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Abstract. All analog circuits for a remotely controllable subminiature hearing aid are presented. It is feasible to inte-
grate all circuits together with an I’L. decoder on a single bipolar chip. The volume level and the cutoff frequency
of a high-pass filter can be controlled. Besides, the device can be remotely switched at microphone and telephone
coil, and switched into a standby mode. All circuits presented have been tested with a semicustom realization.
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1. Introduction

Because of its invisibility to others, most people with
moderate hearing loss prefer a hearing aid that is
mounted within the ear duct. As the small dimensions
of such instruments obstruct the application of hand
control, they must be remotely controlled. Three differ-
ent systems for remote control in hearing aids are in
use nowadays. They employ ultrasound, infrared, or
radio frequencies as information carriers, respectively.
Due to its insensibility for spurious signals and its quick
response, an infrared system, such as that which has
been applied for many years in consumer electronics,
is probably the best choice.

This paper contains a description of all analog cir-
cuits for an infrared controlled hearing aid to be
mounted within the ear duct. The digital part (I°L
decoder) is not described. The circuits have been de-
signed for direct production purposes.

Figure 1 depicts a block diagram of the complete
system. IR-modulated code words are received by a
photodiode. Its signals are amplified and detected, after
which they are decoded into digital current bits. These
bits are converted into analog control currents controll-
ing volume levels, filter transfers, and a standby posi-
tion. A specification of the desired operation data and
the boundary conditions is listed in Section 2.

The system contains a preamplifier with a doubled
first stage. Hence signals from an electret microphone
and from a telephone coil can be amplified separately.
The amplified signals are filtered by a controllable
second-order high-pass filter. At last the filtered signals
are amplified to the desired level in a power amplifier.
Furthermore, the block diagram contains a few refer-
ence sources. They are two PTAT current sources, a

“hard” (low-ohmic) voltage source and a “soft” (high-
ohmic) voltage source. The first PTAT source biases
all circuits except the IR receiver. In the standby posi-
tion this current source is switched off.

The second PTAT source biases the IR receiver that
remains in operation during standby. The currents com-
pensate for the temperature dependence of the controlled
gain. The “soft” voltage source has yet another func-
tion, namely, it serves as a reference voltage for the
“hard” voltage source.

2. Operation Data and Boundary Conditions
2.1. Control Functions

The infrared receiver receives repeated code words,
amplitude modulated on a 36-kHz carrier, from a trans-
mitter. The electronic circuits in the hearing aid must
be able to react on each different code word in the fol-
lowing ways: The amplification must be controllable
over a 46.5-dB range with steps of 1.5 dB. The filter
circuit must have a second-order high-pass characteris-
tic. Its cutoff frequency must be controllable over a
range from 100 Hz to 1 kHz with eight steps (a low-
pass function is not applied in this system, because for
the majority of people with moderate hearing loss a
high-pass function only is sufficient {i]).
Furthermore, the input transducer must be switch-
able from microphone to telephone coil, and vice versa.
At last the total instrument except the IR receiver must
be switchable from the operation mode to a standby
mode, and vice versa. In the standby mode the power
consumption should be minimized and the information
in the (volatile) I’L memories should be maintained.
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Fig. 1. Block diagram of the complete system.

2.2. Transducers and Signal Levels

The maximum power capability of the power amplifier
must be 250 uW. This power must be delivered to a
standard electromagnetic telephone, especially con-
structed for hearing aids. At that output level the input
level of the preamplifier signal must be 150 uV ¢ at
maximum amplification. This input signal is delivered
by a standard subminiature electret microphone with
built-in junction FET or by a telephone coil. The output
noise (unweighted and measured over a bandwidth of
10 kHz) of the microphone amounts to 13xV. This is
a typical value for such microphones. At maximum gain
the equivalent input noise of the controlled amplifier
must be small with respect to that value. With decreas-
ing gain an amplifier noise increasing to, say, 10uV will
generally be admissible. The microphone signal can
be as large as 35 mV. The controlled amplifier must
be able to process such signals at low gain levels. The
signal level at the connection between the controlled
amplifier and the filter has been normalized at 15
mV ., over 50 kQ. Hence, the voltage gain must be
controllable from -6.5 to 40 dB. The filter itself has
a voltage gain of 6 db; hence, the output level at the
connection of the filter and the power amplifier amounts
to 30 mV .

