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(57) A hearing aid (10) uses multiple compression
feedback loops (76, 72, 74, 62) to minimize sound dis-
tortion and includes a preamplifier network (60) having
and input (64) connected to an input receiver (66), an
output, and an automatically adjustable gain (74, 76).
The preamplifier network measures an output signal
which is preferably a voltage and automatically adjusts
the gain in response to the output signal. The hearing
aid also includes an output drive network (90) having an
input connected to the preamplifier network output and
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an output connected to a load, such as a transducer
(98). The output drive network (90) has an automatically
adjustable gain (96, 100) which is responsive to a
measured signal at the output of the network. A volume
control circuit (80) may also be connected between the
output of the preamplifier network (60) and the input of
the output drive network (90) to permit the person wear-
ing the hearing aid to adjust the output volume.

Printed by Xerox (UK) Business Setrvices

2.16.3/3.4



1 EP 0 844 804 A1 2

Description

The present invention relates to an apparatus for
preventing sound distortion in hearing aids. More partic-
ularly, the present invention provides a hearing aid
which utilizes gain control circuitry at both a preamplifier
stage and an output stage to prevent saturation of input
and output amplifiers.

Distortion in the hearing aid art is defined as the
generation of added undesired sounds in the output sig-
nal that are not present in the input signal. It is believed
that such distortion, that is, these additional sounds, act
as a type of masking noise for speech, both by direct
masking of low-level speech cues that fill in the temporal
structure of speech sounds, and by degrading important
amplitude cues. Peakclipping has been used as a tech-
nique for limiting the amplitude of the output stage of a
standard hearing aid, however, the peak-clipping tech-
nique often creates distortions in the output stage of the
hearing aid circuitry.

For the purposes of sound distortion analysis, a
hearing aid can generally be considered to consist of
two primary amplifying stages, a preamplifier stage and
an output amplifier stage. Fig. 1 shows an exemplary
configuration of a two stage hearing aid 10. As seen in
Fig. 1, the preamplifier stage 12 of hearing aid 10
includes an amplifier 14 having one input 16 connected
to a microphone 18 via coupling capacitor 20 and
another input 22 connected to ground. The amplifier 14
has a fixed gain which is set by resistors 24 and 26. The
output 28 of the preamplifier stage 12 is connected to a
user adjustable volume control circuit 30 having an out-
put 32 connected to the output stage 34 of the hearing
aid 10. The volume control circuit 30 has a potentiome-
ter 36 connected between the output 28 of the preampli-
fier stage 12 and an input 38 of the output stage 34 via
coupling capacitor 40. The output stage 30 includes an
amplifier 42 having one input 38 connected to the output
32 of the volume control circuit 30. The amplifier 42 has
a fixed gain set by resistors 44 and 46 and has an output
48 connected to a transducer, for example, speaker 50.

In the preampilifier stage, the amount of undistorted
amplification available is typically limited by the availa-
ble battery supply voltage. In conventional ear-level
hearing aids, the battery supply voltage is typically lim-
ited to 1.25 volts available from a zinc-air battery cell. If
the input sound level (amplitude) increases dramatically,
the resulting amplified signal at the output of the pream-
plifier stage tries to exceed the available battery voltage
and thus the preamplifier saturates and the output sig-
nal becomes distorted (that is, it clips).

Various amplifiers, such as class A and class D
amplifiers may be employed at the output stage. Such
amplifiers are subject to an overload effect when the
input sound level reaches certain thresholds. When
using class A amplifiers in the output stage, a signal
delivered to the output stage 34 from the preamplifier
stage 12 increases as the amplitude of the input sound
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level into the preamplifier stage 12 increases. When the
voltage at the output 28 of the preamplifier 12 reaches
the limits of the battery supply voltage, no further ampli-
fication can take place. If the input sound level at micro-
phone 18 continues to drive the preamplifier, the
amplifier will saturate and distortion will occur.

A similar overload effect may also occur when using
class D amplifiers in the output stage, though the satu-
ration mechanism is different. Using a class D amplifier,
the output stage 34 operates by producing a variable
pulse-width modulated signal across the transducer 50,
for example, the speaker coil. As either the input sound
level or the amount of system ampilification is increased,
the pulses eventually merge into each other and the out-
put signal reaches saturation, thus causing distortion,
for example, in the form of peak-clipping. Typically, for a
class D amplifier, distortion begins at about 3 dB below
maximum acoustic output.

