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Abstract

in the left hearing aid Y0,m (ω ) can be written as

In a binaural hearing aid system, output signals for the left
and the right ear are generated by exchanging information
between the two hearing aids. A significant noise reduction
can be achieved using the binaural multi-channel Wiener
filter (MWF), which requires all microphone signals from
both hearing aids. However, the limited bandwidth of the
binaural link typically does not allow to transmit all microphone signals between the two hearing aids. Recently,
an iterative distributed MWF-based scheme has been presented, where each hearing aid only transmits a filtered
combination of its microphone signals. In this paper, the
performance gain of the binaural MWF and the iterative
distributed MWF scheme are analysed as a function of the
available bandwidth of the binaural link.

1 Introduction
Noise reduction algorithms in hearing aids are crucial for
hearing impaired persons to improve speech intelligibility
in noisy environments. In a binaural hearing aid system,
output signals for both ears are generated, either by operating both hearing aids independently (a bilateral system)
or by exchanging information between the hearing aids (a
binaural system), e.g. using a wireless link [1]-[5].
In [1, 2] an overview and a theoretical performance
analysis has been presented for several MWF-based noise
reduction algorithms, more in particular the binaural MWF
and its extensions using partial noise estimation and incorporating interaural transfer functions. In these algorithms all microphone signals need to be transmitted between the hearing aids, requiring a large bandwidth. In [3]
an iterative distributed version of the binaural MWF has
been presented, where each hearing aid only transmits a
filtered combination of its microphone signals and which
converges to the binaural MWF in the case of a single desired source. Recently, this distributed MWF scheme has
also been extended towards multiple nodes [6].
For a binaural link with limited capacity, a theoretically optimal (in an information-theoretic sense) transmission scheme has been presented in [4], however requiring
knowledge about the joint statistics of the signals at both
hearing aids, which is typically not available in practice. In
[5] the relation between performance gain and link capacity has been studied for several suboptimal (but practical)
schemes, such as transmitting one microphone signal or
transmitting an estimate of the desired signal obtained at
the transmitting device. In this paper, a similar relation between performance gain and link capacity will be studied
for the iterative distributed MWF scheme proposed in [3].

2 Configuration and notation
Consider the binaural hearing aid configuration depicted in
Figure 1, where both hearing aids have a microphone array
consisting of M microphones. The mth microphone signal
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Y0,m (ω ) = X0,m (ω ) +V0,m (ω ),

m = 0 . . . M − 1,

(1)

where X0,m (ω ) represents the speech component and
V0,m (ω ) represents the noise component. Similarly, the
mth microphone signal in the right hearing aid is Y1,m (ω ) =
X1,m (ω ) + V1,m (ω ). For conciseness we will omit the
frequency-domain variable ω in the remainder of the paper. We define the M-dimensional stacked vectors Y0 and
Y1 and the 2M-dimensional signal vector Y as




Y0,0
Y1,0


..
..
 , Y1 = 
 , Y = Y0 .
Y0 = 
.
.
Y1
Y0,M−1
Y1,M−1
(2)
The signal vector can hence be written as Y = X + V.
In the case of a single speech source, the speech signal
vector can be written as X = AS, where the steering vector
A containing the acoustic transfer functions between the
speech source and the microphones is defined similarly as
Y and S denotes the speech signal.
The signals transmitted from the left (right) hearing aid
to the right (left) hearing aid are represented respectively
by the N-dimensional vectors Y10 and Y01 , typically with
N ≤ M, which are assumed to be linear combinations of
the contralateral microphone signals, i.e.
Y10 = FH
10 Y0 ,