2.3. Boundary Conditions

a. All circuits must be designed with a single supply
voltage of 1.0 V (zinc-air cell at end of lifetime).

b. As all circuits must operate at one very small zinc-
air cell, total power consumption should be kept as
low as possible (typically a few hundred microwatts,
the power amplifer excluded).

¢. Due to room problems, chip dimensions should be
kept as small as possible. As an indication: A total
chip area of 5 X 5 mm? will be too large.

3. General Design Aspects
3.1. Process Choice

Apart form the analog circuits, the chip must contain
a large digital part and a number of D/A converters for
the processing of the received infrared commands. An
PL-compatible high-frequency process is chosen for
the following reasons:

a. Available CMOS processes with very low threshold
voltages (about 0.5 V) are not (yet) sufficiently
characterized for analog applications in the produc-
tion phase. Analog CMOS processes with higher
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threshold voltages are not suitable for the present
application, unless a battery voltage multiplier is
added to the circuit. This implies that an extra
number of discrete capacitors is needed [2]. This
is not feasible in the present application due to room
problems.

b. As a large amount of the chip will be filled with PL
gates for the digital processing, a realization in an
I’L-compatible (low frequency) bipolar standard
process would give rise to too large chip dimensions
for the present application. In high-frequency proc-
esses, however, special attention has been paid to
minimizing the parasitic capacitances and delay
times. Consequently, the minimum dimensions of
bipolar devices generally are considerably smaller
than in low-frequency processes [3]. Hence, owing
to its large component density, the remaining possi-
bility is an PL-compatible high-frequency process.

However, for the time being, all circuits in this paper
have been designed for semicustom realization, in order
to check their feasibility for production purposes.

4. Practical Circuits
4.1. The Infrared Receiver

Figure 2 depicts a block diagram of a practical IR
receiver for hearing aids. the photo current is made free
of dc current (caused by sunlight and artificial light
sources) and other low- and high-frequency spurious
signals by a dc killer and a bandpass filter. Thereafter

N Band-pass Threshold Pulse
~ d.c.killer |—»t k —» || Demodulator —0
amplifier circuit shaper PL-out

Fig. 2. Block diagram of the IR receiver.

the signal is connected to a threshold circuit. This cir-
cuit prevents false messages if the received signal is
too weak. At last, the signal is detected and shaped.

Figure 3 depicts the circuit diagram. In traditional
IR receivers direct currents are killed by an inductor.
Of course, this must be rejected in the present applica-
tion. Here the dc current is simply suppressed by a
passive resistor (R,). This measure affects the noise
properties, and therefore the attainable distance range.
However, this is not a large problem, because a distance
range of, say, one meter will be sufficient. This range
is fully feasible with the applied resistive dc killing,
unless a fairly high transmission power is applied (the
system was tested with a standard transmitter for TV
remote control).

The maximum measured dc photocurrent under nor-
mal wearing conditions (photodiode in the ear duct)
remains below 65 pA. The photodiode saturates, as soon
as Vg > = +0.4 V. Hence the value of R, has been
chosen as large as possible (22 k), so that the photo-
diode will never come into saturation (I;.R, < 1.4V).
However, under extreme conditions, for example when
the device is placed in bright sunlight, the dc photocur-
rent can increase to 500 pA. Here a fundamental
drawback of the circuit appears: Apart from the fact
that the device cannot be controlled under such condi-
tions, the battery will be discharged by the dc current.
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Fig. 3. Circuit diagram of the IR receiver.
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In order to cope with this drawback, and to attain a
higher sensibility, so that a smaller transmission power
will be sufficient, the part of the circuit that is respon-
sible for the dc killing has recently been redesigned
[4]. In this new design active dc killing is applied
(higher sensitivity), whereas the photodiode is kept
forward-biased, so that dc currents do not discharge
the battery. However, to the author’s knowledge, it has
never been applied in complete hearing aids until now.

