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ABSTRACT

This paper proposes an adaptation mode controller
(AMC) based on a normalized cross-correlation with multi-
ple symmetric leaky blocking matrices (SLBMs) for adaptive
microphone arrays. Robust and wideband estimation of a
signal-to-interference ratio (SIR) is performed by the use of
multiple pairs of SLBMs. The SIR estimate is compared to
theoretical thresholds to evaluate target-interference propor-
tion for controlling Iter-coe cient adaptation in the adap-
tive path of the beamformer. A design method for SLBMs
is developed with an example. Evaluations with recorded sig-
nals show that the proposed AMC achieves better discrimi-
nation between speech-dominant and interference-dominant
sections, resulting in desirable control of coe cient adapta-
tion in the microphone array. The better output signal of the
microphone array, due to its good control, provides a speech
recognition rate by as much as 11% higher than the conven-
tional AMC.

1. INTRODUCTION

A robust adaptive microphone array with an adaptive block-
ing matrix, RAMA-ABM [1], is a generalized sidelobe can-
celler (GSC) [2] that has tolerance in the target-direction
error. Itis composed of a xed beamformer (FBF), an adap-
tive blocking matrix (ABM), and a multiple input canceller
(MC). Adaptation of Iter coe cients in ABM should be
performed only during target-periods, and alternately in MC
to optimally suppress the interference and enhance the tar-
get. This is controlled by an adaptation mode controller
(AMC) based on an estimated signal-to-interference ratio
(SIR) [3, 4].

Greenberg and Zureck proposed an AMC based on the
normalized cross-correlation (NCC) between microphone sig-
nals [3]. Assuming plane waves, the phases of the microphone
signals are aligned with each other so that the mutual cor-
relation of microphone signals is maximized for the target
DOA. It means that the NCC is small for other DOAs. Con-
sequently, the NCC can be regarded as an SIR estimate.
NCC is compared with a threshold to control the adapta-
tions. However, misdetections occur and cause breathing
noise [4].

An AMC based on nested and symmetric leaky blocking
matrices performs two-stage SIR estimation and makes few
misdetections. A rst SIR estimate is given by the power
ratio of a modi ed FBF output to a nested blocking matrix
(NBM) output. A second SIR estimate by NCC between
the outputs of symmetric leaky blocking matrices (SLBMs)
controls a gain which re nes the rst SIR estimate in low
frequencies, where it is less accurate. The power ratio is
not su ciently robust to the interference DOA. It contains
an FBF gain in the numerator, and an NBM gain in the
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Figure 1: Structure of the proposed AMC.

denominator. These gains have di erent dependency on the
interference DOA. In addition, the SIR estimate by NCC
is bandlimited. The target may have its dominant power
outside this frequency range, resulting in its misdetection
and cancellation.

This paper proposes an AMC based on a normalized
cross-correlation between multiple pairs of SLBMs, which
provides robustness and wideband coverage. Each pair of
SLBMs operates in a distinct frequency range. In the next
section, the proposed AMC is described. Section 3 com-
pares the proposed AMC to the conventional AMC in a real
acoustic environment by signal analysis and speech recogni-
tion with TV noise as interference.

2. PROPOSED ADAPTATION MODE
CONTROLER

The proposed AMC contains multiple pairs of SLBMs which
are optimized in multiple passbands for robust and wideband
SIR estimation. An example of the proposed AMC with two
SLBM pairs is depicted in Fig.1. SLBM_; and SLBM >
form a pair and so do SLBMy1 and SLBMy2. The former
pair covers a low frequency range and the latter, a high fre-
quency range. The structure of each SLBM is identical to
that of the SLBMs in [5].

The input of SLBMs are automatically caliburated by
an equalizer (EQL) [6] for gain imbalance among microphone
signals. The outputs of SLBM 1 and SLBM1 are combined
to form one of the input signals with the sample index n,



v1(n), for NCC calculation. The other input signal, v2(n), is
obtained as a combination of the output signals of SLBM| >
and SLBMy,. To represent the designated frequency range,
the output of each SLBM is Itered by a corresponding band-

pass lIter (BPF) before integration. The inputs vi(n) and
v2(n) of NCC are de ned as a linear combination of Itered
SLBM outputs in each frequency range as follows.
vi(n) = zsLemrLi(n) + G zsLemui(N); (6))
v2(n) = zsLemL2(N) + Ge  ZsLemH2(N); @)

where G¢ is a gain which compensates for the small power in
high frequencies. zsLemx1(n) and zsi smx2(n) denote the

Itered outputs of SLBMx1 and SLBMx>, respectively, with
X beingasu x L or H. The Itered outputs are expressed

as[5]
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zstemr2(N) = (M Duo(n) g ui(n) um 1(n); (4)
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where M is the number of microphones, uj(n) the output
signal of the i-th microphone. g, and gn are the leaky factors
for SLBM_ and SLBM, respectivelyand g, & 1and g &
1.

