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ABSTRACT

Adaptive microphone array systems have achieved
widespread use because of their efficiency at enhancing
speech signals which are degraded by additional back-
ground noise. However, these multichannel systems
suffer significant performance degradation in the pres-
ence of time differences of arrival (TDOA's) between
the received speech signals. Therefore beamsteering or
beamforming techniques are applied in order to esti-
mate and compensate the TDOA's.

A new method for estimating TDOA's in noisy speech
signals is presented which includes a generalized cross-
correlator, an improved peak detector, and a plausibility
check of the estimated TDOA's. This time delay
estimator shows a significant improvement upon time
delay estimators proposed in literature.

1. INTRODUCTION

In this work, time delay estimation is used to facilitate
multichannel noise reduction of noisy speech signals.
The microphone array speech enhancement system
used here includes schemes for time delay estimation,
time delay compensation and multichannel noise
reduction (fig. 1). The noise reduction is performed by
adaptive post-filtering of the time-delay-compensated
and averaged input signals, as proposed in {8].
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Fig. 1: Structure of the speech enhancement system

The Estimation of time differences of arrival (TDOA's)
between signals received by two or more sensors has
found many applications in areas such as sonar, radar,
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underwater acoustics, etc. In recent literature on this
subject, mostly both the desired source signal and the
disturbing noise signals are assumed to be stationary
uncorrelated random processes. Therefore, the standard
method for estimating the TDOA is to cross-correlate
the corresponding input signals [1]. The argument
which maximizes the resulting cross-correlation func-
tion provides an estimate of the TDOA.

For microphone array speech input systems, the estima-
tion of TDOA's in noisy speech signals performed by
the method mentioned above leads to large or anomal-
ous errors [7] which result from spurious cross-correla-
tion peaks far from the true peak position. These spuri-
ous peaks are caused by speech pauses, speech signals
with periodic components or periods with dominating
background noise. In order to avoid anomalous errors,
the estimation can only be performed during speech
activity and at high signal-to-noise ratios (SNR's). In
this case only small or normal errors occur when noise
components cause a slight displacement of the cross-
correlation peak from the true peak [7].

For these reasons, a time delay estimator for noisy
speech signals has to include a time delay analysis and
a plausibility check of the TDOA estimates, both
designed to reduce normal and anomalous errors.

2. MODEL ASSUMPTIONS

The microphone array consists of M = 4 microphones.
The received signals contain the desired speech signal
and the disturbing background signals. Because of
different distances between the speaker and each
microphone, the received speech signals are differently
delayed versions of the source speech signal. Further,
the speech signals are highly correlated, neglecting the
TDOA's. The background signals are decorrelated by
room reflections and are consequently assumed to be
mutually uncorrelated at the location of the micro-
phones. The signals, which are received by the micro-
phones, can be modelled as

x (k) = s(k)+n(k)

- L 1
x(k) = s(k-T,(D)+n(k), i=2..M

where T (/) is the TDOA of the i-th received speech
signal related to the reference signal x,(k) and s(k)
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denotes the source speech signal which is assumed to be
uncorrelated with the spatially incoherent noise sources
n(k). The TDOA's are time-varying due to speaker
movement. For simplification, the TDOA's are assumed
to be constant within each analysis block .

In addition, a geometrical model is introduced in order
to describe the mutual dependencies of the TDOA's.
The geometry of the array (fig. 2) is represented by the
microphone positions {x,y,0}. The speaker is as-
sumed to be a point source located at the time-varying
position {xy(D), y(D), z,(D}.
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Fig. 2: Geometry of the array with M = 4 microphones

From this geometrical model, the propagation time of
the speech signal from the speaker to the i-th micro-
phone is obtained according to the following equation:

16, = L (xO-x) +(5D-3) +22(0D @

h
C
where f. is the sampling rate, ¢ is the speed of sound
propagation and T, (/) is expressed in samples. The
difference between two propagation times provides the
TDOA of the speech signals received by the corre-

sponding microphones. Thus, the TDOA's related to
the reference signal are expressed by

T,(0) = 15,,(1) = 15, (D —74,(]) . 3)

Further, the difference between the TDOA's measured
in consecutive analysis blocks is limited with respect to
the physiological restrictions of speaker movement.
Assuming a horizontal head rotation of 90 degrees as
fastest speaker movement, the maximum of variation in
TDOA is given by

8ps = ——|d, +rNZ— (5 +d, ]+

max
-ty

C)

where K is the length of the analysis block, rg is the
radius of the speaker's head, ¢, is the time needed for
the head rotation and &t__ is expressed in samples.

ax
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This maximum variation is only valid for TDOA's
measured within consecutive analysis blocks of speech
activity. During speech pauses it has to be increased in
order to take the possibility of speaker movements into
account.

