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Ahstract  This paper describes a digital hearing aid real-
ized in the frequency domain that compensates for recruit-
ment of loudness and cancels acoustic echos. In contrast to
conventional systems which are based on a noise-probe sig-
nal, our echo canceller is adapted using only the available
(e.g. speech) input signal. The main problems caused by a
nonlinear feedforward filter, for compensating recruitment of
loudness, are discussed using analytical resuits of the sieady
state bechavior of the closed-loop hearing-aid system. The
proposed solutions have been implemented and tested on a
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1 INTRODUCTION
FEDBACK is a common problem in hearing aid svs-
tems. The maxinunn stable gain is limited by the feed-
hack. Hearing-tmpaired persons with loudness recruitinent

have o reduced range between the sound prewm levels

("()l'l'('h]u‘)ll('lill;;’ to threshold and discomfort. As a l(‘»llllx
the ceffective dyvnamic range of a hearing-impaired person
is compressed. It often varies markedly with frequency.

In our paper. we will discuss a hearing-aid device with an
adaptive echo canceller, as proposed in [2], together with a
nonlinear feedforward filter for compensating recruitment
of loudness hoth working in the frequencyv-domain as de-
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Fig. 1. Hearing aid system with an adaptive echo canceller and a
nonlinear feedforward filter.

Note that ne probe signal is used in predicting the echo
signal. The wicrophone picks up d(n) = v(n) + y(n), the
actual input signal w(n) superimposed with the feedback
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signal y(n). Including a D:A- and A/D-converter. micro-
phone and loudspeaker, the feedback path is assumed to
bhe modeled by a FIR filter A() of length N together with
some delay 1.

Our realization of predictor and fecdforwind filter is
hased on a lapped frequency transform using the so-called
overlap-save technique [1]. Thereby samples at time index
n arce collected blocks of length 2N {with an overlap
of N samples) vicelding lor the available input signal dini
(and equivalently for the londspeaker signal wini} d[&
[ANY. (RN + 1) d{{k + 2N - I)‘.’ with 4 the hlock

[« F
denoting transpose. In estimating y(n). our

index and 1’
predictor replaces the linear convolution u{n — Ndj = /hr(.n',)
by the cyclic convolution ylk] ulk — d] = hlk;
W[k] = [ho[k],- .. . hn ~1[].0,. S0P A 2N -point vector ob-
tained by zero padding!.

with

By introducing the 2N x 21\"—])<)inr Fourier matrix F
with elements #iy = L/2N - exp(—3 (27 /(2N ))kl} where

7 =+/—1, we get for d[k] the appropriate frequency-domain
vector D[k] = Fd[k]. Capital letters will be used equiva-
lently to describe the frequency transform of the remaining
‘2 N- point vectors. The cyclic convolution is now written as
Y[kl = Ulk - (LJ[J [k] resulting in a simple multiplication
in the frequency domain with the diagonal matrix U[k]
having [7[k] on its diagonal.

The last N samples of g[k] remain undistorted and henee
are used to build up the echo-reduced input signal rin} =
d{n)—y(n) (In Fig. 1 this is illustrated with an appropriate

lls corresponding block vector is given in the

window.)

r[k] = p(d[k] — glkD) + q(d[k = 1] = g[k - 1]y, ¢

with the 28 x 2N projection matrices deflined by

poe [ 0N Ox _(0x Ix .
' oy Iy )7 9° Ony On /) .

In prineiple. the predictor H[E} is adapted 1o the feed-
back path [} in the frequency domain using a power-
normalized least mean square (LMS) algorithm. It is given

by

\

(39

Hlk + 1] = LL[k] + plk] - U™ [k — d]E[k].

with the diagonal step-size matrix pelk] normalized by
wilk] = po/E[IUL[K]?]] [2]. As proposed in [5], the error

vector is given in the time domain by ¢[k] := pr[k] and in

"For simplicity we will not use the partitioning technigue as pro-
posed c.g. in |2|.
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thie frequency domain by

L[k = PRIk) (4)
With the help of {1} the error signal can be related to the
echo-reduced signal by r[k] = elk] + gefk — 1} and equiva-
lently in the freguency domain by

1K) = Bk~ QEk — 1] (5
The matrices Q@ = FqF ™ and P = FpF~!
propriate projection matrices (2) in the [requency domain.
We note that, based on relation (3). R[k] can be computed
from L1k] with N additions only [2].

