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A Historical Perspective on Digital
Hearing Aids: How Digital Technology
Has Changed Modern Hearing Aids

Harry Levitt

the direction of the author’s own thinking as one who
played a role in the development of digital hearing aids.

Background

Prelude to Digital Hearing Aids:
Digitizing Audio Signals

The fundamental difference between analog and digi-
tal hearing aids is that in the digital hearing aid, the
audio signal is converted to a sequence of discrete sam-
ples, processed digitally, and then converted back to an
analog signal. An important first step in developing the
field of digital audio was that of developing a device for
converting analog audio signals to digital form and then
converting the digital signal back to analog form. It
should come as no surprise that this crucial first step in
digital audio was taken at Bell Laboratories, which has
pioneered so many other major advances in science
and engineering. What may come as a surprise, how-
ever, is when and why this work was done. During
World War II, there was a pressing need to develop a
secure telephone link between Washington and
London. The project, known simply as Project X, was
initiated in the early 1940s and involved several of the
most brilliant minds at the time, including Claude
Shannon, Harry Nyquist, and, for a short period, Alan
Turing on a visit from England.1,2

To ensure that the speech signals were encrypted
securely, the Vernam cipher was used. This method of

The need to communicate has yielded a vast
array of inventions. The need to compute has
similarly stimulated our inventiveness. These

2 powerful forces have danced together for genera-
tions and have yielded several remarkable offspring.
Information technology is perhaps the most widely
known, but there are other less well-known progeny,
such as the ubiquitous microchip doing its bit (pun
intended) in almost every modern electrical device.

In the predigital era, hearing aids did little more
than amplify sound. Today, the hearing aid is a far more
complex instrument in which amplification is com-
bined with advanced forms of signal processing for
speech enhancement, noise reduction, self-adapting
directional inputs, feedback cancellation, data moni-
toring, and acoustic scene analysis, as well as the
means for a wireless link with other communication
systems. This article traces the application of digital
signal processing (DSP) approaches to hearing aid
applications and how these approaches introduced new
ways of thinking regarding the fundamentals of
acoustic amplification. The article is clearly biased in

This article provides the author’s perspective on the
development of digital hearing aids and how digital sig-
nal processing approaches have led to changes in hear-
ing aid design. Major landmarks in the evolution of
digital technology are identified, and their impact on
the development of digital hearing aids is discussed.

Differences between analog and digital approaches to
signal processing in hearing aids are identified.
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encryption required that the signal be represented as
a sequence of binary digits (0s and 1s). The binary
signal was then encrypted by adding a random
sequence of binary digits to the signal, thereby creat-
ing another sequence of binary digits that is effec-
tively a random sequence, except to those who knew
the binary sequence used to encrypt the signal. A key
component of this project was the development of a
method for digitizing the speech signal. The speech
was filtered into a series of narrow bands, and the
amplitude in each band was sampled and converted
into a binary signal. The binary signals from the dif-
ferent filter bands were combined, encrypted, and
then transmitted. The receiving party had a recording
of the binary sequence used to encrypt the speech,
which was then used to decode the received signal.

Vacuum tubes were used in the construction of
the device so that, on completion, this rather special
analog-to-digital converter with encryption required
30 seven-foot racks of equipment and 30 kW of power
to produce a digital audio signal of 1 mW.2 The device
was obviously not practical, except for its highly spe-
cialized and very important secret application.

Project X remained a closely guarded secret until
1975.2 However, work on the project generated new
ways of thinking about the nature of speech, how
information is conveyed by analog and digital sig-
nals, and on the use of pulses for encoding and
transmitting audio signals. These ideas were embod-
ied in later, unclassified work that had a substantial
impact on communication technology, such as the
development of practical pulse-code modulation sys-
tems. More important, powerful new theories were
developed such as Shannon’s information theory,3

which drew on ideas inherent to Project X. In his
classic article, Shannon not only provided a proof of
the sampling theorem initially proposed by Nyquist4

but also provided the underlying theory for recon-
structing an analog signal from its digital form.

The problem of converting analog audio signals
to digital form was addressed once again almost 20
years after Project X. As before, the work was done
at Bell Laboratories, but this time, the motivation
was to improve the efficiency of developing and eval-
uating speech-processing systems by means of digi-
tal simulation. There was much interest at the time
in improving the efficiency of telephone transmis-
sions on the transatlantic cable. Various vocoder sys-
tems were being evaluated, but the construction of
each system was time-consuming, and progress was
slow. The simulation of experimental speech-pro-
cessing systems on a digital computer represented a

much more efficient way of developing, evaluating,
and modifying complex systems without having to
build one in hardware until the design of the system
was finalized. It was also recognized that if speech
signals could be digitized and entered into a digital
computer, new ways of analyzing, processing, and
synthesizing speech could then be developed. With
these objectives in mind, analog-to-digital convert-
ers (ADC) and digital-to-analog converters (DAC)
were developed for audio signals.5

Relevance of the Sampling Theorem
for Modern Hearing Aids

It was inconceivable at the time (circa 1948) that the
sampling theorem and the methods developed for
efficient sampling of audio signals in pulse-code mod-
ulation systems would be of any relevance to the
design of hearing aids. Today, these considerations are
of paramount importance for modern hearing aids,
most of which employ digital technology. It is also
important for audiologists and others interested in the
capabilities of digital hearing aids to understand the
theoretical and practical limitations of digital sam-
pling. A tutorial on digital sampling is provided in the
review article by Levitt.6

Once practical methods for digitizing audio sig-
nals were developed, attention focused on developing
methods of processing audio signals digitally. Initially,
software was written to replicate conventional meth-
ods of analog signal processing, such as the classic
Butterworth and Bessel filters. It was soon realized,
however, that the capabilities of DSP far exceeded
analog signal processing. It was also recognized that
there are fundamental differences between analog
signal processing and DSP and that it was necessary
to change one’s mind-set in using DSP; that is, one
needs to think in digital rather than analog terms.
This change in mind-set opened the door to a vast
new terrain, resulting in substantial advances in sig-
nal processing per se, which in turn had a major
impact on the development of digital hearing aids.