Peak-clipping may be unintentional, such as when
the output amplifier is over driven, or peak-clipping may
be intentional, such as when the saturated sound pres-
sure level (SSPL) of a hearing aid is reduced by a peak-
clipping circuit.

Saturation distortion that occurs due to over-driving
or output clipping in an amplifier should be distinguished
from low levels of distortion that can occur inside a hear-
ing aid with low input levels. Saturation distortion occurs
when the input level is so high that saturation is reached
either in the pre-amplifier stage or in the output stage or
in both stages. When this occurs, the waveform
becomes highly distorted. Even in instances where a
hearing aid is intentionally configured to produce low
distortion at low input levels, saturation distortion will
occur at some point as the input sound level is
increased beyond the capability of the battery, the
amplifier stage, and the output stage.

The high distortion effects of saturation can be seen
graphically in Fig. 2 for a typical class D peak-clipping
hearing aid used in the hearing aid circuit of Fig. 1. The
peak acoustic gain of this hearing aid was 35 dB, the
peak saturated sound pressure level (SSPL) was 107
dB, and the frequency response matrix slope (differ-
ence in acoustic gain between peak and 500 H,) was 10
dB. As seen in Fig. 2 a plot of the harmonic distortion
versus frequency for input sound levels of 60, 70, 80
and 90 dB is provided. These input sound levels corre-
spond to soft speech, conversational speech, loud
speech and shouted speech, respectively. The distor-
tion performance graph shows that the level of distortion
is low at low input sound levels, for example, 60 dB and
70 dB, and is in the area of 2 or 3 percent. When the
input sound level is increased, for example, to 80 dB,
the hearing aid goes rapidly into saturation and the level
of distortion increases dramatically, with the percentage
of distortion peaking at about 50 percent. At an input
sound level of 90 dB, the percentage of distortion con-
tinues to increase and typically exceeds the 50 percent
distortion plateau, especially in the mid-frequencies, for
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example between 900 Hz and 2000 Hz.

The use of a compression circuit at the preamplifier
stage has been shown to slightly reduce the saturation
distortion of conventional hearing aids. Fig. 3 illustrates
conventional hearing aid circuitry with a compression
circuit 52 connected to the preamplifier stage 12, and
Fig. 4 is a distortion performance graph for the hearing
aid shown in Fig. 3. As seen in Fig. 4, even with a com-
pression circuit at the preamplifier stage, the percent-
age of distortion is still significantly high when the input
sound level increases above the 80 dB level.

Therefore, a need exists for a hearing aid that
responds to high as well as low input sound levels to
substantially minimize the percentage of distortion in
the output signal of the hearing aid so as to provide a
person wearing the hearing aid with clear, audible
sound.

The present invention provides a non-distortion cir-
cuit for a hearing aid which uses independent multiple
compression feedback loops to minimize sound distor-
tion. The circuit includes a preamplifier network having
an input connected to an input receiver, an output, and
an automatically adjustable gain. The preamplifier net-
work measures an output signal, which is preferably a
voltage, and automatically adjusts the gain in response
to the output signal. The circuit also includes an output
drive network having an input connected to the pream-
plifier network output and an output connected to a load,
such as a transducer. Preferably, the output drive net-
work has an automatically adjustable gain that is
responsive to a measured signal at the output of the
network. The circuit may preferably include a volume
control circuit connected between the oulput of the
preamplifier network and the input of the output drive
network. Preferably, the volume control circuit has a var-
iable resistor, such as a potentiometer, connected in a
voltage divider configuration. The volume control circuit
permits the person wearing the hearing aid to adjust the
output volume of the hearing aid.

In the preferred embodiment, the hearing aid
preamplifier network includes an amplifier circuit having
an adjustable gain and a gain control circuit connected
in a feedback loop with the ampilifier circuit. This config-
uration forms a gain compression feedback circuit which
automatically adjusts the gain of the amplifier circuit so
as to prevent the amplifier circuit from saturating.

