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GUEST EDITORIAL

NEWuwo~~~~ TRENDS
Digital Hearing Aids : Past, Present, and Future
by Harry Levitt, PhD

The major tnandinhearingaiddeve!op-
nnent has, until now, been that of miniaturiza-
tion . The trend has been consistent and has
closely followed the latest advances in elec-
tronic miniaturization, from tabletop electrical
devices to bodyworn units using vacuum tubes,
to smaller units using miniature tubes, to even
smaller transistorized units, to behind-the-ear
(BTE) instruments employing integrated circuits,
to microminiature in-the-canal (ITC) hearing
aids, to the latest completely-in-the-canal (CIC)
instruments. The dominating force driving this
trend has been that of cosmetics : the less visible
the hearing aid, the better. With the introduction
of the CIC hearing aid, however, the trend may
have reached its zenith. CIC instruments ong vir-
tually invioib!e (unless one peers directly into
the ear canal) ; hence, there is no additional cos-
metic advantage to be gained from further re-
ductions in size.

Miniaturization of electronic components is
an ongoing process driven by forces far more
powerful than those governing the hearing aid
industry. As a consequence, the components
used in hearing aids are likely to become even
smaller in the years to come . Reductions in
component size can be utilized either to reduce
the physical size of the hearing aid, or to in-
crease the signal processing capabilities of the
hearing aid within the limited space available.
The latter option is likely to grow increasingly
more important aathodemand forfurther re-
ductions inhearingaidoize!aauono.

This new trend toward more advanced sig-
nal processing capabilities (rather than minia-
turization) has become evident . Programmable
hearing aids were introduced only recently and
have already found a firm and growing niche in
the market . These are similar in size to tradi-
tional hearing aids, but embody important new
features, such as programmability, in addition
to more advanced signal processing.

The development of practical programma-
ble hearing aids has resulted largely from the

introduction of digital technology. Although
some degree of programmability is possible
using traditional analog circuits, digital technol-
ogy provides a level of programmability that is
substantially greater and much easier to imple-
ment than that possible with analog techniques,
and offers additional substantive advantages,
such as memory, logical and arithmetic opera-
tions, the capability of storing and transferring
information without error, and compatibility
with other digital devices, such as personal
computers . There are also limitations to the use
of digital technology in hearing aids that need
to be understood.

The purpose of this editorial is to review
the extent to which digital techniques are used
in modern hearing aids and to discuss the impli-
cations of this new technology for the future de-
velopment of the field.

QUASI-DIGITAL, HYBRID ANALOG-DIGITAL
AND TRUE-DIGITAL HEARING AIDS

The introduction of digital technology to
hearing aids has not been an all-or-none
process. There are graduations in the extent to
which it has been used in hearing aids and in
acoustic amplification in general.

The first application was the simulation of a
hearing aid on a general purpose digitol conn-
pUt9cTh8s8 early simulations were done off-line;
that is, the audio signals to be processed were
first converted to digitel form and stored on digi-
tal tape, which was then read into the computer.
Several hours later, a second tape was generated
containing the digitized audio signal as
processed by the simulated hearing aid . This
computer simulation ofo hearing aid served as a
useful, though cumbersome, research tool . The
first preutinal application of this technique took
place at Bell Laboratories in the mid 1960s and
involved the development and evaluation of a
high-gain handset for use in pay telephones . It is
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significant to note that this early simulation com-
bined both analog and digital techniques in order
to achieve a practical result (1).

Advances in technology brought about dra-
matic increases in the speed of digital comput-
ers, and within a decade real-time (where the
output is virtually simultaneous with the input)
simulation of hearing aids by a general-purpose
computer (an array processor) became a practi-
cal reality (2) . The first such simulation of a
hearing aid took tens of milliseconds for the
computer to process the audio signal . The pro-
cessing time depended on the complexity of the
processing algorithms that were used . Here
again, the system was not entirely all digital in
that an analog preamplifier and analog power
amplifier were used at the input and output, re-
spectively. Other important developments dur-
ing thiSp8riOd were the development of an
experimental programmable hearing aid using
analog components (3) and preliminary work on
the use of digital technology in acoustic amplifi-
cation (4,5).

The first digital hearing oidusing COrn'
putnpairnu!ationteohniqueavvan designed as a
research tool for laboratory-based investiga-
tions. It soon proved its worth in a series of ex-
periments exploring the potential of digital
signal processing techniques in acoustic ampli-
fication (1,6-11) . The limitations of applying dig-
ital technology to hearing aids also became
evident during these and related experimental
evaluations. The most serious of these was the
large physical size and high power consumption
of the hardware.