Initially, the driving force behind the develop-
ment of DSP was the need for more efficient meth-
ods of developing and evaluating complex speech
transmission systems. Consequently, many of the
early advances in DSP were in the area of speech
analysis and processing.5 The tremendous capa-
bilities of DSP and the challenges raised by this
new technology were of considerable interest to
researchers and led to research by scientists in many
disciplines. As a consequence, advances in DSP
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were both rapid and broad in scope, encompassing
many different fields, including musical acoustics,
room acoustics, underwater sound, ultrasonics,
video signal transmission, and image processing.
The field of DSP is now substantially greater than
that of speech processing, which fathered it (and
mothered it in its early days). Since the early devel-
opment of DSP focused on problems in speech
analysis, synthesis, and perception, many of the
DSP techniques developed in those early days
turned out to be of particular value for the future
development of hearing aids.

In the sections that follow, the sequence fol-
lowed in applying digital approaches to hearing aid
applications is described. Initially, digital processing
was done offline. As technology allowed, real-time
processing using computer-controlled analog equip-
ment was used for experiments, then real-time DSP
with a laboratory computer, and finally real-time
DSP in a wearable instrument.

Signal Processing for
Hearing Aid Applications

Offline DSP

The earliest work in DSP used a large mainframe
computer, and processing was done offline. This
approach made for slow progress because of the long
turnaround time. For example, in one of the earliest
experiments at Bell Laboratories in which DSP was
used to study a method of acoustic amplification, it
took several days to prepare the test stimuli.7 The
sequence of events began with an analog recording of
the unprocessed speech signal being brought to the
ADC and a digital tape containing the unprocessed
digitized signal prepared. The tape was then sent to
the computer, where it sat in a queue waiting to be
processed. After processing, the digital signal was sent
to the DAC, where an analog recording of the
processed speech was prepared. The analog recording
was then checked. Glitches were detected, and the
process was repeated until an error-free version of the
processed speech was obtained. The analog recording
of the processed speech was then sent to an audiology
research clinic for evaluation since there were no
clinical facilities at Bell Laboratories. Although this
experiment did not yield any dramatic new informa-
tion (subjects with different audiograms showed dif-
ferent improvements in speech intelligibility with
frequency shaping), the experiment was important in
that it demonstrated the enormous potential of DSP

for the field of audiology. Complex methods of signal
processing that would require considerable effort to
be implemented using analog circuits could be imple-
mented digitally with relative ease. Of particular
interest to the researchers involved in this project
were the new insights provided by computer simula-
tion in studying new forms of acoustic amplification.

Computer-Controlled Analog Equipment

The introduction of small laboratory computers in the
mid-1960s circumvented the inconvenience and inef-
ficiency of offline processing. The laboratory comput-
ers at the time were too slow for digital processing of
audio signals in real time but could be used to control
analog equipment for real-time processing. This com-
bination of digital and analog technology proved to be
a practical approach to online experimental testing and
was widely used during the 1970s. There was consid-
erable interest in multichannel amplitude compression
during this period, and many of the key experiments
evaluating multichannel systems used computer-con-
trolled analog equipment. A particularly important
series of experiments evaluating multiband amplitude
compression using this approach was performed by
Louis Braida and his colleagues at the Massachusetts
Institute of Technology.8-13 The development of equip-
ment to perform advanced signal processing in real
time allowed for systematic investigation of a complex
form of hearing aid processing. The successful melding
of digital and analog technology was not lost on hear-
ing aid engineers, and the first so-called “digital” hear-
ing aids were in fact hybrid instruments with digital
control of analog components.

The use of a dedicated laboratory computer to
control analog equipment also allowed for the con-
venient implementation of adaptive test procedures
for the fitting of complex hearing aids. In an adap-
tive test, the stimulus on any given trial is depend-
ent on the data obtained on previous trials. Adaptive
testing is more efficient than traditional methods of
testing, in which the stimulus levels to be used are
decided on before the experiment. The efficiency of
adaptive testing relative to nonadaptive testing is
substantial if several variables need to be adjusted.
The process of fitting a hearing aid involves the
adjustment of several variables so that the use of an
adaptive procedure is very attractive in terms of
improving the efficiency of hearing aid evaluation
and fitting. The complexity of multivariate adap-
tive fitting procedures, however, precluded the
use of these procedures until the introduction of
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computer-assisted testing. A multivariate adaptive
strategy for fitting a hearing aid was developed in the
mid-1970s,14,15 but the use of this technique was
limited to research laboratories until the develop-
ment of programmable hearing aids.

The 1980s was a period of substantial activity,
in which several research laboratories applied
advanced methods of signal processing to problems
in acoustic amplification. The technology used in
these investigations included programmable digital
filters, offline implementation of advanced signal-
processing algorithms, and digital control of analog
or sampled data systems. The avenues of research
described in the following paragraphs provided con-
siderable insight with respect to the capabilities of
DSP in addressing the most basic problems in
acoustic amplification. These experiments laid the
groundwork for the types of signal processing that
could be used in wearable digital hearing aids.

A major thrust was the investigation of adaptive
signal processing for noise reduction. Graupe16 devel-
oped a self-adaptive filter for noise reduction using
a single microphone input. A chip implementing
Graupe’s method of noise reduction was developed
(Intellitech’s Zeta Blocker17) and incorporated in sev-
eral early hearing aids using advanced signal process-
ing. A number of researchers investigated adaptive
filtering approaches to noise reduction using the out-
put of 2 or more microphones. For example, Chabries
and his colleagues18,19 investigated the use of an adap-
tive filter with 2 microphone inputs: one input con-
taining speech and noise and the other containing a
linearly processed version of the noise. The system
works well if the noise microphone is placed near the
noise source. This is not a convenient arrangement for
everyday use of a hearing aid. A more practical
arrangement is to place both microphones on the
head. One approach is to place a microphone on each
ear. The sum of the 2 microphones consists of both
speech and noise, while the difference between the 2
microphones consists of noise only for a speech source
directly in front of the listener. These 2 inputs (the
sum and difference, respectively, of the signals at each
ear) are used as the inputs to the 2-input adaptive fil-
ter. An experimental evaluation of this technique
showed significant improvements in intelligibility
relative to normal binaural listening in an acoustic
environment with little or no reverberation.20 Imple-
mentation of this technique, however, requires a link
between the 2 ears, which is not very practical,
although this may change with improved methods of
wireless transmission.

