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ABSTRACT

In Formula 1 car racing, the pit crew use headset systems con-
sisting of a close-talking microphone and headphones to enable
them to communicate because the noise level at a circular race
track is very high. Even so, it is hard for the pit crew to un-
derstand speech commands that are affected by car noise in-
terference. In this paper, we propose a robust noise reduction
method that works well even under such noisy conditions. We
previously proposed a robust real-time source separation method
called SAFIA. Here, we present the idea of applying SAFIA to
a headset communication system, and three improvements to
SAFIA to overcome very high noise levels. Although the av-
erage of the SNR of input signals was -12 dB, our method im-
proved the SNR by 17.5 dB. Subjective test results indicate that
the proposed method is perceptually effective.

1. INTRODUCTION

The problem of segregating a desired sound from among
several concurrent sounds has been actively studied. Two
main approaches have been used to overcome this prob-
lem. One uses a single channel input, and the other uses

multi-channel inputs. An example of a single-channel method

is spectral subtraction methods, which enhance the speech
signal by subtracting estimated noise from the observed
signal [1]. These methods are difficult to apply to non-
stationary noise. Multi-channel methods use spatial char-
acteristics as additional cues. An adaptive microphone ar-
ray [2] reduces noise by null-steering to the noise source
direction. The ICA-based method [3] segregates sound
sources by using the statistical independence of speech
signals. They use second-order or higher statistics. The
main bottleneck, which prohibits their on-line operation,
is the high computational complexity.

We previously proposed a robust real-time source
separation method called SAFIA (sound source Segrega-
tion based on estimating incident Angle of each Frequency
component of Input signals Acquired by multiple micro-
phones) [4]. In [4], we showed that suitable frequency res-
olution concentrates the speech-signal power spectrum on
specific frequency components. SAFIA segregates objec-
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tive speech from concurrent sounds by using these charac-
teristics. It separates the objective speech by selecting the
frequency components judged to be the objective speech.
As for the judgment, spatial cues such as inter-channel
amplitude difference and inter-channel phase difference
are used.

Since SAFIA uses spatial cues to estimate the objec-
tive signal’s spectra and does not require a priori knowl-
edge of the power spectrum of noise, it can be applied to
reduce even non-stationary noise unlike the spectrum sub-
traction methods. SAFIA does not need adaptation unlike
the adaptive microphone array. Moreover, it does not cal-
culate higher-order statistics, so its computational load is
very small. Although SAFIA is a quite simple algorithm,
it can work well even under reverberant conditions. The
SNR of SAFIA’s output signal is more than 23 dB in con-
ditions where the room reverberation time is 300 ms [5].
A method that falls into the same category as SAFIA was
presented [6], which proposed an extended method that
separates more than three different speech signals.

In this paper, we describe the application of SAFIA
to reduce noise in Formula 1 car racing. Since the noise
level at a circular race track is very high and the time-
variance of the noise is very rapid, the performance of
conventional SAFIA is insufficient. There are two re-
quirements: we need to improve the SNR under condi-
tions where the input signal’s SNR is negative and keep
the speech quality. To meet these requirements, we made
three improvements to SAFIA: we added a frequency do-
main limiter, masking by adding the original signal, and a
time-variant comb filter.

2. NOISE CONDITIONS AT CAR RACE TRACK

In Formula 1 car racing, there are many kinds of noise,
such as racing car noise, audience cheering, and announce-
ments over the public address system. The loudest one is
racing car noise. A team’s manager and supervisors stand
next to the circular race track and direct the team. They
wear a headset (see Fig. 3) and use close-talking micro-
phones, but these pick up a lot of noise. The A-weighted
sound pressure level at the circular race track is more than
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Figure 1: Block diagram of SAFIA.

130 dB. In the pit, several members of the pit crew work,
for example, to change tires or refuel the car. There is a
lot of engine noise in the pit, but the pit crew members
must communicate with each other frequently to coordi-
nate their work. The A-weighted sound pressure level in
the pit is more than 123 dB. About 60 pit crew members
use headsets and close-talking microphones in order to
communicate with each other. However, since the noise
level is extremely high, even when a close-talking micro-
phone is used, the SNR of the input signal is quite low.
The average SNR between the input speech signal and rac-
ing car noise is -12 dB. That between the input speech sig-
nal and engine noise is -5 dB. Under these circumstances,
pit crew speech communication is very difficult.