Size and power consumption are crucial
considerations for personal hearing aids . Al-
though the first digital hearing aid was a rack-
mounted experimental device, it was recognized
that the technology was advancing rapidly and
a wearable digital hearing aid would be feasible
in the not-too-distant future . A major break-
through came with the development of special-
ized digital signal processing (DSP) chips,
designed specifically for high-speed signol pro-
ceSSing3nd allowing for real-time processing of
audio signals in a unit of small size. Experimen-
tal, wearable digital hearing aids of small size
were soon developed (12-14) . Although these

experimental instruments could be worn on the
body, they were far too large and consumed too
much power to be a practical alternative to con-
ventional analog hearing aids ; however, they
provided an impressive demonstration of what
could be achieved using digital technology, and
hearing aid manufacturers began to incorporate
the technology into their products.

It is instructive to look at the basic design of
the first digital hearing aid and how this design
has been modified to accommodate the require-
ments of small size and low power consump-
tion . An understanding of the engineering
compromises that have been made will not only
provide a clearer picture of what can be
achieved in practice, but will also identify the
likely direction of future advances in these de-
vices.

Figure 1 shows a block diagram of the first
digit8l hearing aid . Note that it consisted of two
computers, a high-speed array processor dedi-
cated to signal processing, and a smaller,
slower computer for controlling the operation of
that processor. Of these two units, the array
processor was by far the larger and required
substantially more electrical power.

The introduction of high-speed DSP chips
led to the replacement of the array processor by
a much smaller microprocessor configured
around such a chip, as shown in Figure 2 ./\!-
though the smaller microprocessor could not
perform many of the advanced signal process-
ing algorithms that had been implemented in
the array processor, it did allow for many of the
advantages of digital technology to be imple-
mented in avvearmb!e unit. The first commercial
digitel hearing aid, the Phoenix, used technol-
ogy of this type . Although small enough to be
wearable, the instrument was a body aid and
relatively large compared to the BTE and ITE
analog hearing aids available at the time . The
Phoenix was an impressive technological
achievement, but not a commercial success . Its
development, however, did much to pave the
way for the future application of digital technol-
ogy in hearing aids.

The problem of high power consumption
was alleviated, but not solved, by the introduc-
tion of DSP chips . Another engineering compro-
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mise would be necessary in order to develop a
di0it@l hearing aid that could compete effec-
tively with analog hearing aids in terms of size
and power consumption . Of the various opera-
tions in a digitQl hearing aid, the unit converting
the incoming audio signal to digital form, the
analog-to-digital (A/D) converter, drew the
largest power. A good quality ND converter for
this use should sample the incoming signal at a
rate of 20,000 samples/sec, or higher, and con-
vert each sample with at least 12-bit precision
(i .e., one in which each sample of the audio
waveform is represented by 12 binary digits).
Traditional A/D conversion is particularly costly
in terms of power consumption, since a sepa-
rate comparison between the sampled voltage
and a reference voltage is needed for each bi-
nary digit ; in other words, sampling with 12-bit
precision requires 12 comparisons of this type
for each sample . Even if each comparison draws
a very small amount of power, the total power
consumption is still relatively high, since
12x 10,000 such comparisons per second are re-
quired. Non-traditional methods of ND conver-
sion must be used in order to reduce power
consumption .

Pre-
0 Amp

Information
Signals

Reducing Power Consumption
There are at least three ways in which

power consumption can be reduced, leading to
three different types of digital hearing aids.
Each method also introduces limitations to the
capabilities of the instrument.

The largest reduction in power consumption
and, concomitantly, the most severe constraints
on the signal processing capabilities, is obtained
using a hybrid approach in which digital tech-
niques are used for the controller but the audio
a!gnal is not digitized (i .e . ' tha audio pathway re-
mains in analog form) . Figure 3 shows a device of
this type. The audio pathway from microphone to
output transducer consists of analog components
only (preamplifier, filters, limiter, and output
power amplifier) . The operating characteristics of
these components (gain, filter cut-off frequencies,
output limiting level, and compression character-
istics) are, however, controlled by a digital unit.
Since the digital controlling signals have a low
sampling rate with a precision that is consider-
ably less than that needed for audio signals, the
power consumption of the digital controller is
small, while that of the analog components is
comparable to that of a conventional analog hear
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Hybrid analog-digital hearing aid .
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ing aid . This hybrid analog-digital hearing aid has
several very useful features . These include pro-
grammability, memory, and signal-dependent dy-
namic forms of amplification, such as multiband
compression and adaptive filtering . Most of the
digital hearing aids currently available for clinical
use are of this type.