A more practical implementation of the 2-input
adaptive filter is that in which both microphones
are mounted on the same ear: an omnidirectional
microphone to pick up both speech and noise and a
directional microphone pointed toward the noise
source to pick up mostly noise. A system of this type
was found to work well in a room with low reverber-
ation21 but not in the presence of significant rever-
beration.22 This result is similar to that obtained
with a directional microphone input in a reverberant
environment. A variation of this approach using sev-
eral microphones was developed by Chazan et al.23

Techniques in which the outputs of 2 or more
microphones are processed to achieve directionality
and reduce background noise require advanced pro-
cessing and are well beyond the capabilities of ana-
log hearing aids. These early studies laid the
groundwork for the development of multimicro-
phone digital hearing aids with superior directional
characteristics.

Another area of research involved nonlinear
methods of enhancing the speech signal for people
with severe high-frequency hearing loss. One such
method, frequency lowering, is to lower the high-
frequency speech components into a lower frequency
region, where the listener has relatively good residual
hearing. There is a long history of research on fre-
quency lowering. (Note that the term frequency low-
ering is a general descriptor covering any form of
frequency recoding in which the output has lower fre-
quency content than the input.) Two commonly used
forms of frequency lowering are (1) frequency trans-
position or frequency shifting, in which signal com-
ponents in a high-frequency region are shifted to a
lower frequency region, and (2) frequency compres-
sion, in which all frequencies in the signal are low-
ered proportionally or with some frequency warping.
Most of the early evaluations of frequency lowering
did not show significant improvements in speech
recognition.24 However, the 1980s saw a revival of
interest in frequency lowering largely because new
methods of signal processing had recently been devel-
oped that were substantially more powerful than the
techniques used in the past and allowed for innova-
tive new ways of addressing the problem. Reed and
her colleagues,25,26 for example, were able to obtain
significant improvements in speech recognition, par-
ticularly for stops, fricatives, and affricates, using
these new methods of frequency lowering.

Digital approaches to speech processing enabled
the implementation of other methods of speech
enhancement that were based on the results of
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perceptual studies designed to identify the cues
most important for good speech intelligibility (clear
speech).27,28 Many of these differences are mani-
fested in increased consonant-to-vowel intensity
ratios (CVR), the importance of which for speech
recognition was demonstrated earlier by Hecker.29

The signal-processing capabilities of the 1980s pro-
vided the means for detailed investigations of the
effects of increasing consonant amplitude and dura-
tion on intelligibility.30-35 The results of these studies
were mixed in that some improvements were
obtained, such as improved consonant recognition,
but a significant increase in intelligibility was not
always obtained. Nevertheless, the results were suffi-
ciently promising for engineers to investigate methods
for improving CVRs automatically using the new
tools provided by DSP.36

Other methods of speech processing involved
enhancing the temporal structure of speech so as to
reduce the masking of weak sounds by more intense
sounds and, in the case of reverberant speech, to
restore the temporal modulations of the speech signal
reduced by the temporal smoothing of the reverbera-
tion. Experimental evaluations of these techniques
yielded mixed results.37-40 Yet other signal-processing
approaches were designed to increase the spectral
contrasts in the speech signal so as to compensate for
the reduced frequency resolution of the impaired
ear.41-46 Experimental evaluations of this approach
have also yielded mixed results. Both approaches have
nevertheless shown sufficient promise to warrant
additional research in the area.

The use of either offline DSP or computer-con-
trolled analog equipment provided substantial new
insights with respect to developing improved meth-
ods of signal processing for people with hearing loss,
but to implement these techniques in a digital hear-
ing aid, it was necessary that methods be developed
for digital processing of audio signals in real time.

DSP in Real Time: The Digital
Master Hearing Aid

The first digital computers performed computations
in sequence. To speed up digital processing, com-
puters were developed using parallel processing, in
which arrays of numbers were processed simulta-
neously (the early super computers) instead of 1
number at a time. By the late 1970s, high-speed lab-
oratory computers were developed that incorporated
array processing. These array processors were capa-
ble of processing audio signals in real time.

The events leading to the development of a digital
hearing aid using array processing followed the usual
process of trial and error; that is, we learn from our
mistakes. In the late 1970s, it was decided to build a
digital hearing aid as part of the ongoing research in
acoustic amplification at the City University of New
York. Douglas Mook, who was a summer student at
the time, and Myron Zimmerman, with input from
the author and some funds from an ongoing research
grant, designed a reduced instruction set computer
microprocessor to serve as the central element of the
proposed hearing aid. CMOS technology was chosen
because of its low power consumption, but it was
found to be too slow for real-time operation. A hybrid
system with 3 analog channels was then designed.
However, the engineer responsible for hardware
development left the group soon after (possibly
because of the frustration of trying to build a complex
system with limited resources), and the project was
terminated. Having learned from this mistake, it was
decided to follow the path of computer simulation. At
the time, the idea of a computer-simulated hearing
aid was viewed as “a variation of the master hearing
aid approach” using “an on-line computer to simulate
an adjustable hearing aid, the adjustments being
made by the computer according to an established
multivariate optimization routine.”47 A valuable fea-
ture of this approach was that one did not have to
worry about hardware constraints, although the diffi-
culties of real-time programming were not appreci-
ated at the time.

Whereas computer-controlled analog equipment
for real-time signal processing had proven to be very
useful, the limitations of analog signal processing
remained. The array processor provided the means
for processing speech and other audio signals digi-
tally in real time. It was thus possible to develop a
digital hearing aid using a high-speed array proces-
sor for real-time digital processing of audio signals.