Y01 = FH
01 Y1 ,

(3)

with F10 and F01 M × N-dimensional complex matrices.
The output signals Z0 and Z1 for the left and the right
hearing aid are obtained by filtering and summing the ipsilateral microphone signals and the transmitted signal(s)
from the contralateral ear. Hence, the output signals can always be written as a linear combination of all microphone
signals, i.e. Z0 = W0H Y and Z1 = W1H Y, with
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Figure 1: General binaural processing scheme
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3 Binaural MWF

binaural link

The binaural MWF (B-MWF) requires all microphone signals to be transmitted, i.e. F10 = F01 = IM . The binaural
MWF produces an MMSE (minimum-mean-square-error)
estimate of the speech component in both hearing aids
[1, 2]. In order to provide an additional trade-off between
speech distortion and noise reduction, the speech distortion
weighted multi-channel Wiener filter (SDW-MWF) minimises the weighted sum of the residual noise energy and
the speech distortion energy, resulting in
W0m =(Φx + µ Φv )−1 Φx e0 ,

W1m = α W0m ,

(4)

where α = A∗1,0 /A∗0,0 is the complex conjugate of the interaural transfer function of the speech component.

Y10 (ω)
Y01 (ω)

W00 (ω) G01 (ω)

G10 (ω) W11 (ω)

Z0 (ω)

Z1 (ω)

Figure 2: Distributed binaural MWF scheme (DB-MWF)
i as input signals, calculate Wi+1 and
4. Using Y1 and Y10
11
i+1
G10 as the MWF solution estimating the speech component in the right front microphone.
It has been shown in [3] that at convergence, i.e. for i → ∞,

 

∞
∞
W10
G∞
10 W00
=
,
(5)
∞
∞
W11
1/G∞
01 W01

and that in the case of a single speech source, the MWF
cost functions are decreasing in each iteration, i.e.

4 Transmission of single signal
The binaural MWF exploits all microphone signals, requiring M contralateral signals to be transmitted. However,
due to power limitations, the capacity of the link typically
does not allow to transmit all microphone signals. In [3, 5]
different MWF-based schemes have been proposed where
only one contralateral signal is transmitted, e.g. the front
microphone signal, the monaural MWF output signal, or
an iterative distributed scheme that converges to the optimal B-MWF solution in the case of a single speech source.

4.1 Front microphone signal (MWF-front)
In this scheme, only the front contralateral microphone sigT
nal is transmitted, i.e. F10 = F01 = [ 1 0 . . . 0 ] .

4.2 Contralateral MWF (MWF-contra)
In this scheme, the transmitted signal is the output of
a monaural MWF, estimating the contralateral speech
component using the M contralateral microphone signals.
However, it has been shown in [3] that in general this solution is suboptimal, since the optimal solution is only obtained in the case of uncorrelated noise components.

4.3 Distributed MWF scheme (DB-MWF)
The iterative distributed MWF scheme is depicted in Figure 2. Basically, in each iteration the filter F10 is equal to
W00 from the previous iteration, and the filter F01 is equal
to W11 from the previous iteration. If we denote the filters
and the signals in the ith iteration with superscript i, then
the iterative procedure runs as follows:
i = Wi,H Y to the left hearing aid.
1. Transmit Y01
1
11
i
W00

2. Using Y0 and
as input signals, calculate
and
Gi01 as the MWF solution estimating the speech component in the left front microphone.
i = Wi,H Y to the right hearing aid.
3. Transmit Y10
0
00
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Y1 (ω)

Y0 (ω)

W1m =(Φx + µ Φv )−1 Φx e1 ,

where µ is a trade-off parameter, Φx and Φv are the speech
and the noise correlation matrix, i.e. Φx = E {XXH } and
Φv = E {VVH }, and e0 and e1 are vectors of which only
one element is equal to 1 and the other elements are equal
to 0, with e0 (1) = 1 and e1 (M + 1) = 1. In the case of a
single speech source, it can be shown that [1, 2]

i
Y01
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J0 (W0i+1 ) ≤ J0 (W0i ),
G∞
10

J1 (W1i+1 ) ≤ J1 (W1i ) .