The gain control circuit is connected to an output of
the ampilifier circuit and is configured to automatically
adjust the ampilifier circuit gain when a voltage on the
amplifier circuit output exceeds a predetermined thresh-
old voltage. The predetermined threshold voltage is set
to a value below a voltage where the preamplifier net-
work amplifier circuit saturates. Preferably, the predeter-
mined threshold voltage is 7.8 mv(rms) input-referred
which typically corresponds to an 85 dB sound pressure
level acoustic input with a battery voltage of 1.25 volts.

The output drive network preferably includes an
amplifier circuit having an adjustable gain and a gain
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control circuit connected in a feedback loop with the
amplifier circuit. This configuration also forms a gain
compression feedback circuit to automatically adjust the
gain of the output network amplifier circuit independent
of the preamplifier stage, so as to prevent the amplifier
circuit from saturating.

Preferably, the output drive network gain control cir-
cuit is connected to an output of the output drive net-
work amplifier circuit and is configured to automatically
adjust the output network amplifier circuit gain when a
voltage on the amplifier circuit output exceeds a prede-
termined threshold voltage. The output network prede-
termined threshold voltage is set to a value which is
below a voltage where the output network amplifier cir-
cuit saturates. Preferably, the predetermined threshold
voltage is 880 mv(rms) output-referred when a class B
push-pull amplifier circuit or a class D pulse-width mod-
ulated amplifier circuit is utilized in the output drive net-
work.

In an alternative embodiment, a non-distorting cir-
cuit for a hearing aid is provided. In this embodiment,
the circuit includes a preamplifier stage having a first
amplifier circuit with an adjustable gain and a first gain
control circuit. The first amplifier circuit has an input
connected to a microphone and an output. The first gain
control circuit is connected to the output of the preampli-
fier stage and is responsive to a voltage on the pream-
plifier stage output such that when the voltage exceeds
a predetermined threshold voltage the gain of the first
amplifier circuit is adjusted

The circuit also includes an output stage having an
input connected to the output of the preamplifier stage,
and an output connected to a transducer. The output
stage has a second amplifier circuit with a fixed gain,
and a second gain control circuit. The second gain con-
trol circuit is connected to the output of the output stage
and the first gain control circuit. The second gain control
circuit is responsive to a voltage on the output of the
second amplifier circuit, such that when the second
amplifier circuit output voltage exceeds a predeter-
mined threshold voltage the second gain control circuit
causes the preamplifier stage gain to change. The pre-
determined threshold voltages for the preamplifier stage
and the output stage may be the same or they may dif-
fer. These predetermined voltage thresholds are
dependent upon the voltage at which the respective
stage saturates.

BRIEF DESCRIPTION OF THE DRAWINGS

Preferred embodiments of the invention are
described hereinbelow with reference to the drawings
wherein:

Fig. 1 is a circuit diagram for a conventional hearing
aid;

Fig. 2 is a graphical representation of the sound dis-
tortion performance characteristics in the conven-
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tional hearing aid of Fig. 1 at different input sound
levels;

Fig. 3 is a circuit diagram for a conventional hearing
aid with compression circuitry at the preamplifier
stage;

Fig. 4 is a graphical representation of the sound dis-
tortion performance characteristics in the hearing
aid of Fig. 3 at different input sound levels;

Fig. 5 is a circuit diagram for a hearing aid accord-
ing to an embodiment the present invention, illus-
trating compression feedback loops connected to
preamplifier and output stages;

Fig. 6 is an exemplary embodiment for a compres-
sion feedback loop circuit according to the present
invention, illustrating a gain control circuit con-
nected to a preamplifier stage amplifier and a cur-
rent controlled resistor;

Fig. 7 is a graphical representation of the sound dis-
tortion characteristics in a hearing aid according to
the present invention;

Fig. 8 is an unamplified time waveform of a test
speech fragment;

Fig. 9 is a time waveform of the speech fragment of
Fig. 8 at the output of the output stage of Fig. 3;
Fig. 10 is a time waveform of the speech fragment
of Fig. 8 at the output of the output stage of Fig. 5;
and

Fig. 11 is a circuit diagram for an alternative embod-
iment of the hearing aid circuitry according to the
present invention.