The bandpass filter is realized by a capacitive-
coupled amplifier with overall feedback (Q;, 3). The
(first-order) low-pass function is realized by the cou-
pling capacitor C; (300 pF), whereas the feedback
amplifier operates as a second-order low-pass filter. We
restrict ourselves to a rough description of the operating
principle here. A more detailed description of the
design aspects will be published in a subsequent paper.

The biasing currents of the transistors have been
chosen to be 0.8 uA. At these bias currents the transfer
shows two complex conjugate zeros and two complex
conjugate poles, both at about 36 kHz. The positions
of the zeros are the ends of the root locus. The positions
of the zeros (and, therefore, the poles) can be influenced
very effectively by resistor R;. With R; = 18 k{2 the
poles are arranged in the Bessel position (i.e., at fre-
quencies of 36 kHz(0.5V3 + 0.5)).

The threshold circuit is formed by the (normally
cutoff) transistor Q,. At last, @5 and Qg operate as a
pulse shaper, whereas their high input time constant
suppresses the 36-kHz carrier as well (detection).

4.2. The Preamplifier with Its D/A Converter

4.2.1. General description. Figure 4 shows the block
diagram of the preamplifier. In order to restrict distor-
tion and power consumption, the total amplification
control range is partitioned over three stages. The
amplification steps are 24, 12, 6, 3, and 1.5 dB, respec-
tively. For efficiency reasons the smallest steps (6, 3,
and 1.5 dB) are controlled by the third stage. Both input
stages control the 12-dB step, whereas the intermediate
stage controls the 24-dB step. The actual control is ef-
fected by three transconductance amplifiers, mutually
connected via current-to-voltage converters. The D/A
converter converts the binary-coded volume level, the
choice of the input transducer, and the operation mode
into appropriate tail currents for the transconductance
amplifiers.

Figure S depicts the circuit diagram of the preampli-
fier. The doubled first stage and the second stage con-
tain traditional OTAs and need no further explanation.
the third stage is controlled by its common emitter cur-
rent too, but here the stage has been applied with two
independent outputs. One output contains the amplified
output current that will be connected to the filter cir-
cuit; the other output delivers a current for two offset-
control circuits (for the microphone and the telephone
mode, respectively), consisting of Ry, Ry, R;, C,,, C,,
and the dc output resistances of the microphone/tele-
phone coil. Hence, the capacitors C,, and C, have two
functions: dc decoupling and offset compensation.

A C D E F
micro- transconductance current-to current-to- input
phone KE amplifier 1 voltage —* transcon.dflctance —> voltage > transcon.d.uctance I‘]lfri?t}é?d.
(microphone) converter amplifier 2 converter amplifier 3
B
= transconductance
telephone .
coil amplifier 1
(telephone coil)
‘ 158
12dB step 12dB step 24dB step 6&‘% steps
D/A converter for volume control

VLT

control bits

volume and on/off M and T

Fig. 4. Block diagram of the preamplifier with D/A converter.
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Fig. 5. Circuit diagram of the preamplifier.

As current-to-voltage converters, resistors have been
applied.

4.2.2. Voltage gain. The voltage gain contributions of
the first, second, and third stages are I,q,R,/2V7,
EyRs/2Vy, and 0.51;3,R/2Vy, respectively. The factor
0.5 is caused by the fact that the third stage is not loaded
by a current mirror. Total voltage gain G, from the in-
put transducer to the input resistor of the filter circuit
(Rp) amounts to

G, = 0.5L i3 RiRsRG/(2V7)? ey

where Iy, Iz, and I3 are the tail currents of the
first, second, and third OTA, respectively, and Vy is
the thermal voltage KT/g. In the microphone mode, the
tail current of the telephone stage is made zero, and
vice versa. In the standby mode the total amplifier is
made current-free.