The feedforward filtter G[k] compensates for recruitment
of loudness and is proposed to be built up by additive
weighting of a sct of arbitrarily defined bandpass filters
G, in the frequency domain, e,

Gk = > Wilk]- G, .
i

denote the ap-

(6)

If the impulse response of each bandpass filter Gy is at
most of length N, any superposition has the same length.
Hence. (k] is guaranteed to produce no aliasing if the filter
is time-independent or varies slowly with time.

In a real hearing-aid device, the loudspeaker has a satu-
ration level. To prevent our linear predictor from having
to estimate a nonlinecar feedback path, we introduce a clip-
ping device as depicted in Fig. I with a clipping level helow
the saturation level of the loudspeaker.

With no clipping, the predictor input vector can finally
shown to be

[k = PGRIR[K + QGk — 1)R[k - 1].

-~J

- We will continne in Section 2 with an analysis of the
steady-state behavior in the mean-square sense of our hear-
ing aid systeni. Based on the obtained results, we will then
discuss in Section 3 the problems due to the nonlinear feed-
forward filter. Scetion 4 will finally present our solutions
which have been verified successfully with the help of a
dummy bte hearing-aid device.

2 ANALYSIS
HAVIOR

OF THE STEADY-STATE BE-

The following analvsis assumes a stable system in its
steady state. Feedback path and feedforward filter are as-
<tmed 1o be time-independent, i.e., Gk = G, H[k] = 1.
I'urthermore. to be mathematically tractable, the analysis
is based on the following assumptions:

‘r(dl) The input vectors vlk], o[k + 1},--- are mutually !
uncorrelated. Le. & [e[k]e” [k + 7]] =0. for i #0. |
(a2) The vectors wlk], u[k + 1], -+ remain mutnally un-
correlated.  In addition. its frequency transform U[k]
constitutes with its components an uncorrelated compler

1iE[RYGTK]) = 0. for d # j.

(fanssran process, .o, &]
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The following properties follow from (al) and (a2)

(p1) The crror vectors £[k], E[k+ 1], -
uncorrelated.
(p2) HJk] has uncorrclated components for & — .

are mdually

With J1Ik] =
hack path 1o have the same delayv. i.c.
by rewriting the error vector (4} as

H — H[k} and assuming predictor and feed-
Nd = 1.

we start

ﬂM:PuH+PﬂMQM—ﬂ (R)

With ((L” ‘m(l L]__k] l)t‘lng 1_|n(()||(‘1(u.<<l o _(_,__'[I\'—(-I] {follows
from (3) with (a2)). we find for the error corvelation matrix

(LKL K] = PE[LIKL"[K] P
+ PE [ﬁ[k]g[m-{zgg "k )] f;”m] P

In proceeding. we replace (5) in (7). Using the identity

PGQLEK]+ QGL[k) = GQLIK] (10)
the predictor input vector becomes
Ulk] = PGE[k] + GQE[k—1] + QGQE[k 2] (1)
and, with the help of (pl), its correlation matrix
£ [g[k —qut [k—d]] - PGE ‘[g[k ~d|EH [k—d';] c''p
+(;Qz:[1_51[k—(1—1]§”jk d '1]] Q"G" 12)

+ Q(:Qz:[/;‘jk d AE"k --,/---z;.] Qlalq!.

According 1o assumption (a2} oll=diagonal clements can
be neclected.  For the diagonal clements. Eq.  (12)
can be simplified with the help of EiR[k L ”[/.]
E[L[lc—}-t]l“”[k-{-?]] for all 7 (steady-state analvsis). It re-
sults in

£ [_l,_f[k—d]_u“ {A-,—d]] = 2GE [ﬁ{k—-rl]ﬁ”ik---d]] . (13)
vielding for Fq. (9)
£ [EkE" K] = Pe (VIR k] P
+2PE[AKGE[Ek—EE" (k-4 67 A" W] P (14)

With tr{.} being the trace operator. we now write for the
so-called mean squared error (MSE)

k] = %Zwi[/ﬁ]i _ 2\7 w{ ETEIK) Y

The MSE can be written as J[k] = Jex[k]+ Jmin. consisting
of a predictor-dependent. so-called crcess MSE Jex[k] and
a term Jy,p, dependent only on w(n). With g, — 17282 x
tr{ PEVEVHE] P} we obtain for the excess MSE