DETAILED DESCRIPTION

Generally, as described above, the present inven-
tion uses multiple compression feedback loops to mini-
mize the sound distortion in hearing aids, especially
when the input sound level increases above a predeter-
mined threshold.

As discussed above, signal clipping can occur at
the output of the preamplifier stage and at the output of
the output stage. The point at which the preamplifier
output clips is dependent upon the amplitude of the
input signal from the microphone, that is, the input
sound level, the preamplifier gain, and the battery volt-
age. Typically, clipping occurs when the input sound
level, also known as the sound pressure level (SPL)
reaches about 80 dB. Clipping at the output stage is a
function of the input sound level from the microphone,
the preamplifier gain, the battery voltage, the level of
attenuation provided by the volume control circuit, and
the gain of the output stage.

To illustrate, if the volume control circuit is set by the
user for minimum attenuation and the input signal from
the microphone increases in magnitude over time, the
output of the output stage will clip before the preampli-
fier stage output, because of the gain of the output
stage. On the other hand, if the volume control circuit
attenuation is adjusted so that the amplitude of the input
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signal to the output stage is reduced by the same value
or a greater value than the gain of the output stage, then
the preampilifier stage will clip before the output stage.

To overcome this problem and minimize clipping in
the hearing aid, the output of the preamplifier stage and
the output of the output stage are individually sensed
and controlled through compression. The compression
thresholds for both stages are preferably set as high as
possible without causing clipping. Typically, a compres-
sion ratio of 10:1 is suitable.

Referring now to Fig. 5, one embodiment of the
hearing aid circuitry for minimizing distortion according
to the present invention is provided. As shown, the hear-
ing aid 10 has a preamplifier stage 60 and an output
stage 90. The preamplifier stage is provided to increase
the input signal amplitude so as to improve the overall
signal-to-noise ratio (SNR) of the system.

The preamplifier stage 60 includes an amplifier 62
having one input 64 connected to an input receiver,
such as microphone 66, via coupling capacitor 68, and
another input 70 connected to ground. The amplifier 62
has an adjustable gain set by fixed resistor 72 and vari-
able resistor 74. Preferably, the variable resistor is a cur-
rent controlled resistor responsive to a control current
supplied by a gain control circuit. The current controlled
resistor has a predetermined voltage-to-current transfer
function (transconductance) which is directly propor-
tional to the control current supplied by the gain control
circuit. An example of a suitable current controlled resis-
tor is a operational transconductance amplifier (OTA)
model LM3080 manufactured by National Semiconduc-
tor Corporation.

The gain control circuit 76 is connected to the out-
put 78 of amplifier 62 and to variable resistor 74. The
gain control circuit 76 measures or detects the voltage
of the output signal from the amplifier 62 and compares
the measured voltage with a predetermined threshold
voltage. Preferably, the predetermined threshold voli-
age is 7.8 mV(rms) input-referred. If the measured voli-
age is greater than the threshold voltage, then the gain
control circuit 76 varies the resistance of variable resis-
tor 74 so as to reduce the gain of the preamplifier stage
amplifier 62. If the measured voltage is less than the
threshold voltage then the gain control circuit generates
a current that sets the variable resistor 74 for maximum
gain of amplifier 62.

The gain control circuit 76, the resistor 72, the vari-
able resistor 74, and the amplifier 62 form a preamplifier
compression feedback loop which controls the gain of
the amplifier 62. The preamplifier compression feed-
back loop is provided to reduce the gain of the preampli-
fier stage 60 just before the output signal of the amplifier
62 exceeds the capabilities of the supply voltage, that is,
prior to amplifier saturation. Utilization of the compres-
sion feedback loop causes the preamplifier stage ampli-
fier 62 to amplify within its linear region and thus
prevents the amplifier from saturating. Hence, satura-
tion distortion, for example, peak-clipping is limited or
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substantially minimized even when the input sound level
is high, for example, exceeds 85 dB.

The preamplifier stage 60 is typically followed by a
user adjustable volume control circuit 80 that permits a
practitioner or patient to adjust the output sound level of
the hearing aid 10 for maximum comfort. In the embod-
iment of Fig. 5, a variable resistor, such as potentiome-
ter 82, is connected as a voltage divider to ground
between an output 78 of the preamplifier stage 60 and
an input 84 of the output stage 90 via coupling capacitor
86.