The amplifier gain is controlled by a combination
of the three tail currents. In the control position where
minimum gain occurs, the tail currents  , 3y amount
t0 0.8, 0.8 and 3.2 nA, respectively. At maximum gain
these currents are 3.2, 12.8, and 8.8 A, respectively.
Hence, substituting the current and component values,

and taking Vy = 25 mV, we obtain for the minimum
and maximum gain

Gpn = -5.8dB  and G, = 45.1 dB

The upper gain value is somewhat too large. However,
this is compensated by a small gain compression effect
caused by the offset control. Due to the same effect the
control curve shows a small nonlinearity. With the given
component values of the offset control circuit in figure 5
this compression at maximum gain just equals 5 dB, so
that the resulting gain limits passably fit the demands.

4.2.3. Noise analysis. In this section the noise proper-
ties of the preamplifier are analyzed and calculated.
No weighting curve has been taken into account. Owing
to the fact that the tail current of the third stage at least
equals that of the first stage in any control position, the
noise contribution of the third stage and the filter will be
small (but not negligible) compared with those of the
first and second stages. However, for the sake of sim-
plicity the noise analysis only concerns the first two
stages. Hence, the noise figures found will be somewhat
too optimistic. (See the measuring results in Section 6.)

With the approximations mentioned above, the noise
properties have to be analyzed in only four control
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Fig. 6a. Noise sources in a BJT.

positions, namely with the following combinations of
the tail currents /g, and I, of the first two stages:

(i) (i)
(iii) (iv)

As a start, the noise sources of a single bipolar tran-
sistor are given in figure 6a. Owing to the low values
of the bias currents, the only relevant source is that,
caused by the collector shot noise with spectrum S(J)
= 24I.. Figure 6b depicts a block diagram of the first
two stages with their (relevant) noise sources. the stages
are considered as ideal resistor-loaded transconductance
amplifiers. due to the symmetrical current-mirror load-
ing, the spectrum of the collector shot noise is four
times as large as in a single transistor. Hence, S(Z.) =
8ql. = 4ql,. The current spectrum of resistors R, and
Rs is SR, 5) = 4KkT/R, 5. The spectrum of the equiva-
lent input noise voltage S(Uj.q) can easily be found by
applying simple noise transformation techniques [5].
The result is

4ql 4kT
S(U. = 4 4,
Wed) = 72" * R,

§18R;  8i&RIRs
where g; and g, are the transconductances of the first
two stages. After substitution of all quantities for cases
-3 in (2), and calculating the r.m.s. input noise
voltages Ujeq(rms) = {S(Uieq)B}l/z, where B is the
signal bandwidth (=10 kHz), we obtain

©)

Uieq(rms) = 9, 6, 3, and 2.5 pV, respectively.

These values seem quite acceptable if they are com-

pared with the output noise of the microphone.
Figure 7 shows the circuit diagram of the D/A con-

verter. The switchable PTAT current is multiplied by

to third

- —
1 stage
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i ! | | |
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I
:
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phone

Fig. 6b. Block diagram for noise calculation.

such a number that the correct tail currents occur in
any control step. Each tail current consists of the sum
of a number of output currents from amplifying NPN
current mirrors. Each current mirror can be switched
off by short-circuiting its diode part.

4.3. The High-Pass Filter with Its D/A Converter

As the filter circuit is placed behind the controlled
amplifier, only a minor noise contribution is acceptable.
Therefore, it is not feasible to design a circuit with inte-
grated capacitances in this system. Hence, two external
capacitors have been applied.

Figure 8 gives the block diagram of the second-order
high-pass filter. It contains two cascaded, capacitor-
loaded gyrator sections. Each gyrator consists of two
transconductance circuits (G ; and G; s, respectively).
Both gyrator sections are cascaded via a single transcon-
ductance circuit (G3). If G; = G, = G4 = G5 = G,
each gyrator circuit simulates an inductance

Lg = Cs/G? “
Hence, the cutdff frequency of each filter section yields
f. = RzG*2nCq (5)

The filter shows two equal poles, whereas the transfer
in the passband equals G;. The cutoff frequency is
controlled by varying the gyrator constant G.