(K]} -

(15

Joxikli = -—

1

rr{ PE [Fl[k?m‘ [_/_L;;_‘k—d]ﬁ” [k'—d]] A" 1 P}
{1067
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and finally with tr{4 - B} = tr{D3

- A} and (p2)

With the misadjnstment of the predictor defined hy M =
/(.\:[k]/ lmi,, (k — '>o) we ()l)tain the' f(')llowinO' 1'09111( de-

tem:

Proposition I: For a stable system according to Fig. 1,
the misadjustment M fulfills
- 2
Hi[k]|

st SEPRdP G [
S e k]

Y
VI

for the steady state (kK — o0).

The quality of the echo-reduced signal r(n) is measured
with the misadjnstment M. Keeping it constant (by means
of an appropriate step-size matrix p[k]. see [2]) means that
an increage in the gain of the feedforward filter G can only
he compensated for by reducing the coefficient mismatches
5[|I~l,[k]|2]. if possible. Note that a stable svstem has a

steady state with Jex[k] < J[k—d], or M < 2.

I aYal n'r'r“'r"r WMTAART

3 PROBLEMS OCCURIT DUE TO A NON-
LINEAR TIME- VARIANT FEEDFORWARD
FILTER

In order o compensate for recruitment of loudness, the
frequency-dependent dvnamic range of the signal has to be
adapted to the requirements of the impaired person. A
typical compression function for a given frequency band is
depicted in Tig. 2. Such a compression requires high gain
for small mpnt levels and low gain for high input levels

2 wolg s W, [“ for the
corresponding bandp [11191% (:, in I-q (G). ']he use of
stuch compression functions leads to three main problemns:

T T
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-
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—

-
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Fig. 2. Typical nonlinear function for recruitment of loudness com-
pensation.

vof

~

l]w |np|1l signal might swit.

speech .

input sighad (e.g.

hetween low and high level cansing successive high aud low
agains in weighting the bandpass filters. If the gain differ-
ence between successive hlocks is too large the fas
change in the feedforward filter will canse audible ariefacts

oain

in the londspeaker signal due to aliasing effects.
The next problem concerns the echo canceller.

INIs

EEALS

Assiim-

according ro kg, (1)

10 he white
Lo be whtle, My .

ing the error vector v
a predictor aiwing at o fixed misadjustient essentially re-
I(JIZS[Il]fkllz} to he constant. Hence.
a low-gain feedforward filter will allow for a larger predic-
tor mismatch ﬂ[k] if compared to a high-gain filter. Hence,
a sudden change from a low-gain o a high-gain filter will
causc scevere artefacts, since the pxodl(lm n(wls some time

7L PR
_l_llhy]. .l.lll' I\_\llll; [lll l VT

quires the sum Y,

to reduce its mismatch
instable system.

The third problem concerns instabilities of the hearing-
aid syvstem caused from outside: A sudden change of the
feedback path might resull in an open-loop gain “G 177 that
produces an unstable hearing-aid system. By minimizing
E[k], the predictor tries to stabilize the system. However. if
the open-loop gain of the system is too large. the predicror
might be to .sI()w to cope with the increase of LTkl Such a

situation increases the input level of the feedforward filter
nntil the nonlinear region of the compression {unction is

reached. The gain is antomatically reduced until an open-
loop gain of exactly 1 is obtained resulting in a sustained

.’a\%f(‘lll is in this state. we

by reducing the overall

a
oszillation. 1f the hearing-aid
have to react in some way, e.g.
gain.

4 SOLUTIONS TO THE DISCUSSED PROB-
LEMS

4.1 Aliasing due to large gain changes

From experience we observed that a sudden increase of a
low-level input signal to a high-level signal combined with
a corresponding gain reduction does not result in any andi-
ble artefacts. If in contrast a high-level signal is suddenly
decreased to some low-level, a corresponding inerease of the
gain results in very disturbing artefacts. Fr om this we pro-

pose to limit the relative increase of the g Due to the

temporal post-masking cffect |4} such a hnnl.;,l.l.l()n does not

produce any audible artefacts. With lrl"_,““[k] the desired
weight of the I'th bandpass, the actually used weight 1[4]
is obtained as

o Wikl (W k] > o Wik])
W (W VTR < 3 TR
Wi k+1] clse

Wilk+1] = (19

With the appropriate choice of o (o > 1) and 3 {0 < 3 <
1) one does not hear anv artefacts and the feedforward
filter still compresses and compensates for recruitment of
londuess. 3 can be about 5% and a should not he much
Jarger than 1.1 ]G].