The output stage 90 of hearing aid 10 includes an
amplifier 92 having an input connected to the output 84
of volume control circuit 80. The output stage 90 also
has an adjustable gain set by fixed resistor 94 and vari-
able resistor 96 and is provided to drive the hearing aid
transducer in the form of speaker 98. Gain control circuit
100 is connected to the output 102 of amplifier 92 and to
variable resistor 96. Similar to the gain control circuit for
the preamplifier stage, the output stage gain control cir-
cuit 100 measures or detects the voltage of the output
signal from the amplifier 92 and compares the meas-
ured voltage with a predetermined threshold voltage.
Preferably, the threshold voltage is 880 mV(rms) output-
referred when using a class B push-pull amplifier circuit
or a class D pulse-width modulated amplifier circuit in
the output stage. If the measured voltage is greater than
the threshold voltage, then the gain control circuit 100
varies the resistance of variable resistor 96 so as to
reduce the gain of the output stage amplifier 92. If the
measured voltage is less than the threshold voltage
then the gain control circuit generates a current that
sets the variable resistor 96 for the maximum gain of
amplifier 92.

The gain control circuit 100, the resistor 94, the var-
iable resistor 96, and the amplifier 92 form an-output
stage compression feedback loop that controls the gain
of the amplifier 92. The output stage compression feed-
back loop is provided to reduce the gain of the output
stage 90 just before the output signal of the amplifier 92
exceeds the capabilities of the supply voltage, that is,
prior to amplifier saturation. Utilization of the compres-
sion feedback loop causes the output stage amplifier 92
to amplify within its linear region and thus prevents the
amplifier from saturating. Hence, saturation distortion,
for example, peak-clipping is limited or substantially
minimized even when the input sound level exceeds 85
dB.

As described above, the compression feedback
loops are used to minimize the sound distortion in hear-
ing aids, especially when the input sound level
increases. In addition, the compression feedback loop
provides a constant compression ratio, for example,
10:1, so as to ensure a predictable output signal ampli-
tude from the preamplifier stage amplifier 62 and the
output stage amplifier 92 for any input signal amplitude
into the amplifier. As a result, numerous configurations
for the compression feedback loops may be used to
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achieve at least these desired features.

An exemplary embodiment for the compression
feedback loop is shown in Fig. 6. For simplicity, the fol-
lowing description will be for a compression feedback
loop for the preamplifier stage, however, this compres-
sion feedback loop may also be utilized in the output
stage. Further, the compression ratio for either stage
may be changed by using discrete components having
different characteristics and/or values.

In the embodiment of Fig. 6, the preamplifier stage
amplifier output is connected to a half-wave rectifier cir-
cuit within gain control circuit 76. The half-wave rectifier
circuit 120 includes amplifier 122, PMOSFET transistor
124, and capacitor 126. Although the rectifier circuit
shown is a half-wave rectifier, a full-wave rectifier circuit
may also be used. Further, capacitor 126 is a primary
compensation element for the loop and has a value that
is chosen so its delay characteristic is dominant over the
time delay through the loop. The output of the rectifier
circuit is fed to a comparator 128 that compares the voli-
age of the rectified signal with the predetermined
threshold voltage. If the rectified signal voltage (V,) is
less than the threshold voltage (Vy,) then solenoid 130
in relay switch 132 is not energized and the relay switch
remains open. If the rectified signal voltage (V,) is
greater than the threshold voltage (V) then the output
of the comparator 128 energizes the relay solenoid 130
and closes relay switch 132, so as to enable operation
of the gain compression feature. When the relay switch
is closed, amplifier 134 acts as a difference amplifier to
subtract the output voltage V¢ of logarithmic amplifier
136 from the output voltage V5 of logarithmic amplifier
138, and to scale the result by a gain transfer factor
(GT). The output voltage V3 of difference amplifier 134
is summed with the output voltage of logarithmic ampli-
fier 140 by summing amplifier 142. Amplifier 144 and
operational transconductance amplifier 146 form a feed-
back voltage-to-current converter. The output voltage
Vg of amplifier 144 controls operational transconduct-
ance amplifier 148 to provide the desired current to cur-
rent-controlled resistor 74.

