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ABSTRACT

This paper represents a robust target signal detector using
two microphones. Most of target signal detection (TSD)
algorithms incorporate with microphone arrays (MAs), and
their basic assumption is that the location of target acoustic
source is known. Therefore, target signal portions can be
identified by exploiting the spatial information of the target
location which is inherent in the binaural input signals. The
proposed TSD employs a target signal absence probability
(TSAP) estimation method that is statistically derived from
the likelihood ratio test (LRT). A series of tests are con-
ducted to evaluate the performance by comparing with a
typical TSD method based on signal-to-interference-plus-
noise ratios (SINRs). The experimental results show that the
proposed method significantly outperforms the conventional
TSD method in low SINR and vehicular noise environments.

1. INTRODUCTION

Acoustic sound enhancement with interference reduction
has attracted a great deal of a research interest for many
years and still receives attention due to widespread applica-
tions such as telecommunications, hands-free communica-
tions, hearing aids, and so on. Since hands-free situation
allows more comfortable and interactive user interface,
hands-free user interface becomes popular in ubiquitous
computing and networking environments. However, the
signal quality in a hands-free environment tends to be poor
due to distant installation of an input transducer system.
This distant microphone cause weak acoustic wave as the
wave propagation distance is increased in the air. And the
acquired sound quality tends to be contaminated by rever-
beration or interference. Although hands-free situation is
not desirable for acoustic sound acquisition, MAs enable a
high-quality and comfortable sound acquisition due to the
capability to suppress interfering signals. And they also
have potential to replace a head-mounted or desk-stand mi-
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crophone for acquiring speech data in many applications.
Recently, widespread use of mobile telephones in a car has
created a demand for hands-free installations. Therefore,
MAs have received a great attention since they enable high
noise-reduction performance with a small number of micro-
phones arranged in small space [1].

Among the component technologies in MAs, TSD
plays an important role such as adaptive mode controller
(AMC) in the generalized side-lobe canceller [2][3]. In
many MA applications, it is assume that the direction of
target acoustic source is known such as hands-free tele-
phone conversation in a car. Therefore, the target signal
portions can be separated by exploiting the spatial informa-
tion of the target location [4][5]. Furthermore, this target
signal portion identification can be useful in detecting
speech starting and ending points for voice recognition in
an adverse environment. Since the traditional TSD algo-
rithms are usually designed using heuristics, it is difficult to
optimize the relevant parameters [6][7]. The traditional
TSD methods with a fixed threshold often fail in tracking
the spatial information of the target signal in noisy envi-
ronment. And this target tracking failure is likely to limit the
TSD accuracy [6][7]. In the traditional TSD methods, a
threshold calibration by an expert needs to be followed to
achieve high TSD accuracy when acoustic environment is
changed.

In this paper, we introduce a statistical model-based
TSD method using binaural cross-similarity between filter-
bank output pairs. The normalized cross-correlation (NCC)
of binaural filter-bank output pairs is considered as a cross-
similarity feature. Since it is assumed that the location of
the target source is already known and the two-channel MA
is steered at the target location, it can be said that the loca-
tion of the target source is always in the front. In this work,
the proposed TSD scheme is based on statistical TSAP,
which is derived from the LRT and this statistical model-
based decision rule does not require any further threshold
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calibration depending on the application environment
changes.

The remainder of the paper is organized as follows:
The typical TSD algorithm based on SINRs is described in
Section 2. In Section 3, the proposed TSD method based on
statistical models is explained in detail. The implementation
and performance evaluation of the proposed algorithm are
presented in Section 4. Finally, our conclusions are summa-
rized in Section 5.