3. OVERVIEW OF SAFIA

SAFIA segregates target speech by using the character-
istic that a suitable frequency resolution concentrates the
speech-signal power spectrum on specific frequency com-
ponents.

We review SAFIA briefly below (Fig.1). The origi-
nal SAFIA uses both inter-channel amplitude difference
and inter-channel phase difference; however, to reduce
computational load, we use only inter-channel amplitude
difference. Assume that the target sound source is closer
to Mic. 1 than to Mic. 2 and that the noise source is
closer to Mic. 2 than to Mic. 1. Input signals 1 (n) and
x2(n) are translated into the frequency domain such as
X (w, 1) and X5(w,!) by fast Fourier transform where, [
is the frame index. The inter-channel amplitude difference

AA(w,l) = 20log;, (le(‘“’m) is calculated.

[Xa(w,0)]

Both target speech and noise are assumed to have
harmonic structures. We showed that if the frequency
resolution is properly determined, these harmonic com-
ponents hardly overlap [4]. In other words, most of the
frequency components of a mixed signal belong to either
the target speech or the noise. Based on these approxi-
mations, the inter-channel amplitude difference for each
frequency between X (w,!) and X (w, 1) is that of either
the target speech or the noise. For the arrangement shown
in Fig.1, where the objective source is closer to Mic. 1
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Figure 3: Headset of noise reduction sysytem.

than to Mic. 2, the level of objective speech contained in
X (w, 1) will be greater than that in X5(w,!). Therefore,
the decision process works as Eq. (1):

if AA(w) > LevTh(w), then S(w,l) = X;(w,1)

S’(w,l) = B : Xl(w7l)7 (D

else

where LevT h(w) is zero and /3 is a small positive number.
The target speech is then reconstructed by transforming
S(w, 1) from the frequency domain into the time domain
by inverse Fourier transformation. This is the principle of

SAFIA.

4. NOISE REDUCTION SYSTEM

Figure 2 shows a diagram of the proposed noise reduction
system. A digital signal processor board containing the
proposed noise reduction algorithm and a wireless com-
munication board are set in one ear muff. The speech
signal enhanced by the proposed algorithm is sent to the
wireless network. The headset of the noise reduction sys-
tem is shown in Fig. 3. A close-talking microphone (Mic.
1) is set near the mouth and a directional microphone for
picking up noise (Mic. 2) is set on the band of the headset.

5. PROPOSED METHOD

We describe the revision of SAFIA for the headset system
and the three improvements. The block diagram of the
proposed method is shown in Fig. 4.

5.1. Applying SAFIA for headset system

To apply the principle of SAFIA to the headset system,
the value LevT h(w) should be suitably set. In this case,
the target source is the voice of a speaker who wears the
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Figure 4: Block diagram of the proposed method.

headset and the noise sources are car racing noise, audi-
ence cheering, and so on. The distance between the target
source and Mic. 1 is about 2 cm. The distance between
the target source and Mic. 2 is about 15 cm. On the other
hand, the distance between noise source and Mic. 1 is
more than 1 m. The distance between the noise source
and Mic. 2 is similar. Thus, the inter-channel amplitude
difference of the target source (A Lg(w)) is larger than
the inter-channel amplitude difference of the noise source
(A Ly (w)). Thatis to say, the value of LevT h(w) should
be set in the range of the formula A Lg(w) > LevTh(w)
>A Ly (w)

5.2. Frequency domain limiter

To reduce the noise, which is much louder than the speech,
we propose using a frequency domain limiter. For exam-
ple, at frequencies over 1700 Hz, the noise power is 20 dB
greater than the speech power. We applied the limiter only
at frequencies over 1700 Hz. To decide the thereshold of
the limiter for each frequency component, we calculated
the average power of speech signals (|Sys(w)|) and the
average power of noise signals (|Nps(w)]). The algorithm
for the limiter is

if [ Xa(w, Ol > |Su(w)

|Sm (W)| + [o(w)
then Yi(w,l) X 0] - X (w,1)
else  Yi(w,l) = Xi(w,l), 2

where |o(w)| is the variance of the power of speech sig-
nals.

5.3. Masking by adding the original signal
To prevent “musical noise”, we introduced masking by
adding the original signal [7]. We used the signal after
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applying a frequency domain limiter Y (w, ) to mask the
“musical noise”. The signal masking by the original sig-
nal U(w, 1) is expressed by Eq. (3).

