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ABSTRACT

The major goal of a noise reduction algorithm for hear-
ing aid applications is to improve speech intelligibil-
ity. In [1], a multichannel noise reduction technique,
based on a Generalized Singular Value Decomposition
(GSVD) has been proposed. The GSVD based filter
minimizes the Mean Square Error (MSE) between the
desired signal portion in the received signals and a fil-
tered sum of the received microphone signals. In this
paper, we propose a subband implementation of the
GSVD based filter. It is shown that - in case of coloured
signals - the subband implementation improves intelli-
gibility more than the fullband approach. In addition,
a significant complexity reduction is achieved.

1. INTRODUCTION

Noise reduction algorithms are crucial to improve the
speech intelligibility for hearing impaired people in back-
ground noise and/or reverberation. Since the disturb-
ing signal is often also speech like, multi-microphone
algorithms are preferred to single microphone proce-
dures. The most common adaptive multi-microphone
noise reduction technique is the generalized sidelobe
canceller (GSC) [2]. The GSC assumes the position
of the desired source, the microphone characteristics
and positions to be known. Deviations from these as-
sumptions are detrimental to its performance. In [1],
a multichannel signal enhancement technique based on
a Generalized Singular Value Decomposition (GSVD)
has been proposed. The GSVD based optimal filter
minimizes the Mean Square Error (MSE) between the
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desired signal portion in the received signals and the fil-
tered sum of the received microphone signals. Since no
assumptions are made about the location of the desired
speaker, the microphone characteristics and positions,
this algorithm is shown to be more robust than the
GSC [1][3].
In this paper, we propose a subband implementation
of the GSVD based filter. Section 2 briefly reviews the
GSVD based optimal filter. The subband implementa-
tion is motivated and described in Section 3. Section 4
and Section 5 compare the computational cost and the
performance of the fullband and subband approach. It
is shown that the subband implementation improves
intelligibility more than the fullband approach. In ad-
dition, a significant complexity reduction is achieved.

2. GSVD BASED OPTIMAL FILTER

Consider an array of M microphones and let ui[k] =
di[k] + ni[k] be the k-th signal sample at the i-th mi-
crophone, where di[k] is the desired speech portion and
ni[k] the environment plus internal noise. Define L
as the filter length per channel. Construct the vector
uk = [uT

1,k uT
2,k · · ·uT

M,k]
T with ui,k = [ui[k] ui[k −

1] · · ·ui[k − L + 1]]T , and similarly the vectors dk and
nk. The optimal filter W ∈ CML×ML produces speech
estimates d̂k = yk = WHuk such that the MSE
diag

{
ε
{
ekeH

k

}}
with ek = dk − WHuk is minimized,

and is given as:

W = ε{ukuH
k }−1ε{ukdH

k }. (1)

This filter is approximated at time instant k by means
of a GSVD of an input data matrix Uk ∈ Cp×ML and
a noise data matrix Nk ∈ Cq×ML, collecting respec-
tively p speech + noise and q noise only signal vectors
(corresponding to speech pauses) up to time instant k:{

Uk = QU.diag{σi}.XH

Nk = QN.diag{ηi}.XH (2)

with QU,QN orthogonal matrices, X an invertible ma-
trix and σi

ηi
the generalized singular values:
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Filtering uk with the l-th column of Wk yields the
estimate of the l-th element of dk,

d̂i[k −∆l] = Wk(:, l)
Huk, (4)

with i = mod(l − 1, L) + 1 and ∆l = rem(l − 1, L). In
practice, the GSVD is not calculated from scratch at
each time k but updated recursively [1].

3. SUBBAND GSVD APPROACH

3.1. Improved intelligibility

In hearing aid applications, the major purpose of a
noise reduction algorithm is to improve the speech in-
telligibility, rather than to maximize Signal-to-Noise
Ratio (SNR) or to minimize MSE. The quality of a
noise reduction algorithm is therefore assessed in terms
of speech intelligibility weighted measures [4] such as
the intelligibility weighted SNR, denoted as SNRintellig:

SNRintellig =
∑

i

IiSNRi, (5)

where the band importance function Ii expresses the
importance of the i-th one-third octave band for intel-
ligibility [5] and SNRi equals the SNR in dB in the i-th
one-third octave band.
These measures, based on the articulation index, reflect
the fact that distinct frequency bands contribute inde-
pendently to intelligibility. Since the interferers and
desired source are generally both speech like, minimiz-
ing the fullband MSE will weight the MSE more at the
high energy low frequencies, resulting in a smaller im-
provement and larger distortion at higher frequencies
(see also Section 5). However, at low frequencies, the
achievable performance of a small-sized array is lim-
ited. In [6], a prewhitening operation is proposed to
improve the intelligibility obtained with a GSC. Such
prewhitening is intrinsically present in a subband im-
plementation. Maximization of intelligibility can thus
better be achieved by minimizing the MSE in separate
subbands.

3.2. Uniform subband GSVD

The concept of subband GSVD is illustrated in Fig-
ure 1. The M microphone signals are each split into K
frequency bands by a (nearly) Perfect Reconstruction
(PR), oversampled uniform DFT modulated filterbank
[7].These filterbanks can be implemented efficiently us-
ing a polyphase decomposition of the prototype filter
H0 and an FFT. Since the fullband signals are real and
half of the DFT modulated analysis bank filters are
the complex conjugate of the other half, only half of
the subband signals need to be processed.
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Figure 1: Concept of subband GSVD.

The optimal GSVD filter operates on the subband sig-
nals at the decimated sampling frequency fs

D . To avoid
audible interband aliasing, the downsampling factor D
is kept smaller than the number of subbands K. In
[8], it is shown that for a system identification setup,
the aliasing level in the subbands corresponds to a non-
linear distortion and thus presents a lower bound for
the minimum MSE in each subband. This indicates
that -if the MSE is minimized in each subband inde-
pendently (and thus no fullband adaptation criterion
is used) - the amount of aliasing determines the perfor-
mance and should thus be kept small.
A disadvantage of using a subband approach is the ex-
tra delay caused by the filterbank. In hearing aid ap-
plications, the total processing delay should be smaller
than 20 ms in order not to degrade intelligibility due to
asynchronism with lip reading [9]. The delay ∆ caused
by the filterbank equals [7]

∆ = D�Lp

D
	+ D − 1 (6)

samples at fs, with Lp the length of the prototype fil-
ter. In the sequel, a sampling frequency fs = 16000 Hz
is used. To achieve a large stopband attenuation with
a reasonable Lp and thus delay ∆, so-called nearly PR
filterbanks [7] are used. Note that the perfect recon-
struction property would be lost anyway due to the
filtering operation on the subband signals.
In the sequel, two nearly PR oversampled DFT mod-
ulated filter banks are used: a 16 subband filter bank
with D = 12, prototype filter length Lp = 120 and
delay ∆ = 8.2 ms and a 32 subband filter bank with
D = 20, Lp = 240 and ∆ = 16.2 ms.

4. COMPUTATIONAL COMPLEXITY

4.1. Fullband GSVD

Although approximate recursive GSVD algorithms are
available [1], the computational complexity of a full-
band GSVD based approach is still too high for hearing
aid applications. The cost of a real, recursive square-
root free GSVD implementation [1] equals

fs(
17.5
dg

+
4
df

)L2M2 (7)
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Figure 2: Improvement in SNR of fullband and sub-
band GSVD as a function of complexity (Mops/s) for
M = 4, df = dg = 1.

operations (multiplications and additions) per second
(ops/s). The factors dg and df indicate the number
of samples between respectively two GSVD and filter
updates. They trade off convergence speed and cost
[1].

4.2. Subband GSVD

The overall computational cost of the subband GSVD
algorithm consists of the complexity of the filter bank
and the complexity of the subband GSVD. When using
a DFT modulated filterbank, only half the number of
complex subband signals have to be processed. How-
ever, a complex recursive GSVD costs about 4 times
as much as a real one. The subband GSVD filters thus
cost about

2.K.
fs

D
(
17.5
dg

+
4
df

).L2
subM

2 (8)

ops/s, where Lsub equals the filter length per channel
used in the subbands.
The implementation of a DFT modulated analysis or
synthesis filter bank requires

(2Lp + 2K log2 K)
fs

D
(9)

ops/s. The total complexity of the filter bank imple-
mentation thus equals

(M + 1)(2Lp + 2K log2 K)
fs

D
. (10)

In general, the cost of the filterbank will be negligible
compared with the cost of the GSVDs. From (7) and
(8), it follows that the subband GSVD will roughly be
a factor D3

2K less complex if the same temporal win-
dow L.D, i.e. Lsub = Lfull

D , is used. This amounts to
roughly a factor 54 and 125, respectively, for the above
given setups.
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Figure 3: Improvement in SNRintellig of fullband and
subband GSVD as a function of complexity (Mops/s)
for M = 4, df = dg = 1.

