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ABSTRACT

Existing noise reduction techniques for open-fitting hearing aids typ-
ically disregard the occurrence of signal leakage through the open-
fitting, leading to a degraded noise reduction performance. Recent
miniaturization advances enable to incorporate an internal micro-
phone in the ear mould, which is able to record this signal leakage.

Recently, feedforward and combined feedforward-feedback
active-noise-control-motivated algorithms for noise reduction have
been proposed for open-fitting hearing aids. In this paper, a the-
oretical analysis of these algorithms is presented and the output
signal-to-noise ratios (SNR) for a single speech source scenario
are derived. It is shown that the performance of the combined
feedforward-feedback ANC-motivated (FF-FB ANC) algorithm is
independent of the signal leakage. In addition the FF-FB ANC
algorithm delivers the highest output SNR of all considered noise
reduction algorithms.

Index Terms— active noise control, open-fitting hearing aid,
noise reduction, Multichannel Wiener Filter

1. INTRODUCTION

Over the past years, the usage of open-fitting hearing aids has
been steadily increasing, due to the fact that they largely alleviate
occlusion-related problems. Current noise reduction (NR) tech-
niques such as the Multichannel Wiener Filter (MWF) [1], do not
take into account the ambient noise leaking through the open-fitting,
leading to a degraded noise reduction performance. To provide
information about this signal leakage and hence improve the per-
formance of NR algorithms, an internal (error) microphone can be
incorporated in the ear mould. Although active noise control (ANC)
has been frequently used in (closed) headphones [2][3], its usage in
hearing aids has been rather limited. In [4], ANC has been used for
reducing the occlusion effect in closed fitting hearing aids, and in [5]
a feedforward ANC-motivated (FF ANC) algorithm in open-fitting
hearing aids has been introduced.

In [6], a combined feedforward-feedback ANC-motivated (FF-
FB ANC) algorithm for open-fitting hearing aids has been presented,
which uses the signal leakage in the error microphone as an addi-
tional input signal to achieve speech enhancement. It has been shown
that in terms of SNR improvement the FF-FB ANC algorithm out-
performs the standard MWF and the FF ANC algorithms.

In this paper, a theoretical analysis is performed for the standard
MWF and the ANC-motivated algorithms. The output SNRs for a
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single speech source are derived for these algorithms. The error mi-
crophone signals and the filters of the considered noise reduction
algorithms are analysed for extreme cases of large and small gains.
It is shown that for large hearing aid gains the standard MWF and
the FF ANC algorithms achieve the same performance. Moreover,
the performance of the FF-FB ANC algorithm is — remarkably — in-
dependent of the signal leakage and it has the highest output SNR of
all considered algorithms.

2. SIGNAL MODEL

Considering a hearing aid with M external microphones and an in-
ternal (error) microphone in the ear canal (cf. Figure 1), the mth
microphone signal Y;,,(k,n) in the frequency-domain can be writ-
ten as

Yi(k,n) = Xpm(k,n) + Vin(k,n), m=1...M, (1)
with X,,(k,n) the speech component and V;,,(k,n) the additive
noise component, where k denotes the frequency index and n the
block index. For conciseness the indices k£ and n will be omitted in
the remainder of the paper. The M -dimensional stacked vector Y,
consisting of all microphone signals, is defined as

Y=[V1Ys...Yu]" =X +V. 2)

The correlation matrices of the signal components are defined as
R, = E{VV#}, R, = £{XX"} and R, = E{YY"}. The er-
ror microphone signal E is equal to

E=CZ+ Ly, 3

with C' the so-called secondary path (transfer function from the hear-
ing aid receiver to the error microphone, including the receiver and
microphone characteristics) and L, the signal leakage through the
open-fitting. The receiver signal Z is given by

Z =GW7Y, “)

with G the (broadband) gain of the hearing aid and W the M-
dimensional filter on the microphone signals, i.e.,

W= [W) Wa ... War]". Q)

Fig. 1. Hearing aid configuration with external microphones Y, in-
ternal (error) microphone £ and signal leakage L,,.