Ulw ) = (1-al)Ww,l)+aYi(w,]) 3)
We adapt the rate of adding signal «(l) according to the
speech power. During the speech periods, speech quality
takes priority over the SNR improvement, so the rate of
adding original signal a(l) must be high. On the other
hand, during the noise periods, the SNR improvement has
priority over speech quality, so the rate of adding original
signal «(!) should be small. To detect speech periods, we
use the output signal of SAFIA (W (w,!)). The value of
a(l) is decided according to Eq. (4) by using the power of
SAFIA’s output signal (Pow(1)).

QA Min POU)(l)<P1
) amae Pow(l)>P2
W= auin + 2= (Pow)-p1) @

otherwise

The values of P1 and P2 are the average powers of noise
and speech periods, respectively.

5.4. Time-variant comb filtering

Racing car noise has periodicity based on the engine speed.
To reduce periodic noise, we use a comb filter [8]. We es-
timated the fundamental frequency w; of engine noise in
each frame and reduced it by using the comb filter f(w, 1),
which is expressed by

1-0.52-cos(2-7- %)

fwl) = 1.52

&)

To estimate w;, we detect the frequency component having
the largest power from 500 Hz to 1 kHz as w; by observing
the input signal X (w, ).

6. EVALUATIONS

6.1. SNR

We evaluated the performance of the proposed method in
terms of the SNR. This indicated how much of the tar-
get speech was segregated from the mixed noisy signal.
Nine mixed signals recorded in Formula 1 car racing were
used for the test. The results are shown in Fig. 5. The
average of the input signals’ SNR was -11.6 dB. After
the proposed method was applied, the SNR was 5.9 dB.
Thus, our method improved the SNR by 17.5 dB under
extremely noisy conditions.

Figure 6 shows the SNR improvement of each block.
SNR_ Lim means the signal’s SNR after applying only a
frequency domain limiter. So, the improvement in SNR
attributed to the frequency limiter was 5.5 dB. SNR_SAFIA
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Figure 5: Results for SNR improvement by the proposed
method.
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Figure 6: Results of SNR in each processing.

means the signal’s SNR after applying both the frequency
domain limiter and SAFIA. This indicates that SAFIA im-
proved SNR by 19.1 dB. Similarly, SNR_ Mask means the
signal’s SNR after applying a frequency domain limiter,
SAFIA, and masking caused by adding the original sig-
nal. It means that the masking produced by adding the
original signal reduced the SNR by 10.5 dB. This is be-
cause to keep speech quality by adding the original sig-
nal, SNR will decrease. In the end, the SNR of the output
signal (SNR_OUT) became 5.9 dB. This means that the
time-variant comb filter improved the SNR by 3.4 dB.

6.2. Subjective test

To examine the effect of the proposed method, we eval-
uate the sound quality through a paired comparison test
between input signal (before the proposed method was ap-
plied) and the signal with noise reduced by the proposed
method.

Twelve subjects listened to six pairs of signals. They
used headphones to listen to the six pairs of signals in ran-
dom order. Then they ranked the speech quality on a five-
point scale from 1 (bad) to 5 (excellent). The twelve sub-
jects were Japanese men in their twenties or thirties.

Test results are shown in table 1. The rate for excel-
lent (5) was 15.3% and that for good (4) was 64.4%. This
indicates that in about 80% of the trials, subjects evalu-
ated the proposed method as being perceptually effective.
On the other hand, the rate for poor (2) was only 2.8%,
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indicating that this method has few drawbacks.

Table 1: Results of the subjective tests

Score Number of answers | Rate (%)
5: excellent 33 15.3
4: good 139 64.4
3: fair 38 17.6
2: poor 6 2.8

1: bad 0 0

6.3. Evaluation by racing team BAR Honda

Formula 1 racing team BAR Honda tested our method in
the 2003 race season. Sixty pit crew members used this
system for two race sessions (total of 6 days). It was fa-
vorably received by them. Their impression was that this
system improved the intelligibility of speech and reduced
noise effectively. In particular, the manager in charge of
speech communication technology had a high opinion of
our system. The results showed that the system can with-
stand severe noise conditions of Formula 1 car racing.
This method has also performed well for the racing team
DoCoMo DANDELION since it was introduced in their
Formula Nippon (FN) car racing in July 2003.

7. CONCLUSIONS

We improved the noise reduction performance of SAFIA
by adding a frequency domain limiter, adaptive masking
achieved by using speech segmentation, and time-variant
comb filtering. This method improved the SNR by 18 dB
when the average SNR of input signals was -12 dB. Sub-
jective tests showed that this method is perceptually effec-
tve.
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