A grant application to develop a digital hearing
aid using a high-speed array processor was submit-
ted to the National Institutes of Health and was
funded in 1981. After much pain and suffering in
developing the software for real-time operation, a
working system was up and running by the summer
of 1982.48 Although it worked well and was capable
of advanced signal processing previously not
thought possible in a hearing aid, the device was met
with some amusement by clinicians. It was a large
instrument mounted on a rack of equipment with
FM radio links between the processor and an ear-
worn unit containing a microphone and output
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transducer. At that time, the idea of a computer
being small enough to fit on or in the ear was viewed
as science fiction, and as one wag put it, “It may be
a good hearing aid, but you’ll need a friend with a
wheelbarrow behind you to carry the instrument.”

The array processor digital hearing aid was
designed as a research tool (ie, a master hearing aid)
for exploring the potential of DSP in hearing aids.
An important feature of its design was that it could
be used to simulate experimental hearing aids. As
illustrated by the preceding account of the difficul-
ties encountered in actually constructing a digital
hearing aid, a basic problem in hearing aid research
up until that time was that any new idea for improv-
ing signal processing required that an instrument
be constructed to evaluate the technique. In most
cases, the evaluation of the experimental technique
was negative, and it was not clear whether the fault
lay in the limitations of the hardware implementa-
tion or whether it resulted from a fundamental lim-
itation of the technique itself. There are many
examples in hearing aid research in which new ideas
were tried and found to be wanting and then tried
again some time later, with better equipment and
usually (but not always) with better results.49

The underlying philosophy in developing the
array processor digital master hearing aid was to
evaluate new methods of signal processing without
regard to the size or complexity of the necessary

instrumentation. If significant improvements could
be obtained, such as improved speech intelligibility
in noise, then the problem of achieving these
results, or as close an approximation as possible,
with a simpler, more practical instrument would
then be addressed. If improved results could not be
obtained using sophisticated signal processing with-
out hardware limitations, then there would no point
in proceeding further with that form of processing.

Figure 1 shows a block diagram of the array
processor digital hearing aid. There were 3 possible
inputs: microphone, tape player, and FM receiver. The
analog input signal was fed to an anti-aliasing filter
and ADC. The digitized output was fed to the array
processor (MAP 300) where the signal was processed.
The type of processing was determined by the control-
ling computer (DEC LSI-11/23). For example, simple
linear filtering might be used for one experimental
condition; another condition might require advanced
signal processing for noise reduction. The output of
the array processor was then fed to the DAC and anti-
imaging filter and the resulting analog signal fed to 1
of the 3 possible outputs: hearing aid receiver, head-
phone, or FM transmitter. The array processor was
dedicated to high-speed processing. The smaller, con-
trolling computer was programmed to implement
adaptive procedures for determining the type of pro-
cessing and relevant parameter values to be used at
any given time in an experiment.
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tal master hearing aid. J Rehab Res and Dev. 1986;23(1):79-87. Reprinted with permission.



Figure 2 shows a person using the system. She is
wearing a hearing aid case containing a microphone
and hearing aid receiver. The output of the micro-
phone is fed to a body-worn FM unit, which trans-
mits the signal to the input stage of the processor. A
second FM unit is used to transmit the processed
signal to a body-worn FM receiver, the output of
which is connected to the hearing aid receiver. The
2 large units on the right consist of the array proces-
sor and controlling computer. The FM receiver and
transmitter connected to the input and output, res-
pectively, of the processor are visible above the unit.
A printer is behind the 2 FM units.

A series of experiments were carried out using the
array processor master hearing aid. One set of studies
developed and evaluated various methods of signal
processing for noise reduction, such as linear filter-
ing, spectrum subtraction, adaptive filters of various
kinds, and spectral shaping,50-62 as well as methods
for reducing reverberation63 and a general approach

to compression amplification.64 The second avenue of
investigation focused on adaptive strategies for hear-
ing aid fitting and other audiological applications65-69

The experiments on adaptive strategies for hearing aid
fitting were of particular interest since the original
rationale for developing the array processor digital
hearing aid was to develop a computerized master
hearing aid that would employ efficient adaptive
techniques for fitting hearing aids.

The array processor digital hearing aid turned
out to be a powerful tool for investigating basic
issues in acoustic amplification, but it was also dif-
ficult to use, requiring the skills of an expert com-
puter programmer. Shortly after the development of
the array processor digital hearing aid, high-speed
chips for DSP were introduced. These DSP chips
were fast enough to process audio signals in real
time, and it was decided to develop a simpler digital
master hearing aid that would be easier to use. This
instrument did not have the capability of imple-
menting highly sophisticated methods of DSP, but it
could be used for simulating hearing aids that were
current at that time. The instrument was used in
experiments evaluating prescriptive fitting strate-
gies70 and the effect of resonances introduced by
coupling a behind-the-ear (BTE) hearing aid to an
ear mold using acoustic tubing.71 An interesting
variation of the instrument was The Chameleon,72

which, when connected to a conventional hearing
aid, would proceed to measure its electroacoustic
characteristics and then simulate that hearing aid.

The array processor digital hearing aid was an
important milestone in the development of digital
hearing aids in that it demonstrated the tremendous
capabilities of DSP in real time. The research stud-
ies using this instrument provided considerable
insight as to what could be achieved with respect to
noise and reverberation reduction (single micro-
phone or multiple microphone inputs), more general
forms of compression amplification, and multivari-
ate adaptive fitting using DSP. The subsequent
development of a simpler digital master hearing aid
using DSP chips dedicated to high-speed DSP was a
straw in the wind for the future development of a
wearable digital hearing aid. Although the DSP
chips and supporting components used in this sim-
pler digital master hearing aid were too large with
too high a power consumption for a wearable instru-
ment, it was only a matter of time before these chips
could be made small enough with sufficiently low
power consumption for a practical, wearable digital
hearing aid.
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aid and a person using the system. Photograph reprinted with
permission of the City University of New York.



Wearable Digital Hearing Aids

The section that follows traces the development of
wearable digital hearing aids. Note that the material
contains references to commercial products. No
endorsements are intended. These products are sig-
nificant in a historical context. They were the first of
their kind to be marketed and hence available to
consumers.