Another method of reducing power con-
sumption is to sample, but not digitize, the
audio signals . The electrical signal representing
the audio waveform is sampled at regular inter-
vals, but these samples remain in analog form:
they are not converted to strings of binary dig-
its, as they would be in a digital computer.

It is possible to store a sampled electrical
waveform as a series of electrical charges in a
series of capacitors (one charge per capacitor).
These electrical charges can then be switched to
other capacitors so as to perform operations,
such as addition, subtraction, and delay (by one
or more sampling intervals) . The use of
switched capacitor technology allows for sam-
pled waveforms to be processed in ways similar
to those used in digital computers.

Hearing aids employing switched capacitor
technology are referred to as quasi-digital hear-
ing aids. These instruments have many of the
advantages of an o!!-di0itml system; in addition
to programmability and memory, the audio sig-
nal can be amplified and filtered with great pre-
cision, including precise and convenient
processing of the phase characteristics of the
audio signal . This feature is very uamful for re-
duction of acoustic feedback, where both the
amplitude and phase of the amplified audio sig-
nal must be adjusted so as to uanoel the feed-
back component . Manipulation of the phase
spectrum is both difficult and imprecise with
traditional analog circuits.

A shortcoming of switched capacitor tech-
nology is that the switching and storing opere-
tionoore not perfect and typically introduce
some background noise . As a consequence,
there are limitations to the amount of process-
ing that can be achieved and still maintain an
acceptable signal-to-noise ratio . The relative
level of the background noise compared to the
signal strength is also poorer for low operating
voltages, such as those provided by the anna!l
batteries used in hearing aids .

Athinj approach to the problem of reduc-
ing power consumption is to modify the form of
the A/D conversion process . It is possible, for
example, to use an approximate method of con-
version in which the effect of the approximation
is not perceptible : true-digital aids have recently
been introduced using these alternative tech-
niques.

The distinguishing characteristic Ofa tru8-
digital hearing aid is that the audio signal is
converted to strings of binary numbers . The
term "all-digital" is sometimes used, but this
terminology is not entirely accurate, since hear-
ing aids of this type still include one or more
analog components, such as the microphone
and associated low noise preamplifier.

True-digital hearing aids have all of the ad-
vantages of hybrid and quoSi-digital instru-
ments plus the potential for advanced oignal
processing in evolving amounts, depending
on the engineering philosophy underlying the
design of the hearing aid as well as practical
considerations, such as chip size, power con-
sumption, and battery life. True-digital hearing
aids, at present, have signal processing capabili-
ties only 8 step beyond those of other digital
hearing aids, but the potential exists for imple-
menting substantially more advanced methods
in the future.

It is interesting to note that of the two con-
verters needed for a true-digital hearing aid,
major engineering difficulties were encountered
with A/D conversion, whereas digital-to-analog
(DIA) conversion was not only easily accom-
plished, but the method used for this process
led to the development of a more efficient type
of power amplifier, the Class D amplifier.

In a Class D amplifier, pulses of varying
width are used to drive the receiver. The
acoustic signal is encoded by modulating the
width of these pulses. Since the amplitude of
the pulse does not convey any information, it
can be as high (and hence as powerful) as the
battery voltage will allow. In a conventional ana-
log power amplifier, the amplitude of the signal
being processed is limited to the linear operat-
ing range of the amplifier, which is significantly
less than what the class D amplifier can achieve
for the same battery voltage and power con-
sumption. As a consequence, the digital class D
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amplifier has a wider dynamic range (more
headroom) than a conventional analog power
amplifier. This feature is of great practical value
in low-voltage amplifiers, such as those used in
hearing aids (15).

Capabilities of Modern Digital Hearing Aids
Several engineering compromises have

been necessary in order to develop practical
diQital hearing aids . These compromises, in
turn, impose praniical constraints on the capa-
bilities of the device . It would be useful to know
what capabilities can reasonably be expected
for the different types; Table 1 provides a sum-
mary of "reasonable expectations" for modern
di8it8l hearing aids . It is recognized that as digi-
tal technology continues to improve (that is, as
smaller chips with lower power consumption
and greater signal processing capabilities be-
come available) these reasonable expectations
will change.