(6)

G∞
01

= 1/α , and the distributed binsuch that
= α and
aural scheme converges to the optimal B-MWF solution.

5 Capacity of binaural link
Whereas in [3] a binaural link with infinite capacity has
been assumed, in this paper we will analyse the influence
of the available capacity of the link on the performance
of the MWF-based algorithms, especially the B-MWF and
the distributed MWF scheme. This analysis is similar to
[5], where the influence on the performance of the MWFfront and MWF-contra schemes has been analysed.
From now on, we will only consider the right hearing
aid as the transmitting device and analyse the performance
at the left hearing aid1 . When the transmitted signal Y01
from the right hearing aid is compressed at rate R (bits per
sample), the following rate-distortion relation holds [7]:


Z
Φ01 (ω )
1 ∞
max 0, log2 Y
d ω , (7)
R(λ ) =
4π −∞
λ
Z

1 ∞
D(λ ) =
min λ , ΦY01 (ω ) d ω ,
(8)
2π −∞
with the parameter λ linking the rate R and the distortion
D, and ΦY01 the power spectral density (PSD) of the signal Y01 . The compressed signal Ỹ01 is transmitted to the
left hearing aid and can be represented using the forward
channel representation [7], depicted in Figure 3, as
Ỹ01 = BY01 +W ,

(9)

where B is a bandpass filter with frequency response


Φ01 − λ
,
B = max 0, Y 01
ΦY
1 Since the processing is symmetric, obviously the same analysis holds
when considering the left hearing aid as the transmitting device.
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Figure 3: Forward channel representation
and W is additive Gaussian noise with PSD


Φ01 − λ
.
ΦW = max 0, λ Y 01
ΦY
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It should be noted that using such a representation in the
analysis provides an upper bound on the achievable performance at rate R.
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6 Experimental results
In this section the performance of the B-MWF and the DBMWF scheme are compared for different noise scenarios as
a function of the capacity of the binaural link.

SIR = 0 dB, θ = 30°, SNR = 20 dB

14
12
Gain (dB)

(10)

16

+ Φu I2M ,

4

Φs
Φs
, SNR = 10 log10
.
(12)
Φi
Φu
The acoustic transfer functions As and Ai are modelled
using the spherical head shadow model in [8] with a radius
of 8.75 cm, without taking into account reverberation. The
speech source is located at 0◦ in front of the hearing aid
user, whereas the interference is located at θ = 30◦ to the
left of the hearing aid user. Note that the PSD ΦY01 is nonflat due to the non-flat acoustic transfer functions.
As in [4, 5], the performance gain is defined as the ratio
between the MSE at rate 0 and the MSE at rate R, i.e.
(13)

which represents the gain in dB due to the availability of
the wireless link. As already mentioned, we will only consider the performance gain at the left hearing aid.
For all MWF-based algorithms the trade-off parameter
µ = 1 has been used.
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Figure 5: Performance gain as a function of link capacity
for B-MWF and DB-MWF for different number of iterations (SIR= 0 dB, θ = 30◦ , SNR= 20 dB, rate R/K).
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SIR = 10 log10

ξ (0)
,
ξ (R)

8

(11)

with Φs , Φi and Φu the PSDs of the speech source, interference and noise, respectively. All involved PSDs are
assumed to be flat in the band [-Ω,Ω], where Ω = 2π F and
F = 8 kHz. The signal-to-interference ratio (SIR) and the
signal-to-noise ratio (SNR) are defined as

G(R) = 10 log10

10

6

where As and Ai represent the acoustic transfer functions
for the speech source and the interference, respectively,
and U represents spatially uncorrelated noise. Since the
speech source, interference and noise are assumed to be
uncorrelated, the correlation matrix Φy is equal to
+ Φ i Ai AH
i

250

18

Simulations have been performed using a binaural hearing
aid setup, where the number of microphones on each hearing aid is M = 2 and the distance between the microphones
on each hearing aid is 1 cm. We consider a scenario with a
single speech source S, a single interference I and spatially
uncorrelated noise on each microphone, such that the microphone signal vector Y can be written as

Φy = Φs As AH
s

200

Figure 4: Performance gain as a function of link capacity
for B-MWF for different compression rates of both microphone signals.