As with almost every important invention, more
than 1 individual or group can rightfully lay claim to
the invention or an important aspect of it. In 1975,
Graupe et al73 reported the development of a 6-chan-
nel instrument with digital control of the gain in each
channel. Graupe went on to develop the Zeta Noise
Blocker, which, as described above, was a self-adapt-
ing filter that automatically attenuated frequency
channels containing high noise levels. In 1977,
Mangold and Leijon74 reported on the use of a pro-
grammable filter in acoustic amplification and sub-
sequently developed a programmable multichannel
compression hearing aid using digital control of ana-
log components.75 Two Australian groups also investi-
gated the possible use of microprocessors in acoustic
amplification at this time.76,77 A programmable digital
filter for use in audio experiments was also developed
by Trinder at about the same time.78 This filter was
used by Studebaker in an experiment on spectrum
shaping.79 A patent for a digital hearing aid was
obtained by Moser in 1980.80 The patent covers the
concept of a digital hearing aid in general terms.

Engebretsen et al at the Central Institute for the
Deaf (CID) began working on a digital hearing aid in
the early 1980s and were the first to construct a
wearable instrument including fabrication of the
DSP chips.81-87 The instrument was patented in
1985.88 The CID group later joined with the 3M
Company in a consortium to develop digital hearing
aids. The array processor digital hearing aid devel-
oped at the City University of New York48 was work-
ing in the summer of 1982 and was used for more
than a decade in a series of experiments investigat-
ing the capabilities of DSP in a hearing aid.50-66,69

Although not wearable, it was the first digital hear-
ing aid in regular use as a research tool. A prototype
wearable digital hearing aid was developed by
Nunley et al in 1983.89 It was a relatively large body-
worn instrument and was not developed beyond the
prototype stage. Concurrent with these develop-
ments, the Audimax Corporation developed a body-
worn sampled-data hearing aid in which acoustic
feedback was cancelled by means of a finite impulse
response (FIR) filter in an electrical feedback loop

adjusted to be equal and opposite to the acoustic
feedback loop.90

A wearable microprocessor hearing aid was
developed at University College London by Adrian
Fourcin during the same period.91 The instrument
embodied a fundamentally different approach to
acoustic amplification. The rationale was that a sim-
plified acoustic signal conveying important speech
cues would be more helpful to a person with limited
residual hearing than the complex audio signal. The
first version of this hearing aid extracted the voice
fundamental frequency from the speech signal and
presented it to the listener as a frequency-modulated
sine wave with an amplitude and frequency range
appropriate for the listener’s residual hearing.91 This
instrument was known as the sinusoidal voice hear-
ing aid and was modeled on an earlier instrument
developed by Fourcin for single-channel stimulation
of an extracochlear implant.92 More advanced ver-
sions of the instrument (speech-pattern element
hearing aids) include coding of amplitude envelope
and the presence of voiceless excitation in addition
to the voice fundamental frequency.93-96
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Figure 3. Photograph of the Project Phoenix body-worn digi-
tal hearing aid. Photograph reprinted with permission of
Audible-Difference®.

Figure 4. Photograph of the Project Phoenix behind-the-ear
digital hearing aid. Photograph reprinted with permission of
Audible-Difference®.



The high-speed DSP chips developed in the
1980s provided the means for a wearable digital hear-
ing aid. Although the earliest DSP chips were rela-
tively large and consumed too much power for
hearing aid applications, smaller chips of smaller size
and low power consumption were subsequently devel-
oped specifically for use in hearing aids. The Nicolet
Corporation is credited with developing the first com-
mercial digital hearing aid using custom fabricated
chips.97-99 Nicolet’s Project Phoenix under the direc-
tion of Kurt Hecox was initiated in 1984 and ended in
1989, when Nicolet withdrew from the hearing aid
market. Their first hearing aid consisted of a body-
worn processor with a hardwire connection to ear-
mounted transducers. The hearing aid is shown in
Figure 3. A BTE digital hearing aid, shown in Figure
4, was developed toward the end of the project.

The Project Phoenix hearing aid, although not a
commercial success, demonstrated the feasibility of
a wearable digital hearing aid, and the race was on
for other hearing aid companies to develop commer-
cially viable digital hearing aids. Bell Laboratories
developed a hybrid digital-analog hearing aid in
which digital circuits controlled a 2-channel com-
pression amplifier.100 Field trials carried out at the
City University of New York showed the instrument
to be superior to state-of-the-art analog hearing aids
that were available at that time, but AT&T (the par-
ent company of Bell Laboratories), for reasons unre-
lated to the product, decided to terminate the
project (and all other small projects) to concentrate
on its core business. AT&T assigned the rights to
their hearing aid to the Resound Corporation in
1987, and after further refinement, the hearing aid
was marketed and was an immediate success.

It is significant to note that the companies that
led the way in implementing digital technology in
hearing aids were not traditional hearing aid compa-
nies but rather major industrial companies with a
history of innovative research and development.
These companies also introduced new ideas and
methods that had a lasting impact on the field.

Nicolet, AT&T/Resound, and 3M developed
sophisticated digital instrumentation for audiologi-
cal measurement and fitting of hearing aids. Nicolet
developed the Aurora, which included basic audiom-
etry, real-ear measurement, adaptive methods of
hearing aid fitting, middle-ear analysis, and access
to a computerized database in a single instrument.99

The system developed by Resound100 included an
automated method for measuring loudness growth
in octave bands (the LGOB procedure101), the output

of which was used to program the hearing aid for
appropriate wide-dynamic-range compression for
each individual. The company also introduced the
ultrasonic remote control, which made it easier to
adjust hearing aids. 3M developed a fitting system
configured around a personal computer with soft-
ware for simplifying the fitting of a 2-channel com-
pression hearing aid with multiple memories and
data-logging capabilities.102

The first commercially available programmable
hearing aid, the Audiotone System 2000, was intro-
duced by Dahlberg in 1988.103 Other hearing aid
companies followed soon after with programmable
instruments such as the Bernafon PHOX and the
Siemen’s Triton. In 1989, the 3M Corporation intro-
duced the Memory Mate, a 2-channel compression
hearing aid with multiple memories and data-logging
capabilities. For a description of these and other early
programmable hearing aids, see Sandlin104 and
Sammeth.105 Within a few years, virtually every hear-
ing aid company was marketing 1 or more program-
mable hearing aids. These instruments used analog
components (amplifiers, filters, limiters) controlled by
a digital unit. As such, they provided some of the
potential benefits of digital hearing aids, such as
memory for storing parameter settings, the ability to
modify settings of the hearing aid easily and with
greater precision than earlier hearing aids, the capa-
bility for paired-comparison testing, and convenient
selection of appropriate parameter settings for differ-
ent acoustic environments.