3. MULTICHANNEL WIENER FILTER (MWF)

The multichannel Wiener filter produces a minimum-mean-square-
error (MMSE) estimate of the (unknown) speech component in a
reference microphone (e.g., the first microphone). The MSE cost
function is hence given by

T (W) = €{|CZ - DI} = £{|GCW"Y ~ DI*},  (6)

where D is chosen to be equal to the speech component in the first
microphone, multiplied with the hearing aid gain and filtered with
the secondary path, i.e.,

D = GCX:. Q)
The filter minimizing the cost function in (6) is equal to
WMWF == R;leelq (8)

with e; a vector whose ¢th element equals 1 and all other elements
equal 0. Note that this filter does not take into account the signal
leakage L, through the open-fitting, such that the performance of
the MWF will be degraded by this signal leakage.

4. ACTIVE NOISE CONTROL (ANC)-MOTIVATED NOISE
REDUCTION ALGORITHMS

In order to take into account the signal leakage the ANC-motivated
algorithms proposed in [5] and [6] use both the external microphone
signals and the error microphone signal E, providing information
about the signal leakage L, .

The aim now is to minimize the MSE between the error micro-
phone signal E (including leakage) and the desired signal D.

4.1. FF ANC algorithm

In contrast to the MSE cost function in (6), the FF ANC algorithm
[5], minimizes the cost function

Juse™ (W) = E{|E - DI’} = €{|CZ + L, - DI}, (9

which now exploits information about the signal leakage L,. The
filter minimizing the cost function in (9) is then given by

WFF = (GC*Ry)il(Gc*Rzel - ryl,y)a (10)

with ry;, = E{YL}}. The filter in (10) can be related to the MWF
in (8) as

’WFF = Wawr — (GC*) 'R, 'y, | an

The error microphone signal of the FF ANC algorithm is equal to

B = GCWyeY — 1y RU'Y + Ly | (12)

We will now analyse the filter in (10) and the error microphone signal
in (12) for extreme cases of large and small gains. For large gain
values, Wgr in (10) and Exr in (12) reduce to

lim WFF = WMWF, (13)
G—oo
lim B = GOWiyY, (14)
G—oo

i.e., to the MWF solution without taking into account the signal leak-
age, which is logical since a large gain corresponds to negligible
signal leakage.

For small gainsl, Wir in (10) and Egr in (12) reduce to

. *\—1lp—1

élg’lowl:p =—(GC") 'Ry 1y, (15)
lim B = —(rl R;Y + L. (16)
G0 yly ™y Yy

In this case, the MWF part in Wi is canceled out and FEyr is in-
dependent of the hearing aid gain G. This can be interpreted as the
standard ANC case, where the aim is to suppress the complete signal
leakage, i.e., D = 0 and hence

Jwe(W) = E{|GCWYY + L, |*}. (17)

4.2. FF-FB ANC algorithm

In the FF-FB ANC algorithm proposed in [6], the signal leakage in
the error microphone — unlike in the FF ANC algorithm — is used
as an additional input signal together with the external microphones
(cf. Figure 2), i.e.,

Erprp = CZ + Ly,
with
Z=GW"Y and Y= [Iﬂ (18)
Y
The cost function for the FF-FB ANC algorithm is then given by
Jiskse (WY = E{|EBuers — D|?} = E{|CZ + L, — D|*}. (19)
The filter minimizing the cost function in (19) is equal to
Werss = (G’C’*ﬁy)_l(G’C’*flxel —Fyly). (20)
Using the fact that L, = e,{i,?, it follows that

Ty, = E{YL,} = Ryey., @1

with R, = E{YY""}. Then the filter Wrr.rs in (20) can be written as

Werrs = Wywe — (GC™) ey |, (22)

with Wawe = ﬁ;lﬁzm and ﬁz = S{SQN(H}

The first part Wauwe, which is independent of the gain G, can be
interpreted as the MWF with the signal leakage L, as an additional
input signal. The second part is a vector where only the last element
is not equal to zero and only depends on the gain and the secondary
path (i.e., independent of the signal leakage L,).