2. TRADITIONAL TSD METHOD BASED ON
SINR ESTIMATION

The traditional TSD methods are fundamentally based on
the spatial information between target and interference
source. The already reported TSD methods can be roughly
separated into two technical branches. One is based on
SINR comparison using a fixed acoustic beam-former (BF)
and a blocking matrix (BM) [6], and the other is to identify
target signal portions from the input by exploiting binaural
cross-similarity [8]. Since the proposed method is based on
binaural cross-similarity, the typical TSD method based on
SINR in [6] is implemented for the performance compari-
son. Since a car interior environment includes two types of
interferences (diffused and look directional interferences),
we modified the original algorithm to cope with the inter-
ferences at the same time. Driving noises can be classified
into diffused interference and the car audio sounds are char-
acterised as look direction interferences. Figure 1 shows the
block diagram of the modified TSD system. As shown in
Figure 1, the power density of diffused interference signal is
estimated by combining the fixed BF and the BM outputs,
and the target signal portions among the input are identified
by simple SINR comparison. The details of the fixed acous-
tic BF and the BM used in this work can be found in [9].
The power of interference signal from the other directions
except the pre-defined look direction is obtained by using

BM output signal as follows:
N-1

Pow, (i):%Z[y(M <i+K)P 0

k=0
where N is the frame size, M is the frame shift size, i is a
frame index and y(.) indicates output signal from the BM.
The power density of the non-look-direction interference
signal is calculated throughout the following equation:
Py(i) =Py (i—1) + (1—ay)Powg, (i), 0<ay <1 (2)
The diffused or look-direction interference signal power is
attained by subtracting the non-look-direction interference
signal power from the fixed beam-former output in the inter-
ference portion as follows:
Pow,, (i) = MAX {(Pow (i) — Pow,,, (i)),0} (3)
The power density of diffused interference signal can be
attained by the following equation in the interference region:

Rur (1) = By Ry (1=1) + (1— B, ) Powg (i) @)
,if SINR(i)<6,,0< 6, <1
where 6y, denotes the threshold for updating power density

of diffused interference signal. The logarithmic SINR of the
i-th frame is calculated by the following equation:

SINR(i) = MAX {log(m}o} ()

Finally, target signal frames are separated from the input by
the following equation:
1, if SINR()> 6,
TSD= ®)>6 (6)
0, otherwise
where 6, denotes the threshold for decision making. The

threshold should be chosen by a heuristic manner according
to the background noise condition.
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Figure 1 — Block diagram of the modified TSD method
based on SINR

3. THE PROPOSED TSD METHOD

We adopt statistical model concept to TSD algorithm using
binaural cross-similarity. Since spatial sparseness assump-
tion can be employed in a car environment, the NCCs of
binaural filter-bank output pairs are considered as a statisti-
cally independent identically distributed Gaussian random
process. The basic hypotheses are as follows:

Ho : TargetSignal Absent

Hq : TargetSignal Present

The conditional probability of the NCC is obtained by the
following equation (7):

. 1 [Rx X (i'k)_me ’
PR, , (i,k)|Ho )= — :
e b,

Ank

P(Rxlvxz (i’k)l Hl): 71-111 eXp{— [RXI’XZ (i’k)_ml,k 2}

A 1.k
where R, ,,(i,k)indicates the binaural NCC between the -

th filter-bank output pair at the i-th frame index. Ay 4 is the
variance of the NCC of interference signal on the k-th filter-
bank output. 4,  is the variance of the NCC of input signal
(target and interference signal) on the k-th filter-bank output.
my_ and m; ; indicate the mean of the NCC of interference
and input signal, respectively. The likelihood ratio of the
conditional probabilities for the k-th frequency band at the i-
th frame can be obtained as follows:
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P(R,,, (i.k)[H,)
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Finally, the target signal absent probability (TSAP) is ob-
tained by the following equation (9):

P(H, IR, (1))

P(H)[ [P(R, (i, k)| Hy)
k=1

P(HU)H P(R,,, (1, K) [ H) + P(Hl)H PR, (i,K)[H,)

- 1 )
- M
1+q] JA,
k=1
in which ¢ is the ratio defined by
P(H,)
qg=— (10)
P(Ho)

Finally, target signal frames are identified among the input
as follows:

1, if P(H;|Ry,(1)<6, (11)
0, otherwise

Since the threshold value of the proposed method is a prob-
ability value, it can be chosen more easily when compared to
the conventional TSD methods. The mean and variance for
the k-th filter bank output at the i-th frame index are ob-
tained by using the moving average scheme as follows:

M@= YR (1K)

TSD:{

(1)
A=Y R, G-10-m, OF,

where L is the number of the frames for long term estimation.