6.1 Setup and performance measures

Y = As S + Ai I + U ,
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Figure 6: Performance gain as a function of link capacity
for B-MWF and DB-MWF for different number of iterations (SIR= 0 dB, θ = 30◦ , SNR= 20 dB, rate R).
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7 Conclusion

6.2 Binaural MWF
For SIR= 0 dB and SNR= 20 dB, Figure 4 shows the performance gain of the B-MWF, where the 2 microphone signals from the right hearing aid are transmitted to the left
hearing aid and where the total link capacity R is distributed between the rates for compressing the front and the
back microphone signal, i.e. the front signal is allocated a
rate R f and the back signal a rate Rb , where
Rb = ρ R ,

(14)

with 0 ≤ ρ ≤ 1. This means that for ρ = 0 only the front
microphone signal is compressed at rate R, for ρ = 1 only
the back microphone signal is compressed at rate R, and for
ρ = 0.5 both microphone signals are compressed with the
same rate R/2. As can be seen from Figure 4, for low rates
the highest performance gain is achieved by transmitting
just a single microphone signal (in this case the front signal), whereas from a certain rate on it pays off compressing
and transmitting both microphone signals.

6.3 Distributed MWF scheme
Figures 5-7 compare the performance gain of the distributed MWF scheme with the binaural MWF, for a scenario with and without interference. For the first iteration
(K = 1), the distributed MWF scheme is initialised with
1,H
W11
= [ 1 0 ], i.e. the front microphone signal from the
right hearing aid is transmitted to the left hearing aid.
For the scenario with interference (SIR= 0 dB, SNR=
20 dB), Figure 5 shows the performance gain of the BMWF and the DB-MWF scheme for a different number
of iterations K, where the total link capacity R is evenly
distributed between the iterations, i.e. in each iteration the
signal Y01 is compressed with rate R/K. As already noted
in Figure 4, for low rates the highest performance gain is
achieved by transmitting just a single microphone signal,
corresponding in this figure to K = 1. Performing more
iterations only leads to an improved performance at high
rates. As shown in [3], for an infinite (i.e. sufficiently high)
rate the DB-MWF scheme converges to the B-MWF solution, typically requiring only a small number of iterations
(in this case K = 2).
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For many applications it can however be assumed that
the signal statistics remain stationary over a (small) number of signal frames, such that the iterations of the DBMWF scheme can be spread over subsequent frames, instead of performing several iterations on the same frame, as
in Figure 5. For the scenario with interference (SIR= 0 dB,
SNR= 20 dB), Figure 6 shows the performance gain of the
B-MWF and the DB-MWF scheme, where now in each
iteration the signal Y01 is compressed with rate R. This figure shows that for the considered scenario the DB-MWF
scheme converges after K = 2 iterations at all rates, moreover achieving the highest performance gain. Similarly,
Figure 7 shows the performance gain for the scenario without interference (SIR= ∞ dB, SNR= 20 dB), where the
performance gain is smaller than for the scenario with interferer but the same conclusions hold.

200

Figure 7: Performance gain as a function of link capacity
for B-MWF and DB-MWF for different number of iterations (uncorrelated noise, SNR= 20 dB, rate R).

R f = (1 − ρ )R ,
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In this paper, the performance gain of the binaural MWF
and the DB-MWF scheme have been analysed as a function of the capacity of the binaural link. For the binaural
MWF, it has been shown that the optimal distribution of the
rate between the microphone signals depends on the total
capacity. For the DB-MWF scheme, it has been shown that
when the iterations can be spread over subsequent frames,
the iterative DB-MWF scheme yields the highest performance gain after only a small number of iterations.
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