The switch to programmable hearing aids led
to changes in methods of hearing aid dispensing.
Initially, all of the companies producing programma-
ble hearing aids had proprietary fitting systems.
Unfortunately, these fitting systems were expensive,
and since the hearing aids produced by 1 company
could be fitted only with that company’s proprietary
fitting system, the cost of equipping a hearing aid
dispensary with the fitting systems of several differ-
ent companies became prohibitive. To address this
problem, the hearing aid industry developed stan-
dardized hardware and software platforms (HI-PRO
and NOAH) to serve as a common interface between
a computer and a digital hearing aid. This allowed
for a relatively inexpensive personal computer to be
used as the programming tool, with each manufac-
turer providing proprietary software for fitting its
instruments. The system could also interface with
office management software. It was not long before
computers became essential equipment for every
hearing aid dispensary.
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The next significant milestone in the development
of wearable digital hearing aids was the introduction
of sampled data instruments using switched capacitor
technology. It is important to bear in mind that the
digitization of analog signals involves 2 distinct stages:
(1) sampling the value of the waveform at discrete
intervals in time and (2) converting the sampled value
to binary form (ie, a series of 0s and 1s). A system that
uses the sampled values without converting them to
binary form (stage 2) is known as a sampled-data sys-
tem. Sampled-data systems have several important
advantages over digitally controlled analog instru-
ments. The signals are discrete, and many basic DSP
algorithms can be implemented using this technology,
such as FIR filters with precise, independent control
of both amplitude and phase. The power consump-
tion of sampled-data hearing aids is also less than that
of a digital hearing aid, so that low-power, sampled-
data hearing aids were feasible long before digital
hearing aids could be developed with sufficiently low
power consumption to be practical.

The first commercial sampled-data hearing aid,
the Argosy Electronics 3-Channel-Clock hearing aid,
was designed by David Preves at the end of the
1980s.106 It consisted of 3 channels with an adjustable
frequency response that was far superior to earlier dig-
itally controlled analog devices. The frequency
response was determined by the clock rate, hence, its
unusual name. The Ensoniq Sound Selector was
another early sampled-data hearing aid with low power
consumption and excellent frequency-shaping capa-
bilities.107 The instrument was manufactured by an
electronic keyboard company and incorporated well-
tried sampled data technology that had proven its
worth in another highly competitive market. The
Ensoniq Sound Selector had 13 frequency channels,
allowing for much greater programmable frequency
resolution than previously available.

This was a period of rapid change in the hearing
aid industry. New hearing aids embodying novel
designs with increasingly more complex signal pro-
cessing were introduced in quick succession by
different manufacturers. At the same time, work
progressed intensely on developing the ultimate
prize: a true digital hearing aid. The main problem
in developing a commercially viable digital hearing
aid was that of reducing the size and power con-
sumption of the digital chips. Analog chips for hear-
ing aid applications had been refined over many
years so that even when digital chips were developed
with an acceptable level of power consumption and
small enough for use in a practical hearing aid, there

remained the problem of competing with analog
technology that was well established with chips of
even smaller size and lower power consumption.
Advances in digital chip technology continued
steadily over the years, so that it was essentially a
matter of time before digital chips became competi-
tive with analog chips for hearing aid applications.

The turning point came in 1996, when Widex
introduced the Senso, the first commercially suc-
cessful digital hearing aid.108 The Oticon Company
began marketing their digital hearing aid, the
DigiFocus, immediately afterward. The DigiFocus
was based on the JUMP-1 digital hearing aid plat-
form, which had been distributed the year before
to audiological research centers worldwide to spur
independent investigations of how best to imple-
ment digital technology in acoustic amplification.108

It is not coincidental that a fundamental change
in the market forces driving hearing aid develop-
ment occurred at about the time DSP in hearing
aids became a reality. Hearing aid manufacturers,
to be competitive, began to pay more attention to
improved signal processing. The introduction of
multichannel amplitude compression in hearing aids
signaled this important change. Considering that
the consumer audio industry had already embraced
digital technology and that multichannel comp-
ression was already a well-established technique in
audio recording and reproduction, it is not surpris-
ing that the first use of digital technology in hearing
aids accompanied the development of multichannel
compression hearing aids.

The first generation of digital hearing aids used
a fixed multichannel architecture. As a conse-
quence, these hearing aids were not very different
conceptually from the previous generation of hybrid
digital-analog hearing aids. Multichannel compres-
sion amplification was a trusted design, and the first
digital instruments essentially refined this format.
There is an interesting analogy here. As noted ear-
lier, the first DSP algorithms used in the tele-
communications industry replicated conventional
methods of analog signal processing. It was only
later that DSP algorithms were developed that took
advantage of the unique capabilities of digital pro-
cessing. The evolution of digital hearing aids
appears to be following the same pattern. Whereas
the first digital hearing aids were essentially refined
versions of the digitally controlled analog hearing
aids that they replaced, the recent introduction of
digital hearing aids with an open architecture has
allowed for the development of innovative new
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designs that take greater advantage of the unique
capabilities of digital processing.

Have Digital Hearing Aids Lived
Up to Their Promise?