Figure 9 shows the circuit diagram of the filter. It
only contains single-ended transconductance stages.
Hence, the relation between their transconductances G
and their tail currents /, equals

G = LIV, (6)

where V7 (the thermal\voltage) = k1/q.

All transistors are biased wth 0.8 pA. At minimum
control current (0.8 uA) the cutoff frequency must be
100 Hz. Substituting Rg; = 50 kQ, Rg, = 62.5 kQ,
I, = 16 pA, and kT/g = 25 mV into (5) and (6), we
obtain Cg; = 13.2 nF and Gg, = 16.5 nF.
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Fig. 8 Block diagram of the second-order high-pass filter.

The D/A converter that delivers the control current
operates according to the same principle as that of the
controlled preamplifier. Therefore, no circuit diagram
has been added. It is arranged in such a way that the
control current is proportional to the binary value of
the input signal. Hence, according to (4) and (5), the
cutoff frequency of the filter is a quadratic function of
the control current. Such a control characteristic ap-
pears to be convenient in practical use.

Both gyrator stages show a transfer of 0 dB in the
passband, while the gain contribution of the intermedi-
ate stage (G3) has been chosen at 6 dB. Hence the sig-
nal level at the filter output is 30 mV over 62.5 kQ at
maximum gain.

4.4. The Wltage References

Figure 10 depicts the circuit diagram of the “‘soft” and
the “hard” voltage references. The “soft” voltage
delivers a rather high ohmic voltage of about 0.84 V
and consists of a cascade of a diode and four saturated
NPN transistors with “forced beta.” A formula for the
calculation of the saturation voltage (V) of a BIT is

KT, (1 + VB, + Bu/Bilc/Bily)
Vi = IeRe + 7 In [ [ = Ic/B,lp

)

where R is the collector bulk resistance, B, is the for-
ward dc current gain and B; is the inverse dc current
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Fig. 10. Circuit diagram of the “soft” and “Hard” voltage references.

gain. Formula (7) can easily be derived from the equa-
tions of the Ebers-Moll model [6]. The continuous
PTAT current amounts to 0.8 4A. Hence, the saturated
transistors of the soft voltage reference are biased with
currents varying from 6.4 to 8.8 pA. With such small
currents the effect of R- can be neglected. Hence, if
the relation I/l is kept constant, the saturation volt-
age only depends on B,, B;, and temperature. (It is in-

dependent of the supply voltage.) Theoretically it is
perfectly PTAT, unless the effect of R is absent.
Comparisons between measuring a calculation
results have shown differences in V,, up to 20%. Ob-
viously, the employed transistor models were not ade-
quate for the present application. Therefore, the com-
position of the saturated transistors and their Io/Ip
ratios have been experimentally designed for the time
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being. To get an impression of the accuracy of Vi, in
practice, 10 arbitrarily chosen samples of the compete
semicustom realization were subjected to measure-
ments. The resulting values of the soft reference voltage
varied from 0.826 to 0.847 V with an average of 0.840 V
and a standard deviation of 5 mV. The hard reference
voltage varied from 0.824 to 0.845 V with an average
of 0.838 V and a standard deviation of 6 mV. We have
paid no attention to temperature effects, because they
are of minor importance in hearing aids. Finally, the
supply voltage dependence of the hard reference was
measured. As a result, a power source rejection ratio
of 44.7 dB was found.

On the one hand, the soft voltage reference serves
as a reference voltage for the IR receiver; on the other
hand, it serves as a reference voltage for the hard voltage
source. In the stand-by mode the soft reference remains
in operation, whereas the hard reference is switched
off. The hard reference contains a voltage follower with
two stages (the differential pairs Q) ; and O, ). Its dc
output impedance is about 1.5 kQ. This is sufficiently
low to prevent relaxation effects in the total system. The
external capacitor C, ensures high-frequency stability
and prevents additional noise. C, is a microminiature
elco of 3.3 uFE

4.5. The Current References

Apart from the possibility to switch off the current in
the standby mode, both current sources are identical

and deliver a current of about 1 pA. In the complete
system the sources are loaded by numerous PNP tran-
sistors. Consequently, the ultimate currents decrease
to =08 pA.