The mean and variance estimation on interference only por-
tions is done recursively as follows:

My (1) = BaMy (1 -1 + Q- B,)m, (1)
A )= B (=D + (0= £, (), ()
if P(Hg Ry ()>6psece

where 0< ;<1 and 0< 3, <1 are the smoothing pa-

rameter and 0ypgae denotes the threshold for updating mean
and variance at the interference only frames. In addition, the
mean and variance of interference and input signals are ini-
tialized using first fifteen frame signals. Figure 2 shows the
block diagram of the proposed method. As shown in Figure
2, the binaural input signals are analyzed by filter banks.
And then the NCCs between the binaural filter-bank output
pairs are estimated. After estimating the statistical properties
of the background interferences, target signal portions
among the input are identified by TSAP.
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Figure 2 — Block diagram of the proposed TSD method

4. IMPLEMENTATION AND EVALUATION

In this section, the realization and performance evaluation
of the proposed method are explained. The proposed TSD
method is implemented in time-domain and in frequency-
domain, and evaluated by comparing the TSD accuracy
with the typical TSD method in section 2.

4.1 Implementation of the proposed TSD method

The proposed TSD algorithm can be realized in two different
domains. One is in time-domain and the other is in fre-
quency-domain. In order to test the TSD accuracy of the
proposed method, we implement the algorithm in both the
domains. For the algorithms implementation in time-domain,
5 channel filter-banks are applied. The centre frequencies of
the filter bank are linearly spaced from 1 kHz to 6 kHz and
the bandwidth is 1 kHz. In order to preserve the signal char-
acteristics in each pass-band, Butterworth type IIR filters are
served for the filter-bank signal decomposition. The number
of tabs is 4. After the filter-bank analysis, the signals are
framed for cross-similarity estimation. The frame size and
the frame shift are 40ms, 10ms, respectively. And then, the
time-domain NCC values of the binaural filter-bank output
pairs are obtained by the following equation (14):

gxi*(n)x;*(n) »
N- -1 , U2y, 4 _ , 1/2
xi*(n)} {Z x;*(n)}

Ry, (1K) = {
where X{'k (n) and Xi2'k (n) represent the n-th temporal sig-

nals for the k-th frequency band and i-th frame of the first
and second microphone, respectively. And N7 is the number
of signals of a frame.

For the frequency-domain implementation, the binaural
input signals are framed for short-time spectrum analysis.
The frame size and frame shift size for this task are 32ms
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and 10ms, respectively. After Hanning windowing procedure,
fast Fourier transform is applied for the filter-bank analysis.
5 channel filter banks are equally spaced from 1 kHz to 6
kHz. The NCC values are calculated as follows:

3,6 )X G, )

= (15)

Sir] [$xr]

=Ny J=Ng

R)g,x2 (i, k) =

where Xi(i, j) and X5(7, /) indicate the j-th spectral signals at
the i-th frame of the first and second microphone, respec-
tively, and N, and M, denote the starting and ending fre-
quency component for the A-th frequency band, respectively.
And * indicates a complex conjugate.
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Figure 3 — Sample results at each step of the proposed time-
domain TSD method at 10 dB SINR in the front target source loca-
tion. (a) Spectrogram of noisy input signal. (b) NCC values from
filter bank (c) TSAP (d) TSD accuracy comparison with manual
target signal segmentation.

Since the frequency resolution of the time-domain imple-
mentation is superior to the frequency-domain implementa-
tion, it is expected that the TSD accuracy of the time-domain
implementation may be better than the frequency-domain
implementation. Figure 3 shows sample results at each step
of the proposed time-domain TSD method. Since the target
source is located in the front, it is shown that the NCC val-

ues are relatively higher and the TSAP values are lower in
target signal portions. The comparison of TSD results with
manual target signal segmentation are shown in Figure 3(d).
The comparison result indicates that the TSD accuracy of the
proposed method is fairly good in the presence of ambient
noise.

4.2 Performance evaluation

Recently, the demand on hands-free installations in automo-
bile is on the rise due to the user requirement on driving
safety and convenience. Therefore, the performance evalua-
tion is conducted in car environment and TSD accuracy is
measured. In order to compare the performance of the pro-
posed method, the modified TSD method based on SINR
estimator are implemented and tested.