4.3. Comparison

Table 1 compares the complexity (expressed in Mops/s)
of the recursive fullband and subband approach (16
and 32 subbands) with df = dg = 1. The complex-
ity of subband GSVD approaches the computational
capacity available in current hearing aids (i.e. about
10 Mops/s). A further decrease in complexity can be
obtained by reducing the number of filter and GSVD
updates 1

df
and 1

dg
.

5. EXPERIMENTAL RESULTS

The performance of the fullband and the subband GSVD
algorithm is evaluated based on recordings in a realis-
tic environment. A linear endfire array with 4 omnidi-
rectional microphones (Knowles EM-4368) and micro-
phone interspacing d = 0.02 m has been mounted on a
dummy head in an office room. The reverberation time
T60dB is about 700 ms for a speech weighted noise. The
desired and interfering source are positioned at a dis-
tance of 1 meter from the head, at an angle of 0◦ and
90◦, respectively, relative to the microphone array axis.

fullband subband
K = 16 K = 32
D = 12 D = 20

M = 2 L.D ≈ 24 792.6 16.2 6.3
L.D ≈ 48 3170.0 60.2 19.5

M = 3 L.D ≈ 24 1783.3 35.0 12.5
M = 4 L.D ≈ 24 3170.0 61.2 20.8

Table 1: Complexity (in Mops/s) of the recursive full-
band and subband GSVD for different number of mi-
crophones M and different temporal windows L.D,
df = dg = 1.



The desired and noise signal are uncorrelated, station-
ary and speech like. They both have a level of 70 dB
SPL at the center of the head.
Figure 2 and Figure 3 plot the improvement in SNR,
∆SNR, and in SNRintellig, ∆SNRintellig, obtained by
varying the filter length Lfull of the fullband GSVD
and the filter length per subband Lsub in the sub-
band GSVD, as a function of complexity (expressed in
Mops/s). For the same complexity, a significant perfor-
mance gain is achieved with subband GSVD. The gain
in SNRintellig (2 to 4 dB) is larger than the gain in
SNR (1 to 2.5 dB). This indicates that - for coloured
signals such as speech - the subband approach indeed
tends to provide improved intelligibility compared to
the fullband method.
Figure 4 plots the Power Transfer Function (PTF) of
the desired and interfering signal obtained with the
fullband and the 16 subband approach for a temporal
window LD = 24. The improvement in SNR, ∆SNR,
equals 9.1 dB and 9.3 dB for the fullband and subband
GSVD, respectively, the improvement in SNRintellig
equals 11.8 dB and 12.8 dB, respectively. In the full-
band implementation, there is more distortion and less
noise reduction at the higher frequencies compared to
the subband approach. Since the desired and interfer-
ing signal are both speech like, a fullband MSE or SNR
criterion pays much more attention to the high energy
low frequencies and tends to ignore the MSE and SNR
at the higher frequencies. However, the noise reduction
at higher frequencies also contributes to intelligibility.
This especially occurs if the filter length L is small
(small number of degrees of freedom), which explains
the larger gain in ∆SNRintellig offered by the subband
GSVD at low complexity than at high complexity in
Figure 3. The subband approach does not have these
effects thanks to the intrinsic prewhitening.
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Figure 4: Power Transfer Function of speech and noise
signal obtained with fullband and 16 subband GSVD
for M = 4 and a temporal window LD = 24.

6. CONCLUSIONS

We have presented a subband implementation of a mul-
tichannel GSVD based noise reduction technique. It
is shown that a subband implementation offers an im-
provement in intelligibility at a significantly lower com-
plexity compared to the fullband approach. Hearing
aid applications benefit from these two advantages.
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