Figure 11 shows the switchable source. The actual
PTAT source has been designed according to {7]. The
capacitor C¢ (30 pF) prevents the circuit from high-
frequency instability. As such sources show two stable
operation modes, a starting circuit must be added. This
is realized by adding a starting current of 1 nA to the
circuit, delivered by the resistor R; and the downscal-
ing current mirror Q. This starting current is used
for both current sources, but it has yet another function.
Two currents of 1 pA and 1 nA, respectively, delivered
by Q4 and Q5 are used as a bias current and a standby
current for the I’L decoder. Hence, the information of
the control functions is maintained during standby,
whereas the power consumption of the I’L decoder in
the standby mode is minimized. The source is switched
off in the standby mode, where Qg is short-circuited.
The employed switching circuit is the same as it is used
in the D/A converters (figure 7).

4.6. The Power Amplifier

Figure 12 depicts the circuit diagram of the (class A)
output amplifier. It contains three stages, accomplished
by transistors Q) ,, O3, and O, respectively. The feed-
back network is formed by R; + R, + r(Q;) and R,.
The maximum output power level can be adjusted by
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Fig. 11. Circuit diagram of the switchable PTAT current source.



100 van der Woerd

Y e

0 +V, (1LOV)
op th & QL swit

Switchable

filter

‘\ [ l\ telephone PTAT-line
TR T
iQ‘; Q5
Q Q HT 1 .'.
From output R, &
[Jr o
1 | Q
ool
il ol A
R, Power
adjust

Fig. 12. Circuit diagram of the power amplifier.

R,. The total amplifier can be made free of bias cur-
rent by switching off the switchable PTAT current
(standby mode). High-frequency stability is ensured
by the pole-splitting capacitor C;. Apart from the
possibility of a standby mode, the power amplifier cir-
cuit is traditional. Therefore, no further details are
given.

5. Semicustom Realization

In order to check their feasibility for production pur-
poses, all circuits presented have been realized on two
chips in a semicustom process. Figure 13 shows photo-
micrographs of the chips. The ultimate full-custom
chip, where the circuits together with the L logic
have been integrated, cannot be shown for confidential
reasons.

6. Simulation and Measuring Results

In this section the simulation and measuring results of
the preamplifier and the filter circuits will be shown.
Further some figures concerning distortion, power con-
sumption and offset will be given. Some measuring
results concerning the voltage references have been
given in Section 4.4. For measuring and simulation
results of the current references, we refer to [7].

6.1. The Preamplifier

Figure 14 depicts the simulated and measured maximum
and minimum preamplifier gain. Total control area
amounts to 46 dB. From detailed measurements of the
gain as a function of the binary control input from
00000 through 11111, it has been shown that the resolu-
tion remains <1.5 dB in any control step. Both graphs
for minimum and maximum gain show different corner
frequencies. At minimum gain the high-frequency roll-
off as well as the low-frequency roll-off lie at lower fre-
quencies than at maximum gain. The change in the low-
frequency roll-off is caused by the offset control, whose
loop gain increases at higher gain steps. The high-
frequency roll-off is higher at maximum gain than at
minimum gain, because the OTAs get larger tail cur-
rents. Between the lowest step and the highest step the
bandwidth will show various values, depending on the
binary input word. However, the worst case is attained
at minimum gain. Even in this situation the bandwidth
is much larger than needed (> 10 kHz). One could sug-
gest that bandwidth could be exchanged with supply
power so that the upper frequency limit would be
restricted to 10 kHz. However, this would be disastrous
for the noise properties. The part of the bandwidth
above 10 kHz must be considered as an accidental cir-
cumstance neither necessary nor harmful.

Within the signal bandwidth (100 Hz-10 kHz) the
measuring point fit well with the simulation results. At
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(b)

Fig. 13. Photomicrographs of both semicustom chips.
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Fig. 4. Simulated and measured maximum and minimum preampli-
fier gain.

higher frequencies, however, a considerable deviation
occurs. We suppose that this is caused by inadequate
high-frequency characterization of the employed tran-
sistor models at very low bias currents. Due to the
minor importance for the present design, we paid no
further attention to this phenomenon.