In essence, amplifiers 134 through 148 and their
associated discrete components operate as a compres-
sion control signal processor that generates and pro-
vides the desired current to control the variable resistor
74. As noted above, the current controlled variable
resistor 74 is preferably an operational transconduct-
ance amplifier that changes the gain of the amplifier 62
as the current increases or decreases. An example of a
suitable transconductance amplifier is the model
LM3080 manufactured by National Semiconductor. A
more detailed description of the compression feedback
loop can be found in European application entitled "A
COMPRESSION AMPLIFIER?", filed concurrently here-
with, which is assigned to the assignee hereof and is
incorporated herein in its entirety by reference.

The output increase (OI) in amplitude for the com-
pression feedback loops, for example, the output of



9 EP 0 844 804 A1 10

preamplifier stage amplifier 62 is defined by the follow-
ing equation:

Vol
Ol = 20log 10[\/—]
th

Where:

V, is output voltage from the half wave rectifier; and
Vi, is the predetermined threshold voltage.

Fig. 7 provides a graphical representation of the
distortion performance characteristics for a hearing aid
utilizing multiple compression feedback loops. Figs. 8-
10 provide a comparison between a test speech pattern
(Fig. 8), the output speech pattern of a conventional
hearing with compression at the preamplifier stage (Fig.
9), and the output speech pattern of a hearing aid with
compression at the preamplifier and output stages (Fig.
10).

Referring now to Fig. 11 an alternative embodiment
of the hearing aid circuitry according to present inven-
tion is provided. In this embodiment, a single timing
capacitor 104 is used for each gain control circuit 76
and 100 instead of multiple timing capacitors 126. In this
alternative embodiment, the output stage 90 has a fixed
gain set by resistors 94 and 106. Each stage is still inde-
pendently sensed by their respective gain control circuit
76 and 100, but the amplitude of the output signal for
each stage is controlled by a single gain control circuit
which is preferably associated with the preamplifier
stage 60. The compression ratio for this configuration is
also high, for example, 10 to 1 (10:1), thus causing one
stage to dominate the compression action depending
on the attenuation of the volume control circuit 80.

Referring again to Fig. 5, in operation the input
sound level, whether it be soft speech, conversational
speech, loud speech and shouted speech is detected
by the microphone 66 and filtered and amplified by the
preamplifier stage 60. The amplified signal from the
preamplifier stage passes through the volume control
circuitry where it may be attenuated depending upon
the setting of potentiometer 82. The output of the vol-
ume control circuit is transferred to the output stage 90
for ampilification. The output stage amplifies the signal
and drives the transducer, such as speaker 98.

As the input sound level is amplified, the gain con-
trol circuit 76 senses or measures the voltage of the out-
put signal of the amplifier 62. If the voltage of the
amplifier output signal exceeds the predefined thresh-
old voltage, preferably 7.8 mV(rms) input-referred, the
gain of the amplifier 62 is automatically decreased by
adjusting the resistance of variable resistor 74. As the
output voltage of the amplifier attempts to increase
beyond the predetermined threshold voltage, the resist-
ance of the variable resistor 74 is adjusted so that the
amplifier continues to operate in the linear region and
thus inhibits the amplifier 62 from saturating.
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Similarly, the output voltage of the output stage
amplifier 92 is sensed or measured by gain control cir-
cuit 100. If the voltage of the amplifier output exceeds
the predefined threshold voltage, preferably 880
mV(rms) output-referred, the gain of the amplifier is
automatically decreased by adjusting the resistance of
variable resistor 96. As the output voltage of the ampli-
fier attempts to increase beyond the predetermined
threshold voltage, the resistance of the variable resistor
74 is adjusted so that the ampilifier continues to operate
in the linear region and thus inhibits the amplifier 92
from saturating.

It will be understood that various modifications can
be made to the embodiments of the present invention
herein disclosed without departing from the spirit and
scope thereof. For example, various types of amplifiers
configurations may be utilized in the preamplifier and
the output amplifier stages. Therefore, the above
description should not be construed as limiting the
invention but merely as exemplifications of preferred
embodiments thereof. Those skilled in the art will envi-
sion other modifications within the scope and spirit of
the present invention as defined by the claims
appended hereto.