3. THE TIME DELAY ESTIMATOR

A time delay estimator (fig. 3) has been developed
which consists of a generalized cross-correlator 1], an
improved peak detector, and a plausibility check. With
this time delay estimator, normal errors are reduced by
(i) introducing the generalized cross-correlator whose
post-correlation filters are designed to improve the
TDOA estimate in the presence of background noise
[4], [5], and (ii) improving the resolution of the cross-
correlation function for better peak position detection.
Anomalous errors are suppressed by (i) limiting the
peak search region and (ii) introducing the plausibility
check.
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Fig. 3: Structure of the time delay estimator

3.1 Generalized Cross-Correlator

The time delay analysis is carried out in the frequency
domain using the Fourier-transformed input signals.
The cross-correlation function is estimated via cross-
spectral density (CSD) measurement, post-correlation
filtering and inverse Fourier transform:

1 N-1 .
Ryy(m) = —=Y H,(n) Cyy(n)-&"
XX N Z:;) 1 XX, 5)

Since the purpose of the post-correlation filter H, (n)
introduced with the cross-correlator is to improve the
analysis of the delayed speech signal rather than its
reproduction, it can be realized either as a spectral
weighting filter [4], [5], or as a spectral selection filter.
The adaptive spectral selection filter used here selects
those frequencies which show a small mean square
error between the power spectral densities of the two
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cross-correlated input signals. It is adapted according to
the following equations:

. 1 ¥
1 if Eyy(n) < —ZEX‘X(I/L)

H 1 (n) = >
0 else "
2
Eyy(n) = [A&&(n)_AX&(”ﬂ )
Agx, (M) + Agy (1)

By adding this filter as a post-correlation filter to the
time delay analysis scheme, the cross-correlation func-
tion is analysed only over those frequencies which show
a relatively low noise influence and a high SNR,
respectively. Consequently, normal errors caused by the
influence of the background signals are reduced.

3.2 Improved Peak Detector

The peak detector determines the dominant peak in the
cross-correlation function and interprets its location as
an estimate for the actual TDOA. This detection is im-
proved by limiting the peak search region with respect
to the maximum variation in TDOA. Accordingly, the
peak search region is adjusted to T,(I-1)%p-8t
where 7, (/1) denotes the previous TDOA estimate
after passing the plausibility check. The variation factor
p is set to one if the previous TDOA estimates were
found to be plausible. Otherwise p is incremented by
one in order to expand the peak search region.

For better peak position detection, the resolution of the
cross-correlation function is improved by means of
interpolation. A polyphase FIR filter structure [3] with
integer factor expansion of the function values is intro-
duced which interpolates the cross-correlation function
by the integer factor / = 8. Further, a quadratic function
is found to approximate the interpolated cross-correla-
tion around the location of its peak. The value that
maximizes this quadratic function gives the final
estimate of the TDOA which is calculated from

(N

where T, denotes the peak position of the interpolated
cross-cortelation function R/, (m).

With the peak detector presented here, the normal and
anomalous errors associated with the estimation of the
TDOA's are reduced. By limiting the peak search
region, the peak detector is enabled to find the correct
peak even if the cross-correlation function shows mul-
tiple peaks after analysing speech signals with periodic
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components. Consequently, anomalous errors caused by
the ambiguities of the cross-correlation function during
speech activity are suppressed. In addition, the inter-
polation of the cross-correlation function and its local
approximation to a quadratic function leads to smaller
normal errors.