Now that the field of acoustic amplification has
embraced digital technology, it is relevant to ask
whether the quality of acoustic amplification has
actually improved with the introduction of digital
technology. More important, has digital technology,
by providing the means for new ways of signal pro-
cessing, opened up new, more productive ways of
thinking about acoustic amplification?

Comparing Analog and Digital
Instruments

The digital hearing aid represents a major technolog-
ical breakthrough, and when these instruments were
first introduced, it was widely expected that digital
instruments would show substantial improvements in
benefit over analog hearing aids. Early experimental
comparisons between digital and analog hearing aids,
however, showed only small to negligible advantages
for the digital instruments.109-119 Subjective assess-
ments showed the largest improvements. Relatively
few improvements were obtained with objective
measurements. It was also demonstrated by Bentler
et al120 in a clever experiment that there was a signif-
icant halo effect in that if a subject believed a hearing
aid to be a digital instrument, then the subjective
assessment of the hearing aid was likely to be more
positive than if the subject believed otherwise.

In retrospect, these findings are not surprising
considering that early digital hearing aids were
essentially refinements of the programmable analog
hearing aids that they had replaced. The important
advantage of digital hearing aids is that their capa-
bilities exceed those of analog hearing aids. This
advantage became increasingly apparent with the
introduction of digital hearing aids using a less con-
strained or open architecture that allowed for inno-
vative signal processing to be implemented.

How Digital Hearing Aids Differ
From Their Analog Predecessors

Compression Amplification

If a digital and an analog hearing aid have the same
compression characteristics, then an experimental

comparison between the 2 hearing aids should not
show a difference. The advantage of digital hearing
aids in this context is that more advanced forms
of compression can be achieved using digital tech-
niques.121 These advantages include sharper filter
boundaries, less filter overlap, and more flexible and
more precise control of changes in gain. The concepts
of attack and release times developed with analog pro-
cessing can be implemented with digital processing,
but a more general approach to the temporal dynam-
ics of amplifier gain is possible with digital processing.

Feedback Cancellation

An important advantage of DSP is that digital filters
can be programmed to provide independent adjust-
ment of amplitude and phase. This capability has
allowed for the development of techniques for can-
celing acoustic feedback.122 Analog methods of feed-
back control typically reduce the hearing aid gain
(eg, by means of a notch filter) in those frequency
regions in which the acoustic feedback is likely to
become unstable and produce an intense whistling
sound. Although this approach may prevent unstable
oscillations, it does not eliminate feedback. Acoustic
feedback is present even when the hearing aid is not
in oscillation, and as a consequence, the overall fre-
quency gain characteristic of the hearing aid when
worn on the ear is altered by the acoustic feedback.

Of the various developments in digital hearing
aids, improved control of acoustic feedback has had
the greatest impact. All of the modern high-end digi-
tal hearing aids use feedback cancellation. This form
of feedback control involves more than avoidance of
loud unpleasant whistling; it also reduces major con-
straints on overall gain, thereby allowing for greater
use of open ear molds, more accurate control of the
overall frequency-gain characteristic, and other
improvements in hearing aid design. The methods of
feedback cancellation that have been implemented
require precise, adaptive control of both amplitude
and phase in the feedback circuit, which would not
have been possible in analog hearing aids.

A more subtle problem imposed by acoustic feed-
back is that the hearing aid may not provide the
required gain in the high frequencies. High-
frequency gain is commonly prescribed for a high-fre-
quency hearing loss, and there are many cases in
which the prescribed high-frequency gain cannot be
provided to prevent unstable acoustic feedback.
Another manifestation of the constraints imposed by
acoustic feedback is that ear molds, or a hearing aid
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case, with a good seal are needed to reduce the leak-
age between the hearing aid receiver and the micro-
phone. These ear molds are uncomfortable and are a
cause of the occlusion effect. With digital cancella-
tion of acoustic feedback, a good seal may no longer
be needed; in cases of more mild to moderate losses,
more comfortable open ear molds can be used.

Digital cancellation of acoustic feedback is not
perfect because of practical constraints on filter
complexity, but this type of processing does allow for
substantially more gain without unstable feedback.
An additional advantage of digital feedback cancel-
lation is that it does not alter the frequency-gain
characteristic of the hearing aid. Furthermore, if
feedback cancellation is not used, the suboscillatory
acoustic feedback (feedback that is not strong enough
to cause unstable oscillations) will alter the fre-
quency gain characteristic of the hearing aid when it
is worn on the ear.

Noise Reduction

A major problem in acoustic amplification that has
eluded a satisfactory solution is that of background
noise. It was hoped that advanced methods of DSP
would provide significantly improved speech recogni-
tion in noise. Experimental evaluations of a wide
range of signal-processing strategies have shown that
for the case of a single microphone input, advanced
methods of signal processing provide little if any
improvement in speech recognition despite substan-
tial reductions in the audibility of the background
noise.50-52,54,56

The directional microphone represents a much
simpler approach to improving speech recognition in
noise. Hearing aids with directional microphones
were first marketed in the United States in 1971,123

and although they were well received initially, the use
of directional microphones in hearing aids gradually
declined after 1980. A problem with directional
microphones is that there are many acoustic environ-
ments in which they provide no benefit, such as
speech and noise coming from the same direction or
a reverberant environment.124 Interest in directional
microphones was revived in 1992, when Phonak
introduced the AudioZoom,™ which allowed the user
to switch between a directional or omnidirectional
input to the hearing aid. Whereas advanced technol-
ogy is not required for manual switching of a micro-
phone input, automatic switching or adaptive
adjustment of directionality does requires sophisti-
cated signal processing in order to be effective.