As is evident from Table 1, even the simplest
type of digital hearing aid, the hybrid analog-
digital, has many of the features of the most
advanced types, although in limited form . For ex-
ample, they are programmable, but the flexibility
of the programming routines and the number of
variables that can be programmed are not nearly
as great as for a true-digital hearing aid . This is
also true of other features, such as memory, fre-
quency shaping (i .e ., fixed frequency filtering),
adaptive filtering, compression amplification,
and limited noise reduction . The issue of noise
reduction, because of its importance, is dis-
cussed separately in the next section.

Most of the digital hearing aids in current

use are hybrid analog-digital instruments . A
smaller number of quasi-digital hearing aids are
also in use . Several of the larger manufacturers
have recently introduced "all-digital" instru-
ments, and the use of these is expected to grow
rapidly.

An advantage of both quasi-digital and
irue-di0it3l designs is that they allow fOrooO-
v8Di8Dt, detailed control of the frequency re-
sponse of the hearing aid, including the phase
response. This allows for the possibility of can-
celing acoustic feedback by introducing a can-
cellation signal that is equal in amplitude but
opposite in phase . These designs also have the
potential for providing more effective forms of
adaptive filtering (8 .g .,frequency shaping deter-
mined bythe!nvo!andapeotre!ohapeofthe in-
coming audio signal) than the simpler hybrid
analog-digital instruments.

At present, quasi-digital hearing aids have
capabilities similar to, but not as good as, true-
digital hearing aids . It is also important to bear
in mind that the true-digital era has only just
begun, and the capabilities of this type are likely
to improve significantly with continuing ad-
vances in technology. The potential for imple-
menting more advanced methods of signal
processing is far greater for true-digital hearing
aids than for any other type.

Of the hearing aids shown in Table 1, the
type with the most advanced signal processing
capabilities is the bodyworn, true-digital hearing
aid . It is not cosmetically attractive and is used
primarily as an experimental unit for investigat-
ing new forms of signal processing. Even more
advanced signal processing capabilities are pos-

Table 1.
Expected capabilities of different types of digital hearing aids.
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sible with desk-mounted devices . Experimental
hearing aids of this type can be implemented
relatively easily today using a high-speed DSP
board with A/D and D/A capabilities mounted in
a personal computer. Such experimental de-
vices have proven to be invaluable in exploring
new methods of signal processing for acoustic
amplification (16-19).

The most serious limitation of the body-
worn or desk-mounted true-digital hearing aid
lies not in the technology but in our lack of un-
derstanding of the most effective way of pro-
cessing signals for people with hearing loss.
Extremely sophisticated signal processing tech-
niques can now be implemented using digital
technology, yet despite this capability we have
yet to determine a method of signal processing
that will improve significantly the ability of hear-
ing aid users to hear and understand speech . A
case in point is that of improving speech intelli-
gibility in noise.

Digital Hearing Aids and Noise Reduction
One of the most common complaints of

hearing aid users is that speech is particularly
difficult to understand in noise . Although meth-
ods for improving speech intelligibility in noise
have been investigated by many researchers
over many years, a satisfactory solution has yet
to be found . This is true for persons with both
impaired and unimpaired hearing . The most dif-
ficult case is that in which both speech and
noise are picked up by a single microphone, as
in the vast majority of hearing aids . Our under-
standing of this problem is so limited that we
have not only been unsuccessful in finding a so-
lution, but we do not even know whether it is
possible to improve the intelligibility of speech
in noise by any significant amount.

While it is known that there is an inherent
limit to the amount by which signal-to-noise
ratio can be increased for statistically stationary
signals, such as a tone in random noise, we do
not know if there is a similar inherent limitation
for speech in noise . Neither many noises nor
speech is statistically stationary . Further, an in-
crease in speech-to-noise ratio does not neces-
sarily produce a corresponding improvement in
speech intelligibility (7,20) .

The most common result in experimental
investigations of noise-reducing techniques for
single-microphone systems is that the speech-
to-noise ratio can be improved substantially
(e.g., by as much as 12 dB), but without any cor-
responding improvement in speech intelligibil-
ity (7,21) . In many cases, the improvement in
speech-to-noise ratio is accompanied by a re-
duction in intelligibility . Distortions of the
speech signal introduced by the method of sig-
nal processing can often be more damaging to
intelligibility than background noise.