3.3 Plausibility Check

The plausibility check is based on speaker position
evaluation and multichannel coherence detection. The
TDOA estimates will be accepted if they are related to a
plausible speaker position and if the coherence of the
input signals is sufficiently high for reliable TDOA es-
timates. In case of non-plausible TDOA estimates, the
TDOA's previously accepted are retained. By perform-
ing the plausibility check after the time delay analysis,
such anomalous errors are reduced which arise during
or after speech pauses.

For solving the localisation problem addressed here, the
speaker position {x4(!), y(}), z,(1)} has to be calculated
from the TDOA estimates T, (I), ...,T,,,(!). According
to [2], a closed-form solution is found by solving the set
of linear equations which are derived from the proper
combination of (2) and (3) where the true TDOA's are
replaced by the TDOA estimates. In the case of M =4
microphones, the number of equations is equal to the
number of unknowns and the set of linear equations has
exactly one solution. Since the TDOA estimates are
distorted by normal errors, complex or non-plausible
real speaker positions are usually obtained even if the
analysed microphone output signals contain speech.

Consequently, the speaker position must be constrained
to lie within the plausible region during speech activity.
This constraint is achieved by introducing the linear
equation

M ~
T, = SEO) ®)
i=1

where the mean value 7, of the propagation time esti-
mates T,(l) is fixed by a constant. When (8) is added,
the set of linear equations becomes over-determined

and four different speaker positions are obtained. By
proper selection of T, all of these speaker positions are

plausible in case of speech activity. In case of speech
pauses one or more of the speaker positions are
complex-valued.

The plausibility check is then performed through the
decision whether (i) the TDOA estimates result in four
real-valued speaker positions and (ii) the coherence of
the input signals is sufficiently high for reliable TDOA
estimates. For coherence measurement, the (M-1)-di-
mensional cross-correlation function is evaluated at the
location of the TDOA estimates T ,, (1), sy (D)
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which are derived from an estimated speaker position
using (2) and (3). The coherence value of the m-th
speaker position is calculated from

A
3
!
|
=

1 -
= . x.(k+7g (D))
R, K-M 5 ia Sat
O
K-

1 M
x;(k+ 'Es,,,.u (l))M}
0

where K denotes the length of the analysis block. If the
maximum of all coherence values ¥ (I) exceeds the
preset threshold level &, =10.45, the TDOA estimates
are regarded as plausible. The TDOA's corresponding
to the highest coherence value are taken as the final
estimates Tg,;(I). In case of complex-valued speaker
positions or too low coherence values the TDOA esti-
mates are found to be non-plausible.

4. RESULTS AND DISCUSSION

The time delay estimator presented here was compared
to the one proposed in [6]. The mean square TDOA
estimation error was evaluated for both estimators by

1 L
Av = L-(M—l)}=

M
=2

1 i

A 2 %2
[TS,Ii(l)—TS,li(l)] } (10

where the true TDOA's are denoted by ¢, (/) and L is
the number of analysis blocks.
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Fig. 4: Mean square TDOA estimation error At of the
time delay estimator proposed in [6] (%) and the
proposed time delay estimator ( ): (a) speech signal
with multiple pauses, well decorrelated background
noise, (b) speech signal with periodical parts, well
decorrelated background noise, (c) speech signal with
multiple pauses, less decorrelated background speech
signal and (d) speech signal with periodical parts, less
decorrelated background speech signal.
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Simulations were carried out using speech signals
which were superposed by different background signals
at various input SNR's. The resulting estimation errors
are shown in figs. 4(a) through 4(d). The proposed time
delay estimator yields a significant improvement with
respect to the TDOA estimation error. It also shows
only a slight dependency on decreasing SNR. These
results are confirmed by informal listening tests after
performing the noise reduction of the time-delay-com-
pensated input signals. The speech quality impairment
of the output signal caused by TDOA estimation errors
is considerably reduced when the proposed time delay
estimator is applied.

A time delay estimator has been presented which is an
efficient, robust and accurate estimator when applied to
TDOA estimation of noisy speech signals received by a
microphone array. The constraint that the mean value
of the time delay estimates is constant, poses no
problems to the plausibility check because the speaker
position evaluation is used only for discovering non-
plausible TDOA estimates or for deriving more reliable
TDOA estimates. The constraint would be unnecessary
if the array consisted of more than M = 4 microphones.

The work presented in this paper was supported by
Deutsche Telekom.
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