4.2 Large low-gain mismatch of the predictor

Ifa

i wi
we Observe Ih<- nlm\(-111011(1011('(1 pml)l( ni:
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a high-gain to a low-gain feedforward filter will cause the
predictor to increase its mismatch H[k]. A forthcoming
increase to a high-gain filter will then end up in a mismatch
Hk} which causes annoying artefacts.

To overcome this problem, we propose to reduce  or even
stop the adaptation for low-gain feedforward filters. Even
if stopped, the predictor has sUH sufficiently long adapta-
tion time intervals if the input signal is properly scaled for
the dynamic range of the hearing aid device.

4.3 System instabilities — An open-loop-gain mea-
sure

A potential unstable systeni, e.g caused hy a sudden
change of the feedback path. reacts as discussed above:
it uses the gain-reduction mechanisim of the feedforward
filter in order to reduce the open-loop gain to 1 resulting
in a sustained oscillation. To detect this undesived system
coudition, we propose to use Kylk] := /Jex[k]/J[k—d], a
measure of the open-loop gain. We use an available esti-
mate that is a close lower bound of Ky[k]. The obtained
analvtical resull is given by the {ollowing proposition:

1. ’(()[/ﬁ']

“Proposition 2: For the system according to Fig.
cand the estimate defined by

S QLR (k)]

'ge[u';,[mzn?]

Ko[k] == (20)

fulfill for the steady state (& = o) [x() [k} < Ky[k]

To prove it, we first substitute (7) in (8) which vields with
5)

)
ElH =

{
PV[k] + PHI[K|PG (Elk—d] + QE[k—d—1))
+ PH[K|PG (Elk—d—1] + QE[k—d-2))

With (pl). (21) results in

21

E[LIMEY k=] = & [Pfl[k}PGﬁ[k—d]g"[k—d]] .
To proceed. we consider the Cauchy-Schwarz inequality:

(el"a])" < £[y"y) - €[e"a) - (23)

We use a much tighter bound by using a vector y that
depends with its ('mn])()nem signs on a. It is given by

> el <Zjh,}Z£WH

1]

= PHKPGL]k—d). (

(24)

With 2 := Elk—d] and 3 : (24) allows

1o write with {22)
> LK E k=]l | <

w{pe'

(K PGE[Elk—d|L" [k~d)] G" PH[K]P ]}
fo[E[k—d”‘-’]. (25)

IWAENC’97

It leads with

el

é[l [k—d " [k d]] ;"’Pﬁikjp]} <

{ [ AIKGE I[k —dj i [k / GUHKP]} 126)

zm(l Eq. (17) for £ = o0 to the claimed proposition
Kolk] < Ko[k}. o

Simulations have shown Ko[k] to be very accurate in es-
timating Ko[k], especially in the vicinity of one. tence, we
propose to use it for controlling the maximum gain of the
{ecedforward filter in order to prevent an unstable hearing
aid device.

In our DSP implementation - driving microphone and
loudspeaker of a hehind the ear (bte) hearing aid device
the sain is reduced by 50% if R’U[k-] surpasses 0.9, The gain
is linearly recovered within 2s in order to allow sufficicin
time for the predictor to find an accurate estimate of the
actual feedback path. In doing so. we obtained an imple
mentation which has no audible artefacts and which runs
gains more than 20 dB above the eritical gain. The used

predictor length was N = 64 for a sampling riate of 16 kiz
dll(l a delay d = 3.V of 12ms.

5 CONCLUSIONS

We have presented a steady state analvsis of a closed-
loop hearing-aid system incorporating an adaptive echo
canceller and a nonlinear feedforward filter for compensat-
ing recruitment. of loudness both realized in the frequency
domain.  Based on this analysis, three main problems
have been discussed and solutions proposed and verified
by means of a real-time DSP implementation. Au estima-
tion of the open-loop gain has heen proposed to be used in
controlling the stability of the overall system. Using only
the available speech input signal (no injected white-noise
probe signal) for the echo canceller, the device runs more
than 20 dB above the critical gain without any audible
artefacts.
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