6.2. The High-Pass Filter

In figure 15 the filter transfers at minimum and maxi-
mum cutoff frequency are depicted. The filter behaves
as expected. Indeed, its corner frequency can be varied
between 100 Hz to 1 kHz, whereas its transfer in the
passband remains fairly constant. Within the signal
bandwidth the simulation results fit very well with the
measuring points. At higher frequencies considerable
differences occur. For an explanation of this phenom-
enon we refer to Section 6.1.

+ o
filter ; T o
(ransfer 1 Minimum

) cut-off frequency
204

40+
Maximum
cut-off frequency

60--

— t l | : |
10Hz 100Hz 1kHz, 10kHz 100kHz IMHz
—

» = measured values Frequency

Fig. I5. Simulated and measured filter transfers.

6.3. Noise Measurements

Figure 16 shows the measured r.m.s. noise voltage at
the output of the filter divided by the voltage gain
(equivalent input noise) as a function of the controlled
gain. No weighting function has been applied, whereas
a bandwidth of 10 kHz has been taken into account.
The maximum signal voltage level at the filter output
is 30 mV,,, at maximum gain. Curve A gives the
noise contributions of the preamplifier-filter combina-
tion without microphone, Curve B gives the micro-
phone noise only. During the measurements, the filter
cutoff frequency was set at 100 Hz. In that position the
noise contribution of the filter is maximum (smallest
control currents) hence, the worst-case situation has
been measured. Comparing the results with the calcu-
lated values (Section 4.2.3), we observe that the meas-
ured values are somewhat worse than the calculated
values. This affirms the supposition made in Section
4.2.3, that the noise contributions of the third stage of
the preamplifier and the filter cannot be disregarded.
The graphs show that the noise, added by the circuitry,
is quite acceptable in any control position.

T Eq. input noise (LV)

v° k
\é.e»e‘e—e—e-o‘o
0 t

8 16 . 31
t volume step 4
=-6dB A,=40dB

A: 0 -6 -0 = Amplifier + filter noise only

B: e—e— = Microphone noise only

Fig. 16. Measured r.m.s. input noise voltage (nosie voitage at the
output of the filter divided by the voltage gain) as a function of the
controlled gain. Curve A: contribution of the amplifier + filter; Curve
B: contribution of the microphone only.

6.4. Distortion, Power Consumption, and Offset

The measured total harmonic distortion at full output
level is less than 7% in any control position. This is
sufficiently low for the present application. The meas-
ured total supply power (the power amplifier included)
amounts to 1.05 mW (at a supply voltage of 1.0 V). Off-
set is mainly caused by transistor mismatch and finite
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base currents. In order to get some impression of prac-
tical offset figures, the offset voltage at the output of
the filter was measured with 10 arbitrarily chosen
samples of the semicustom realization. The maximum
and minimum offset values amounted to —1.19 mV and
—3.78 mV with a standard deviation of 0.764 mV.

7. Conclusions and Suggestions

All analog circuits for a single-chip remotely control-
lable hearing aid have been proposed. The system con-
tains an infrared receiver, a preamplifier for an electret
microphone or a telephone coil, a second-order high-
pass filter, a power amplifier, and the necessary voltage
and current references. The gain of the preamplifier
and the cutoff frequency of the filter can be controlled
by binary code words. Besides, the system can be
switched into a standby mode with a single bit. The
feasibility of all quality demands has been demonstrated.
Therefore, first production experiments are believed to
be fully justified.

Although all specifications needed can be realized,
some properties can be considerably improved. They
are listed below.

a. Using other principles for the controlled amplifier,
the filter circuit and the power amplifier (class B),
the simplicity, efficiency, and noise properties of the
total system can be greatly improved.

b. The infrared receiver can be improved so that dc
spurious signals do not discharge the battery and less
transmission power is sufficient [4].

Research is going on to realize the improvements men-
tioned above. The results will be published in subse-
quent papers.
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