The experimental evidence is not all nega-
tive. Small improvements in intelligibility have
been observed for some persons with hearing-
impairment under special conditions (7,11,20),
such as signal processing to reduce the spread
of masking. An illustrative example that typi-
cally comes to mind is that of speech partially
masked by a very intense low-frequency noise.
A high-pass filter, or frequency-dependent am-
plitude compression, can be used to reduce the
level of the low-frequency noise, thereby reduc-
ing the upward spread of masking (22) . Al-
though this simple example illustrates a
technique that, in principle, should improve
speech intelligibility, its implementations in
practical hearing aids have seldom produced
the anticipated improvements (23-25) . As in
other forms of noise reduction, lowering the rel-
ative intensity of the low-frequency noise pro-
duced an improvement in overall sound quality,
but without a corresponding improvement in
speech intelligibility.

It is instructive to examine why attempts at
improving speech intelligibility in noise by re-
ducing upward spread of masking have met with
little success in practice . To begin with, a sub-
stantial amount of upward spread of masking is
needed in order to produce a significant reduc-
tion in speech intelligibility over and above the
reduction in intelligibility produced by the noise
without upward spread of masking. If there is no
upward spread of masking, reduction of the
noise level by either low-band compression or
high-pass filtering will reduce the speech signal
by the same amount as the noise : the effective
speech-to-noise ratio will remain unchanged,
and there will be no change in intelligibility.
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In order for a low-frequency

	

to pro-
duce SubSt8Dti8l upward spread of masking, it is
necessary for the noise to be very intense with a
spectrum that falls off rapidly with increasing
frequency. The ambient noises typiC8UyoDCOVn-
ter8d by hearing aid users seldom have these
exact characteristics. With the exception Ofcer-
tain industrial noises (now subject to noise
abatement regulations), the ambient noises en-
countered by most users are not extreme and
typically have spectra that fall off gradually with
frequency. As a consequence, upward spread of
masking for most ambient noises is not suffi-
ciently large to cause a substantial reduction in
speech intelligibility.

Another factor to be considered is that the
fixed frequency response of a properly pre-
scribed hearing aid typically has more gain in
the high frequencies than in the low, thereby re-
ducing any upward spread of masking that may
exist . Thus, there is less room for further im-
provement using adaptive filtering . Another im-
portant practical consideration is that upward
spread masking is greatest in the frequency re-
gion immediately above the noise . Therefore, in
order to effectively reduce upward spread of
masking, the shape of the adaptive filter must
match the spectrum of the interfering low-fre-
quency noise, otherwise frequency components
of the speech signal that are not masked by
noise will be attenuated by the adaptive filter,
leading to a possible reduction in intelligibility.

The above discussion does not rule out the
possibility of improving speech intelligibility in
noise by reducing spread of masking effects, but
it rather explains why relatively simple methods
of attacking this problem, constrained by the
limitations of analog technology (e .g., relatively
crude frequency filtering), have, thus far, met
with little success . Improvements in speech in-
telligibility resulting from a reduction in upward
spread of masking using high-pass filtering have
been demonstrated under carefully controlled
laboratory conditions using an intense low-fre-
quency noise band with a high-frequency roll-off
in excess of 120 dB/octave (26).

It is also important to recognize that spread
of masking can take several different forms and
that upward spread of masking is only part o

the problem . Tempora spread of masking and
intra-component masking within the amplified
speech signal are other forms of masking that
need to be addressed using more advanced
forms of signal processing.

The potential for improving speech intelligi-
bility in noise is substantially greater in systems
using more than one microphone . One ap-
proach to the problem is to use an array of mi-
crophones with their outputs combined, so as to
focus on sound coming from a given direction.
If the speech and noise come from different di-
rections, the array can be focused on the speech
while attenuating the noise. The amount by
which the noise can be attenuated depends on
the spacing of the microphones and the way in
which the microphone outputs are combined.
Substantial improvements in speech-to-noise
ratio (11 dB or larger) with concomitant im-
provements in speech intelligibility have been
obtained using sophisticated adaptive signal
processing techniques (27,28) . Relatively simple
processing techniques have also been devel-
oped yielding improvements in speech-to-noise
ratio in excess Of7 dB (28,30).

An important requirement for these direc-
tional hearing aids is that the speech and noise
come from different directions . If the speech and
noise came from a common source (e .g ., a sin-
gle loudspeaker) the advantage of directionality
is lost. These hearing aids will also be less effec-
tive in a reverberant room . A major practical lim-
itation with the use of microphone arrays to
achieve directionality is the large spacing
needed for the microphones . Very good direc-
tionality can be achieved with large spacing . For
the kind of spacing that could be practical, such
as mounting the microphones on the frame of a
pair of eyeglasses (29,30), the improvement in
directionality is limited, particularly at low fre-
quencies. Nevertheless, the improvement in in-
telligibility that can be obtained using
microphone arrays of this type is still significant.