NCC (n) for the n-th sample is calculated from vi(n)
and v2(n) as follows [5]:
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N is the number of past samples for calculating (n). (n)
can be considered as an estimate of the actual SIR . Thus, it
is compared by COMP with detection thresholds, ~,, and

";,, to obtain the control signal (n) for Iter coe cient
adaptations as
0; ()N
M= M ")=("t2 "1 M < (M) < Mg
1 n) "o
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To achieve alternate adaptations, the step sizes of coe cient
adaptation in ABM are multiplied by (n), whereas those in
MC are multiplied by (n) =1 (n).

2.1 Design of SLBMs and BPFs

Parameters g and gn for SLBMy1, SLBM 2, SLBMu1,
and SLBMy» are determined such that the phase di erence
between the paired SLBM outputs is large for the interfer-
ence in the designated frequency range and equal to zero for
the target. Assuming a passband of 500-1500Hz, design of
SLBM_; and SLBM_, can be performed referring to [5] to
obtain g = 0:92. The corresponding BPFs are desinged so
that the signals outside 500-1500Hz are su ciently atten-
uated. Similarly, SLBMy1 and SLBMy2 are designed from
viewpoints of the leaky factor g and the BPF passband.

The following conditions are assumed for determining the
optimum values of g and speci cations for the correspond-
ing BPF.

Table 1: Parameter Range for SLBMy Design.

Parameter Range Search step
gH [ 2,2] 0:01
feer [HZ] [4000, 7400] 1
mein HZ fctr 449, fctr 550 1
meax HZ fctr + 449, fctr + 550 1
Tw [HZ] [900, 1100] 1

The target DOA may not be larger than the minimum
interference DOA  min.

The bandwidth fyw of the BPF passband is set to the
range of [fwmin, fwmax]. The center frequency of the
passband is higher than f.r where speech onsets still
have considerable power.

For designing g, an approximated NCC, ~w( ; ), for
the outputs of SLBMu1 and SLBMy: is utilized. Assuming
uncorrelated white signals with the target at 0 and the in-
terference at an angle , “w( ; ) as a function of the actual
SIR and an interference DOA is shown [7] to be

o' GRi(i; Jeos(n(is )+ GRG0, o
oG (i )+ Gj(i;0) '

M )=

where G (i; ) is the gain of SLBMp; and SLBMy2 and
“n(i; ) is the phase di erence between their output signals
at the normalized frequency i. It should be noted that the
gains of the paired SLBMs are identical to each other [7].

Then, similar design criteria to those in [5] can be ap-
plied.

I No overlap between 7 ( = 0dB; ) and
Ay(C @ 1dB; )

This  criterion ensures discrimination  between
interference-only situation and 0dB-SIR situation

|n min .
Il Centered NCC ~,( =0dB; ) around 0
This criterion is derived from an assumption that
Ay(C T +1dB; )and My( ¥ 1dB; ) approaches
+1and 1, respectively. In such a case, it is natural that
the range of ~,( = 0dB; ) should be centered around
zero. This is because of the three typical cases in the
value of ~,( ; ), namely, target-only, interference-only,
and mixed-signal situations. To minimize distinction er-
rors among the three cases, ~,,( ; ) of each case should
be equally distant from each other.
Minimum variance of ~,( =0dB; )
When the centered NCC condition is not satis ed, the
variation of ~,( ; ) along the DOA should be minimized
instead. This criterion makes the 0 dB-SIR estimate ro-
bust to the DOA. A value of g, which gives the mini-
mum variance of ~,,( = 0dB; ) along the DOA axis, is
selected.

2.2 Design example

Exhaustive search is performed for the parameters shown in
Table 1. The sampling frequency was set to 16 kHz. If there
is any set of parameters that satis es the above-mentioned
Criterion | in the exhaustive search, the set is stored. After
the search, all stored parameter sets are evaluated with Cri-
terion Il. If there is only one set that meets Criterion |1, that
is the design result. When there are multiple sets, then, the
set with the minimum value of jmin + “maxj=2 is selected.
If no set satis es Criterion Il, Criterion Il is considered for
them to select one set of parameters. Finally, in this exam-
ple, gH = 05, mein = 3786 HZ, and meax = 4769 HZ
were found to satisfy Criterion II.