Experimental evaluations of adjustable directional
inputs to a hearing aid have been positive,125,126 but
the problem of predicting when a directional input is
appropriate is proving to be difficult.127 Hearing aids
with self-adaptive directional inputs are designed to
identify the directions of the most powerful sound
and whether they are speech or noise to adjust the
directional characteristics of the input. This is not a
simple problem, and practical systems that have been
developed have their shortcomings.128

The limited benefit obtained from a directional
input in the everyday use of a hearing aid has engen-
dered new thinking about how to improve directional
benefit in real-world listening. This has resulted in the
development of signal-processing techniques for rec-
ognizing and classifying the acoustic environment129 to
automatically adjust parameters of the hearing aid.
This is a departure from traditional methods of signal
processing, which have typically focused on signals
that have been received and not on signals that might
be received. This form of signal processing involves
aspects of automatic sound recognition. Elementary
levels of automatic speech recognition have also been
used in some digital hearing aids, such as determin-
ing whether speech or noise is present, recognizing
whether the speech is voiced or voiceless, or extracting
and modifying the voice fundamental frequency. It is
likely that more advanced forms of automatic sound
recognition will be implemented in the digital hearing
aids of the future. In this respect, digital hearing aids
have fulfilled the promise of introducing new ways of
thinking about acoustic amplification.

Wireless Links Between Hearing Aids
and Telephones

The use of Bluetooth wireless transmissions for
linking telephones and hearing aids has important
advantages over the current use of a low-frequency
magnetic link using telecoils. A major problem with
telecoils is that of finding the “sweet spot” for a good
connection. This depends on the appropriate align-
ment of the telecoil axis relative to the direction of the
magnetic field. This is not always easy to do, as many
hearing aid wearers will attest. The problem is made
more difficult by the fact that the direction of the
magnetic field in a room loop is different from that in
a telephone, where the handset is held in the natural
position for telephone use. A high-frequency radio
link such as Bluetooth not only provides a more con-
venient and more reliable connection with telephones
and other communication devices but can also be
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used to program a digital hearing aid or transfer data
from a hearing aid with data-logging capabilities.

Binaural Amplification

Hearing instruments that are currently advertised as
binaural hearing aids do not have the capability for
the appropriate interaural adjustments, especially
with respect to the interaural phase, and are actually
bilateral rather than binaural hearing aids.130 A true
binaural hearing aid requires a connection between
the 2 ears for the convenient control of interaural
amplitude and phase differences. A hard-wire con-
nection is not practical, and a conventional AM or
FM radio link draws too much power. A novel way of
providing a low-power wireless link between the 2
ears is to transmit control signals rather than the full
audio signal. Since the bit rate for control signals is
small, the power consumption of the transmitter
and receiver is low enough to be practical.

Siemens Hearing Instruments131 has recently
introduced a bilateral hearing instrument in which a
hearing aid on one ear transmits control signals to
the hearing aid on the opposite ear. This instrument
represents an important step toward the realization
of a true binaural hearing aid. The binaural auditory
system is particularly sensitive to interaural phase,
and an instrument of this type provides the means
for controlling both interaural amplitude and phase
characteristics with the high accuracy needed for
true binaural amplification.

Frequency Transposition/Compression

A method of signal processing that has been visited
time and again since the earliest days of electronic
signal processing is that of frequency lowering for
people with a high-frequency hearing loss. As noted
earlier, most of the early evaluations of frequency
lowering did not show significant improvements in
speech recognition.24 Methods of frequency lower-
ing have improved since these early evaluations, and
these improved methods of frequency lowering have
been implemented in digital hearing aids.

AVR Sonovation introduced a body-worn digital
hearing aid using frequency lowering in 1991 and a
BTE transposing hearing aid several years later.132,133

Digital processing is used to identify voiceless sounds
and to compress the frequencies of these sounds pro-
portionally by an amount appropriate for each user.
This method of frequency lowering is essentially an
improvement of the transposition method pioneered

by Johansson,134 in which the high-frequency compo-
nents of voiceless fricatives are transposed downward
and added to the low-frequency components, thereby
masking them. Proportional frequency lowering intro-
duces less distortion and less masking of the processed
sounds, particularly if the minimum required amount
of proportional compression is used. Experimental
evaluations of the AVR Transonic frequency-transpos-
ing hearing aid have shown positive results but not for
all subjects.135-140

Digital hearing aids provide greater flexibility and
more accurate control of frequency lowering than was
possible with analog hearing aids, with concomitant
improvements in the benefits provided by frequency
lowering. There is continued development in this area,
as witnessed by the recent introduction of the Widex
Indeo hearing aid with frequency lowering.141

Data Logging in Hearing Aids

Hearing aids are now capable of documenting pat-
terns of hearing aid use, such as volume control set-
tings, daily usage, recognizing and classifying the
acoustic environment,142 and storing information
about the types of sounds being received (speech,
noise). A method of monitoring hearing aid usage
using analog technology was implemented as far back
as 1975 in an early study on a wearable analog mas-
ter hearing aid.143 An electrochemical elapsed-time
indicator (Curtis Instruments, model 120 PC) was
used to monitor power flow from the hearing aid bat-
tery. More extensive digital monitoring of hearing aid
usage was used some 10 years later in Project
Phoenix.98 The data from these studies were used for
research purposes. The first data logging in a hearing
aid available for clinical use was in the 3M hearing
aid, which provided information about usage of the
multiple memories contained in the hearing aid.102

But as indicated above, current hearing aids can
recognize and classify the acoustic environments in
which the hearing aid has been worn.129 This capa-
bility requires monitoring of the acoustic environ-
ment coupled with automatic sound recognition. It
will be of great interest to see whether the clinical
implementation of data monitoring will be used
effectively to improve fitting and counseling and, in
the longer term, to improve hearing aids.

Concluding Comments

When the first cumbersome, desk-mounted array
processor digital hearing aid was developed, it was
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predicted that digital hearing aids would not only be
able to do everything that an analog hearing aid
could do but also be able to do things that analog
hearing aids could not do, and, most important
of all, digital hearing aids would change our way
of thinking about acoustic amplification.6 In retro-
spect, this prediction has proven to be reasonably
accurate. Modern digital hearing aids differ sub-
stantially from analog hearing aids and incorporate
features that are well beyond the capabilities of ana-
log instruments. Digital technology, in general, has
much to offer toward the development of better
hearing aids. Of the many benefits of digital tech-
nology, the most important is that our thinking
regarding the fundamentals of acoustic amplifica-
tion has changed dramatically and for the better.
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