Fig. 2. FF-FB ANC algorithm scheme

'Small gain values are unrealistic, but they are still covered in this paper.



The error microphone signal of the FF-FB ANC algorithm is
then given by

EFF-FB = GC(WMWF — (GC*)710M+1)H§ +4 Ly, (23)

which reduces to

~H ~
Firs = GCWyw Y | (24)

Remarkably, the error microphone signal E'rrrs is independent
of the signal leakage L, and can be interpreted as the output signal
of the MWE, which uses the external and internal microphones as
input signals.

In practice, the performance of the FF-FB ANC algorithm de-
pends on the signal leakage estimation error. To estimate the signal
leakage L, in the error microphone, the receiver signal is filtered
with the secondary path estimate and subtracted from the error sig-
nal (cf. Figure 2). The secondary path estimate is considered to be
perfect i.e., equal to C, which can be achieved for example using a
calibration measurement procedure.

5. THEORETICAL PERFORMANCE ANALYSIS

In this section we analyse in each frequency band the output SNR
of the MWF (with/without leakage) and of the ANC-motivated al-
gorithms for a single speech source.

Assuming that a single speech source is present, the speech sig-
nal vector is given by X = HS, with H the M -dimensional steering
vector containing the acoustic transfer functions between the speech
source and the hearing aid microphones (including microphone char-
acteristics, room acoustics and head shadow effect) and .S the speech
signal. Hence, the speech correlation matrix is a rank-1 matrix, i.e.,

R, = P.HH" (25

where P; = £{|S|*} denotes the power of the speech signal. Using
(25) and the matrix inversion lemma, the inverse matrix R, ! can be
expressed as

R;'P.HHR;"

R,' = (P.HH" +R,)' =R, - oy

, (20)

with
p = P,H'R;'H. 27)

5.1. Multichannel Wiener Filter
Inserting (25) and (26) into (8) yields the well-known expresion for

the MWF in the case of a single speech source, i.e.,

R;'H
WMWF =P

s Hy. 28
11,0 (28)

Assuming no signal leakage, the output SNR of the MWF is given
by

SNle—lcmkagc _ g{|GCWI\I/I{WFX|2} _ W]\I;IIWFRIWMWF
MWF

- — =p. (29
E{|GCWEHV[2}Y W R, Wawe p

Taking the signal leakage into account, the output SNR is equal to

H 2
SNRL%J?C _ g{|GCW1\I4{pr + Lz| } )
E{|GCWypwiV + Ly |?}

(30)

One can identify two extreme cases for the SN Ry as
Jim SNRWE = p = SN R @31
—00
Pr,
Ly
Obviously, for large gains the output SNR is equal to the output SNR
of the MWF without leakage. Whereas for small gains the output

SNR is equal to the SNR of the signal leakage, i.e., the MWF has no
effect on the signal reaching the error microphone [7].

cl;iino SNR};M\;;%e = = SNRleakage (32)

5.2. FF ANC algorithm
The output SNR of the FF ANC algorithm is given by

E{|GCWEX + L.}
E{|GCWLV + L, |2}

S N RFF == (33)
Since for large gains the filter Wee reduces to Wywe, (cf. (13)), the
output SNR is equivalent to the output SNR of the MWF without
leakage, i.e.,
Glim SNRi = p = SN Ry, (34)
— 00

In this case the signal leakage has no effect on the signal delivered
to the error microphone.

For small gains it is unfortunately not possible to derive a simple
formula for the output SNR of the FF ANC algorithm (without any
other assumptions).

5.3. FF-FB ANC algorithm
Applying the matrix inversion lemma, the filter in (22) becomes

WFF»FB :V~VMWF — (GC*)716M+1

s-lo (35)
R, 'H .
=P,— —H — (GC") "ew
TS Hi — (GCT) e
with
;=PHR,'H and H= {HH } .36
M+1

The output SNR is then given by

~H ~
E{|GOWeesX + L |*}
~H ~
E{|GCWgiV + Ly|?}
~H -~
_5{|GCWMWFX|2}
==
E{|GCW\w: VI?}
The FF-FB ANC algorithm delivers a constant output SNR for any
amplification gain G. The output SNR is then equal to the output
SNR of the MWF, which uses both (external and internal) micro-
phones as input signals.
Since when more microphones are used, the higher the output

SNR becomes [8], the FF-FB ANC algorithm yields the highest out-
put SNR, i.e., p > p (cf. experimental results in Section 6.2).

