k)| = Hm(ω ,k) · |Ŝdir(ω ,k)| (11)

3.3 Residual noise reduction

Residual stationary noises remaining in the signals Ŝm, in which
the directional and the diffuse noise are approximately removed,
attempt to be suppressed by general single-channel Wiener filtering.

The residual noises are estimated as the signals in the non-
speech parts that are detected using both the coherences calculated
in the diffuse noise reduction stage and the signal powers. Then, the
Wiener filter Hs(ω ,k) is calculated using these residual noises. The
target source Ŝ(ω,k) can be estimated as follows.

|Ŝ(ω ,k)| = Hs(ω,k) · |Ŝm(ω,k)| (12)

A phase of the observed signal is given to the amplitude spectrum
|Ŝ(ω,k)| in order to recover the time-domain signal.

4. NOISE REDUCTION EXPERIMENT

In order to evaluate the effectiveness of the proposed method, ex-
perimental comparisons were conducted under noisy conditions in
which both directional noises and diffuse noises exist. Noise reduc-
tion systems were evaluated using the automatic speech recognition
performance based on the word accuracy and the speech quality
based on the PESQ-based MOS[8]. The word accuracy was calcu-
lated in a common manner as follows.

WA =
N −D−S− I

N
×100 (%) (13)

where N, D, S and I represent the number of words included in
correct word sequences, the number of deletion errors, the number
of substitution errors and the number of insertion errors, respec-
tively. PESQ-MOS were calculated using reference signals that
were observed at the microphones for the case in which only the
target source existed.
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Figure 7: Recording environment.

4.1 Speech materials
Figure 7 illustrates the recording environment. Microphones were
placed on the head of the conversation robot “ROBISUKE”[12].
Both the distance between the target source and the robot and the
distance between the disturbance and the robot were 100 cm. The
target source was placed in the direction of 0◦ and the disturbance
was placed in the direction of 45◦, 60◦ and 90◦.

The target speeches consisted of 100 sentences, which were
spoken by 23 male speakers, from the Japanese-Newspaper-Article
continuous speech database[13]. As for the directional noises (dis-
turbance speeches), 100 sentences that were different from the tar-
get speeches were also selected from the same database. Here, a
disturbance utterance was selected so as to be approximately the
same in the duration as the corresponding target utterance. In addi-
tion, the energy of the disturbance speech was adjusted so that the
temporal-averaged energy of the disturbance speech would become
the same as that of the corresponding target speech. Thus, a SNR
of the target speech to the directional noise was approximately 0
dB. On the other hand, the diffuse noise was simulated by playing
back the ambient noise of a large air-conditioning machine from ten
loudspeakers placed in a square round the room. Then, the diffuse
noise recorded at the microphones on the robot head was superim-
posed on the target speech with the directional noise so that a SNR
of the target speech to the diffuse noise would be just 15 dB.

4.2 Evaluation items
The performances were investigated for a) the case of non-
processing, and four noise reduction methods as follows: b) delay
and sum (DS) method followed by Zelinski’s post filtering, which
was conventional multi-channel Wiener filtering[10], using four-
channel signals (4ch-DS+MWF), c) generalized sidelobe canceller
(GSC)[9] using four-channel signals (4ch-GSC), d) time-frequency
masking based on phase differences between microphones using
two-channel signals (2ch-TFmasking)[11], and e) the proposed
method. Here, 2ch-TFmasking used two-channel signals received
from the Mic-2 and the Mic-4. The range of the target source direc-
tion in 2ch-TFmasking was set to ±20◦.

4.3 Experimental condition
Analysis setup for noise reduction is shown in Table 1.

Analysis setup for speech recognition is shown in Table 2.
Acoustic models were trained with 20414 sentences spoken by 133
male speakers from the ASJ database, which consisted Japanese

Table 1: Setup for noise reduction.
sampling frequency 16 kHz
frame length 32 ms
frame shift 8 ms
analysis window Hamming window
analysis range of frequencies 300 - 5600 Hz

Table 2: Setup for speech recognition.
sampling frequency 16 kHz
frame length 25 ms
frame shift 10 ms
analysis window Hamming window

12 MFCCs, 12∆MFCCs,feature parameters
∆log energy

newspaper article sentences (ASJ-JNAS) and phoneme balanced
sentences (ASJ-PB) recorded with close-talking microphones[13].
We adopted state-tied triphones in which the number of the states
was 2000 and the distribution function in each state was represented
by a 16-mixture Gaussian distribution with diagonal covariances.
As for a language model, we used word trigrams that were con-
structed by using a lexicon of 20K vocabulary.

4.4 Experimental results
The results based on the word accuracies and those based on the
PESQ-MOS are shown in Fig.8 and Fig.9, respectively.

As depicted in Fig.8, the proposed method (e) achieved a word
accuracy of better than 75% for the case in which the direction of ar-
rival (DOA) of the disturbance was larger than 60◦. Since the num-
ber of the insertion errors in Eq. (13) was significantly increased
without any noise reduction (a), the word accuracy became below
0%. Thus, in this case, speech recognition did not work. The word
accuracies were not improved even if four-channel DS method fol-
lowed by conventional multi-channel Wiener filtering (b) and four-
channel GSC (c) were applied. Time-frequency masking based on
the phase differences between the microphones (d) gave good per-
formances compared to the DS method and the GSC. It gave almost
the same performance as the proposed method for the case in which
the DOA of the disturbance was 45◦. However, for the case in which
the DOA of the disturbance was larger than 60◦, the performance of
this method was significantly degraded compared to the proposed
method.

In addition, as depicted in Fig.9, the proposed method could im-
prove also the speech qualities compared to the conventional meth-
ods with the similar tendency as the results based on the word accu-
racies.

For the case in which the performances were averaged for the
DOAs of the disturbance, the proposed method reduced word er-
rors of 45% and improved 0.16 points of PESQ-MOS compared to
time-frequency masking, which gave the best performance in the
compared conventional methods.

5. CONCLUSION

We proposed a new type of noise reduction method suitable for
autonomous mobile robots, which used the compact and the light-
weighted MEMS microphones and the low-computational-cost al-
gorithms. The proposed method can cope with various kinds of
noises such as the directional noise and the diffuse noise. The ex-
perimental results in the real environment including both the direc-
tional and the diffuse noise showed the effectiveness of the proposed
method in terms of the word accuracy and the PESQ-MOS: 45%
of word errors of the conventional method was reduced and 0.16
points of PESQ-MOS were improved compared to the conventional
method.
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