A major hurdle that still remains is the cos-
metic acceptability of advanced signal-process-
ing hearing aids using microphone arrays . As
noted above, microphone arrays could be
mounted on the frame of a pair of eyeglasses,
thereby reducing the inconvenience and other
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shortcomings of a bodyworn instrument, but it
remains to be seen whether this type of hearing
aid will receive wide acceptance . Cosmetic ap-
pearance is not an overriding concern of all
hea ring aid users, and it is hoped that the ad-
vantages to be gained from the use of advanced
signal-processing instruments embodying Supe-
riOrdir9ctioDG! characteristics will result in suffi-
cient demand for instruments of this type to be
a viable alternative to traditional nondirectional
hearing aids.

An alternative method of multimicrophone
noise reduction is for one or more microphones
to provide information on the nature of the
noise and then to use this information to reduce
the noise in the output of the remaining micro-
Phone(s) . Consider the following example of a
two-microphone noise cancellation system . One
microphone, the primary, picks up speech plus
noise . The second microphone, the reference, is
placed as close as possible to the noise source
and picks up noise only.

The output of the reference microphone is
filtered to adjust for any phase or amplitude dif-
ference that may exist between its input and the
noise in the primary. Once this is accomplished,
the filtered noise from the reference micro-
phone is subtracted from ih8signal OfthSpri-
mary, leaving just the speech : the noise is
canceled.

Since the characteristics of the noise filter
are not known in advance, an adaptive filter is
used that is adjusted systematically until the
noise is canceled . Efficient adaptive algorithms
for noise cancellation using this technique have
been developed by Widrow et al . (31), and this
type of device is sometimes referred to as a
VVidrOvvfi!t8[

The above method of noise cancellation
has been used effectively with many persons,
both with and without hearing impairment
(32,33). A practical limitation of the technique
for hearing aid applications is that the reference
microphone needs to be placed at the noise
source. If, however, the speech and noise
sources are separate and there is flexibility as to
the placement of microphones, it would be both
easier and more efficient to place the primary
microphone at the speech source so that there

is very little, if any, noise to begin with . The lat-
ter approach is, of course, the basic philosophy
underlying the use of FM and infrared systems.
These approaches, however, are not always
pr@otiC8l for typical hearing aid use.

It is possible to use a Widrow filter under
conditions typical of hearing aid use and still
obtain some benefit . Both microphones, for ex-
ample, can be mounted on the head . Although
both pick up speech and noise, the one picking
up more noise than speech can be used as the
reference, and its output can be filtered and
subtracted from the output of the primary so as
to maximize the speech-to-noise ratio.

An experimental evaluation of this concept
showed that with a head-mounted directional
microphone pointing toward the noise source
as the reference microphone, an improvement
in speech-to-noise ratio on the order of 7 dB
vv8Sobtained (17) ./\correspondingly large im-
provement in speech intelligibility was also ob-
tained.

There are, however, limitations with respect
to the implementation of this two-microphone
technique in a practical hearing aid . Although
both can be mounted on the same side of the
head (a useful practical advantage), the use of a
microphone small enough to fit on 8typical BTE
Or!TE hearing aid will result in a much smaller
gain in speech-to-noise ratio . The technique will
also not work well in a highly reverberant room
or if more than Vn8noise iSpresent (18) .An8d-
didOn@!,suitably placed reference microphone
is needed to cancel each additional noise
source.

The processing algorithms for multiple-mi-
crophone systems designed for noise cancella-
tion may, in some cases, be similar to the
algorithms used for microphone arrays with
adaptive directional characteristics (34).
Whichever approach is used, the practical place-
ment of the microphones remains a prOb!8rn.

DIGITAL DEVICES AND ELECTROMAGNETIC
POLLUTION

The digital revolution has affected almost
micro-
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processor-controlled domestic appliances to
large-scale computerization in commerce, in-
dustry, communications, and entertainment.
The wide-scale use of digital technology has
many advantages. Digital chip development,
driven by powerful economic forces, has ad-
vanced at an astounding pace, leading to a
plethora of new devices as well as dramatic im-
provements in older devices. All of this has oc-
curred with remarkable reductions in both the
size and cost of the devices themselves.

The ubiquity of this technology has led to a
growth in the standardization of digital codes
and methods of interconnection . Thus, it is pos-
sible for a personal computer to communicate
not only with another personal computer, but
also to monitor or control other devices . Hear-
ing aid manufacturers have taken advantage of
this trend and have cooperated with each other
in developing common hardware and software
platforms (HI-PRO and NOAH) for programming
digital hearing aids . This development greatly
reduces the cost of developing programming
systems for hearing aids, since relatively inex-
pensive mass-produced personal computers (or
the basic elements thereof) can be used to pro-
gram a digital hearing aid.