Claims

1. A non-distorting circuit for a hearing aid (10) com-
prising:

a preamplifier network (60) having an input (64)
connected to a sound detector (66), an output
(78), and an automatically adjustable gain
(74,76) responsive to a signal level at said out-
put of said preamplifier network;
an output drive network (90) having an input
(84) connected to said output of said preampli-
fier network and an output (102) connected to a
sound transducer (98), said output drive net-
work having a gain;

wherein the gain of one of said networks
is responsive to a signal level at said output of
said output drive network.

2. Anon-distorting circuit according to claim 1 wherein
said output drive network has an automatically
adjustable gain (96, 100) responsive to the signal
level at said output of said output drive network.

3. Anon-distorting circuit according to claim 1 or 2 fur-
ther comprising a volume control circuit (80) con-
nected between said output (70) of said
preamplifier network (60) and said input (84) of said
output drive network (90).

4. A non-distorting circuit according to claim 3,
wherein volume control circuit (80) comprises a var-
iable resistor (82) connected in a voltage divider
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configuration.

A non-distorting circuit according to claim 1 or 2,
wherein said preamplifier network (60) includes a
first amplifier circuit (62) having an adjustable gain
and a first gain control circuit (76) connected in a
feedback loop with said first amplifier circuit (62) so
as to form a gain compression feedback circuit for
automatically adjusting the gain of said first ampli-
fier circuit (62) and preventing said first amplifier cir-
cuit from saturating.

A non-distorting circuit according to claim 5,
wherein an input of said first amplifier circuit (62) is
said preamplifier network input (64) and an output
(78) of said first amplifier circuit (62) is said pream-
plifier network output, and wherein said first gain
control circuit (76) is connected to said output (78)
of said first amplifier circuit (62) for automatically
adjusting said first amplifier circuit gain when a volt-
age at said first amplifier circuit output exceeds a
predetermined threshold voltage (Vth).

A non-distorting circuit as claimed in claim 6
wherein the output drive network (90) has a second
amplifier circuit (92) with an adjustable gain,
wherein an input (84) of said second amplifier cir-
cuit (92) is connected to said output (102) of said
first amplifier circuit (62), said second ampilifier cir-
cuit (92) having a second gain control circuit (100)
connected to said output (102) of said output stage
for automatically adjusting said gain of said second
amplifier circuit (92) when a signal level of said out-
put of said output stage exceeds a predetermined
threshold signal level (Vth).

A non-distorting circuit according to claim 1 or 7,
wherein said adjustable gain of the or each gain
control circuit (76, 100) is controlled by a variable
resistor (74, 96).

A non-distorting circuit according to claim 8,
wherein the or each variable resistor (74, 96) is a
current controlled resistor.

A non-distorting circuit according to claim 9,
wherein the or each current controlled resistor (74,
96) is an operational transconductance amplifier.

A non-distorting circuit according to claim 9 or 10,
wherein a current-controlled resistor is connected
to one of said gain control-circuits (76, 100) such
that a control current generated by said gain control
circuit varies the resistance of said current-control-
led resistor.

A non-distorting circuit according to claim 1 wherein
the output drive network (90) comprises a second
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13.

14.

15.

12

amplifier circuit (92) having a fixed gain, and a sec-
ond gain control circuit (100) connected to said out-
put (102) of said output drive network (90), said
second gain control circuit being responsive to a
voltage on said output of said second amplifier cir-
cuit such that when said second amplifier circuit
output voltage exceeds a predetermined threshold
voltage (Vth) said second gain control circuit (100)
causes said preamplifier network (60) gain to
change.

A non-distorting circuit according to claim 6 or 12,
wherein said predetermined threshold voltage (Vth)
is set to a value below a voltage where said ampli-
fier circuits (62, 92) saturate.

A non-distorting circuit according to any previous
claim, wherein said sound detector is a microphone
(66).

A non-distorting circuit according to any previous
claim, wherein said sound transducer is a loud-
speaker (98).
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