For the test speech database acquisition, two micro-
phones are equipped on the centre fascia in C-class sedan,
which was manufactured by Hyundai Motors and the dis-
tance between the microphones is 4 cm. For the target signal
acquisition, phonetically balanced Korean words are played
from a small speaker in the cockpit. The speaker is located in
the front of the microphones. The sound of moving car at
medium speed (60~80 km/h) is recorded for an hour and this
kind of engine noise is diffused by the car interior. In order
to obtain non-look directional interference signals, a song is
played throughout the car audio installation and this sound is
emitted from the four surround speakers which are already
equipped in the car. The diffused and directional interference
signals are randomly added to the target speech samples in
order to attain noisy signals in various SINR conditions.
Total number of the speakers who are engaged in this ex-
periment is 10 (6 males and 4 females), and 10 utterances
per each speaker are mixed to obtain noisy signal samples in
various SINR conditions. In this experiment, the perform-
ance comparison between the traditional and the proposed
TSD method is conducted in the aspect of target signal de-
tection probability (Prsp) and false-alarm probability (Pg,).

Figure 4 shows the receiver operating characteristics
(ROC’s), which shows the trade-off relationship between the
Prsp and Pgp at 0 dB and 5 dB SINR. As shown in Figure 4,
both the proposed methods outperform the modified TSD
method based on SINR. It is also shown that the proposed
time-domain TSD method is superior to the frequency-
domain method due to its fine frequency resolution. In this
work, the threshold of g, =0.2 and §pgae =0.4 is set for the

proposed time-domain approach and the threshold of
0p =0.4 and Gpgare=05 is for the proposed frequency-

domain approach. In both the implementations, the smooth-
ing factors, Sy, = 3, = 0.98 are chosen. Long term window of

fifteen frames are used for the temporal mean and variance
estimation using moving average technique. All the experi-
mental results in various SINR conditions are summarized in
Table 1. Table 1 indicates that both the proposed TSD meth-
ods are superior to the conventional SINR-based TSD
method in various SINR conditions. Especially, the proposed
time-domain method shows robust TSD performance even
in the presence of severe interfering signals. In the TSD al-
gorithm implementations, we do not consider hang-over or
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median filtering procedure for improving the detection per-
formance.
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Figure 4 — Receiver operating characteristics of the conven-
tional TSD based on SINR and the proposed method. (a) 5 dB
SINR. (b) 0 dB SINR.

Table 1 — Prgp and Pgy (%) of the proposed and SINR-based
TSD method in various SINRs.

Proposed TSD Proposed TSD
TSD method method
Methods method
based on SINR . . (Frequency
(Time Domain) .
Domain)

SINR 1:)TSD 1:)FA 1:)TSD pFA P"l'SD PFA

20 dB 81.24 | 12.22 | 97.67 4.30 95.98 8.00

15dB 81.75 | 19.00 | 95.73 2.95 85.25 11.65

10 dB 7438 | 13.96 | 91.20 1.04 88.61 7.48

5dB 72.70 | 22.96 | 87.06 0.65 82.01 14.09

0dB 53.04 | 19.18 | 75.93 6.74 76.97 9.74

-5dB 47.47 | 40.84 | 67.27 3.00 49.93 12.83

However, since the experimental results show that the Pg, of
the proposed methods are maintained at various SINRs, it is
expected that the TSD accuracy of the proposed method can
be improved simply by adding hang-over or median smooth-
ing procedure.

S. CONCLUSIONS

In this paper, a novel TSD method based on statistical mod-
els is introduced. In order to identify target signal portions
among the noise-corrupted input, the spatial information

based on binaural cross-similarity between the filter-bank
output pairs is exploited. And TSAP is derived from the
LRT using a statistical model. Then, the target signal por-
tions are separated from the noisy input by simple TSAP
comparison method. We have implemented the proposed
TSD idea in two domains: One is time-domain and the
other is frequency domain. In order to evaluate the perform-
ance of the proposed method, a series of simulation tests are
conducted in the aspect of Prgp and Pg, under various car
interior environments. The experimental results indicate that
the proposed method superior to the traditional TSD method
and shows robust TSD performance, even in the presence of
severe interfering signals.

Future work will include the investigation of a number
of state-of-the-art TSD methods in terms of speech distortion,
SINR improvement, and average speech recognition rate.
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