There are, however, growing problems re-
sulting from the use of digital technology. [)igi-
t8!sigD8!s are inherently pulsive . Pulse-like
electrical signals are more likely to produce
high-frequency electromagnetic radiation than
steady-state nOnpu!Siv8signals . Aoa conse-
quence, many digital devices generate signals
that interfere with other electronic devices.

With the inexorable trend toward miniatur-
ization, many new digital devices are designed
to be portable, such as laptop computers, hand-
held computer games, and cellular telephones,
resulting in another complicating factor. The
widespread use of these devices, their mobility,
and the use of radio transmitters in many of
them has substantially increased unwanted
electromagnetic signals, creating a new form of
pollution : electromagnetic pollution.

Many hearing aid users have already expe-
rienced audible interference from electromag-
netic pollution (e .g ., the buzz produced by
computer monitors or flickering fluorescent

lights) . A major new source of interference is
the digital cellular telephone . While analog ver-
sions were known to produce some interference
in hearing aids, the amount produced by the
digital phones is much greater. This is because
these typically use a highly pulsive modulation
scheme.

The wires and other metal connectors in a
hearing aid serve as miniature antennae that
pick up high-frequency electromagnetic signals.
Any nonlinearities in the hearing aid circuit will
demodulate these electromagnetic signals, and
demodulated signals from a digital cellular
radio transmission contain significant compo-
nents in the audio frequency range . These com-
ponents are amplified by the hearing aid and
are heard as a buzz . This interference can, in
some cases, be more intense than the amplified
speech signal.

There are three areas of concern relating to
the interaction between hearing aids and cellu-
lar telephones; bystander interference, user in-
terference, and hearing aid compatibility.
Bystander interference occurs when someone
using a cellular telephone is close to a person
unin0o hearing aid. User interference occurs
vvhena person wearing a hearing aid uses a cel-
lular phone. Despite these two sources Ofinter'
ferenCe,itio6!SQnnoeSS8ryforoe!!u!@r
telephones to be hearing aid compatible (HAC).

/\t8!ecoi! is commonly used with tele-
phones in order to convey the audio signal from
the telephone to the hearing aid. The mode of
signal transmission used in 8tG!ooOi! is quite
different from the mode of electromagnetic
transmission, causing audible interference in
the hearing aid . As a consequence, the electro-
magnetic interference in a hearing aid is essen-
tially !ndependBntofvvheth8rthohearing8id
has a telecoil or not . At the same time, if steps
are taken to reduce electromagnetic interference
in a hearing aid, these methods should not re-
duce or modify the desired audio signals picked
up byth8tS!800i! . It should be noted that in ad-
dition to interference produced by the the radio
frequency electromagnetic field, there is also
the possibility of low-frequency interference
from magnetic fields being picked up by the
telecoil .
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There are several ways in which electro-
magnetic interference can be reduced . One
method is to maximize the distance between the
source of interference and the hearing aid . This
may not be too difficult in the case of bystander
interference, although there will be situations in
which sufficient distance cannot be achieved
(e.g .,tvvo passengers sitting next to each other
on a bus, one of whom is using a cellular tele-
phone, the other using a hearing aid).

The problem of user interference is much
more difficult, since the usual method of using a
telephone is to place the telephone handset
next to the ear. It is possible to increase the dis-
tance between the telephone handset and the
hearing aid by using an external device with an
extension cord that plugs into the handset and
conveys the audio signal by means of either a
telecoil or a headset that fits over the hearing
aid, or by means of a special transducer that de-
livers the acoustic signal directly to the ear
oanal instead of to the hearing aid . These exter-
nal devices also include a microphone, so there
is no need to talk into the mouthpiece of the oe!-
!u!Grt8!8phOne.

It is also possible to reduce interference by
increasing the immunity of the hearing aid to
unwanted electromagnetic signals, a process
known as "hardening" the hearing aid . There
are several ways to achieve this. One is to coat
the hearing aid with a metallic substance that
acts as an electromagnetic shield. Another
method is to eliminate the interference electron-
ically by using capacitors that have no effect on
the audio signals but will effectively short circuit
very high-frequency signals, such as the carrier
used by cellular telephones . A third method is
to modify the wiring and physical structure of
the hearing aid . These methods can be com-
bined to maximize immunity to electromagnetic
interference, and hearing aid manufacturers are
actively engaged in developing combinations
for hardening their products.