SN RFF—FB =

(37N
~———_no-leakage

= SNRyw = p-

6. EXPERIMENTAL RESULTS

6.1. Setup and performance measures

Simulations were performed using anechoic room recordings ob-
tained with a KEMAR head and torso, a two-microphone behind-
the-ear (BTE) hearing aid, an external receiver (Knowles, TWFK-
30017-000) and an active ear mould with an internal microphone
(Knowles, FG-23329-PO7) and a vent size of 2 mm.



The sound sources were positioned at a distance of 3 m from the
center of the head. The BTE was worn on the right ear. The speech
source was located at 0° and multiple noise sources at 90°, 180°
and 270° were considered. The noise signal was multitalker babble
noise and the speech signal was taken from the HINT database [9]
(fs = 16 kHz).

The first L. = 128 taps of the measured secondary path C' have
been considered. The signals were processed using an overlap-add
method with a block size of 256 samples and an overlap of 75% be-
tween blocks. The correlation matrices Ry, R, and R;, are estimated
as

Ny
R, = Niu ;Y(k,i)YH(k‘,i) speech present (38)

Ny

X(k,1)X" (k,i) speech present (39)

N,
Ll NOH
R, = N, 2221 V(k,i)V" (k,i) speech absent (40)

with N, the number of available signal blocks when speech is
present and NV, the number of available signal blocks when speech
is absent, determined by a voice activity detector (VAD).

In order to quantify the broadband performance, the speech
intelligibility-weighted output SNR [10] has been used, which takes

into account the band importance function Iy, i.e.,
K

SNRyy = »  ItSNRy, 1)
k=1

where SNRy, is the output SNR in the kth frequency band (which has
been theoretically analysed in section 5).

6.2. Results

Figure 3 depicts the output SNR;,, at the error microphone for the
MWEF (with/without leakage) and for the ANC-motivated algo-
rithms, where the broadband gain G varies from 0 dB to 50 dB.

For large hearing aid amplification gains the output SNR of the
MWEF is equal to the output SNR of the MWF without leakage (cf.
(31)), whereas for small gains the performance of the MWF is de-
graded by the signal leakage.

Since for large gain values the filter of the FF ANC algorithm re-
duces to the MWF solution (cf. (13)), the output SNR is equal to the
output SNR of the MWF without leakage (cf. (34)), i.e., the signal
leakage has no effect on the signal delivered to the error microphone.

The FF-FB ANC algorithm delivers an almost constant output
SNR. This supports the theoretical results i.e., the FF-FB ANC algo-
rithm compensates the signal leakage (cf. (24)) and has a constant
output SNR independent of the amplification gain G (cf. (37)).

Furthermore, the FF-FB ANC yields the highest output SNR.
This can be explained by the fact that in this case the signal leakage
is used as an additional input signal, i.e., information from more
microphone signals is being used.

7. CONCLUSION

For a single speech source we have theoretically shown that for large
gains the standard MWF and the FF ANC algorithms deliver the
same output SNR, which is equal to the output SNR of the MWF
without leakage.

Moreover we have shown that the error microphone signal of
the FF-FB ANC is independent of the signal leakage L, and can
be interpreted as the output signal of the MWEF, which uses both
external and internal microphones as input signals. The proposed
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Fig. 3. Speech intelligibility-weighted output SNR of the MWF
(with/without leakage) and ANC-motivated algorithms. The speech
intelligibility-weighted input SNR in the first microphone was 0 dB.

FF-FB ANC algorithm delivers the highest output SNR, which is
then independent of the hearing aid amplification gain G.

In future work we will analyse the effect of the estimation errors
in the secondary path C' on the performance of the algorithms.
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