Digital cellular telephones have only just
been introduced to the United States ; therefore,
the problem is not as severe in this country as it
is in Europe and other countries that have had
them for several years . The Federal Communi-
cations Commission is concerned about electro-

magnetic interference in hearing aids caused by
cellular telephones, particularly the new digital
cellular telephones, and has initiated a process
whereby hearing aid manufacturers, wireless
telephone manufacturers, and consumers are
working together to find practical solutions to
the problem.

In conclusion, the use of digital techniques
in acoustic amplification has a much longer his-
tory than may at first be apparent . Although the
advantages of digital techniques were recog-
nized some time ago, it is only recently that
practical digital hearing aids became a reality.
Even then, the introduction of digital technology
has followed a graduated sequence, from hy-
brid analog-digital hearing aids, to quasi-digital
instruments to true-digital instruments.

The era of the digital hearing aid has only
just begun and further significant advances in the
application of digital technology to hearing aids
are to be expected . One prediction is that the sig-
nal-processing capabilities of digital hearing aids
will increase significantly. Another is that ad-
vances in other areas using digital technology
will find applications in acoustic amplification.

One possible development is that some as-
pects of automatic speech recognition (ASR)
will be incorporated into the more advanced
digital hearing aids of the future . For example,
ASR techniques could be used to recognize
speech in noise and then the speech could be
resynthesized without any background noise
(20,34) . This approach would provide an innova-
tive solution to the very difficult problem ofSim-
Q!o-rnicrOphOne noise reduction . In order for it
to succeed, however, it is necessary to develop
ASR systems that work reasonably well in a
noisy environment . Even if automatic speech
recognition in noise proves to be as intractable
a problem as single-microphone noise reduc-
tion, other aspects of ASR technology could still
be of value in digital hearing aids of the future.

Another possibility is that of improving the
intelligibility of speech for people with severe
hearing-impairment by automatically recogniz-
ing phonetic cues that would otherwise be
missed and then exaggerating the acoustic cor-
relates of these phonetic cues to improve their
recognition by the listener with hearing impair-
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ment. The feasibility of improving speech recog-
nition in a severely hearing-impaired population
using exaggerated acoustic cues has been
demonstrated (35,36) . What remains to be done
is to develop a practical system for automating
this technique.

The most serious limitation in the success-
ful application of advanced digital techniques to
hearing aids, however, is not technological . It is
a fundamental lack of understanding as to how
to process speech (in quiet or in noise) so as to
make it more intelligible to individuals with
hearing impairment. Existing digital technology
has almost unlimited capabilities for processing
speech signals and much basic research is still
needed to develop more effective methods of
processing speech for hearing impairment.

In basic research of this type, the inv8otiga-
t0rShVu!d not be constrained by practical limi-
tations of size and power consumption ; large
desk-mounted experimental hearing aids with
substantial computational capabilities may be
needed for these fundamental studies . Once an
effective new method of signal processing has
been developed, however, the problem of im-
plementing it, or a reasonable approximation of
it, in a practical hearing aid would then need to
be addressed . At this stage, the perennial con-
flict between cosmetics and performance will
reappear. This is likely to happen if hearing aids
with relatively large microphone arrays are in-
troduced. It remains to be seen whether these
larger hearing aids, which are clearly superior in
terms of processing speech in noise, could be-
come a viable alternative to smaller, cosmeti-
cally more acceptable instruments.

A problem of immediate concern to hearing
aid dispensers is that of fitting modern digital
hearing aids . Most fitting procedures, until now,
have focused on the problem of choosing the
right frequency response and output level . Re-
search on how to fit hearing aids with compres-
sion amplification, or other dynamic forms of
amplification, is still in its infancy. There is a
danger that if dispensing audiologists do not
know how to adjust the many variables of mod-
ern digitGl hearing aids, manufacturers will re-
duce the flexibility of their products (i .e ., reduce
the number of variables under the dispenser's

control) so as to make these instruments easier
to fit . This would reduce one of the inherent ad-
vantages of digital hearing aids, that of greater
flexibility in dealing with individual differences
in the fitting of hearing aids . As the signal pro-
cessing techniques used in modern hearing aids
increase in complexity there will be greater
need to take individual differences into account.
For example, dispensers will need to consider
individual differences not only in the selection
of the most appropriate frequency response and
output level, but also in the choice of compres-
sion characteristics and other variables . Loss of
flexibility in dealing with individual differences
will be a sad loss indeed.
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