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noisy environment because speech is a highly redundant
signal and thus even if part of the speech signal is masked
by noise, other parts of the speech signal will convey sufficient information to make the speech intelligible, or at
least sufficiently intelligible to allow for effective speech
communication. There is less redundancy in the speech
signal for a person with hearing loss since part of the
speech is either not audible or is severely distorted
because of the hearing loss. Background noise that masks
even a small portion of the remaining, impoverished
speech signal will degrade intelligibility significantly
because there is less redundancy available to compensate
for the masking effects of the noise. As a consequence,
people with hearing loss have much greater difficulty
than normally hearing people in understanding speech in
noise (1–3).
Hearing aids allow for some degree of signal processing to reduce the effects of noise. The recent development of digital hearing aids opens up substantial new
possibilities with respect to the use of advanced signalprocessing techniques for noise reduction (4,5). Because
of the particularly damaging effects of background noise
on speech intelligibility for people with hearing loss (i.e.,
hearing-aid users) this problem is of critical importance.
The general problem of noise reduction is not new and
has been addressed in great depth by statisticians, physicists, engineers, and others (6–8). The problem is central to
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INTRODUCTION AND GENERAL PRINCIPLES
It is well known that background noise reduces the
intelligibility of speech and that the greater the level of
background noise the greater the reduction in intelligibility. We are able to understand speech in a moderately
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the fields of Information Theory and Coding Theory. As a
consequence, there is a substantial body of theory and
methods of practical implementation that address the problem. Unfortunately, the problem is fundamentally very difficult for the most common types of noise and there are
severe limits as to how much noise reduction is in fact possible. On the positive side, there are special considerations
relating to the joint effects of hearing loss and background
noise on speech intelligibility that allow for the development of signal-processing strategies that may be of benefit
to the hearing-aid user. The objective in developing these
techniques is not so much to reduce background noise, per
se, but to reduce the effects of background noise on speech
intelligibility and overall sound quality (9,10). The purpose
of this paper is to review the issues involved in order to provide a realistic picture of what can be done and likely future
developments.
It is first necessary to define what is meant by noise.
Noise is any unwanted signal that interferes with a
desired signal. Speech is the signal of primary interest in
this discussion and there are three types of noise that are
particularly damaging to speech intelligibility:
1. Random noise with an intensity-frequency spectrum
similar to that of speech.
2. A second interfering voice. Note that the interference
produced by many other voices of roughly equal
intensity (known as speech babble) has physical characteristics similar to that of random noise with a
speech-shaped intensity-frequency spectrum.
3. Substantial room reverberation. Reverberation is produced by sound being reflected off walls, floors, ceilings, table tops, and other hard surfaces. Some
reverberation is helpful in reinforcing the speech signal, but too much reverberation will reduce speech
intelligibility (and overall sound quality), particularly
in the presence of other types of noise.
General principals are very helpful both for specifying the nature of a problem and for identifying possible
ways of addressing the problem. The following two general principles apply to the problem of speech and noise:
The more we know about the speech and noise, the more
we can do to reduce the effects of the noise on the speech;
and, the larger the differences between the speech and the
noise, the more we can do to reduce the effects of the
noise on the speech.
In order to apply these principles to the problem of
noise reduction in hearing aids, it is necessary to have a

basic understanding of how the auditory system processes sound, and the effect of a hearing impairment on this
processing. An in-depth review of auditory signal processing is not possible in the space available, but two
salient issues need to be mentioned.
First, the peripheral auditory system analyzes sound
by means of a bank of overlapping, narrowband filters.
These filters are known as the critical bands of hearing.
The exact shape and width of these filters is still the subject of much research (11–14). For the purposes of this
discussion, however, we can think of these filters as being
similar to a bank of 1/3 octave-band filters, but of slightly narrower bandwidth. Unlike a bank of contiguous filters, however, the critical bands are asymmetric, with
substantial overlap. As a consequence, a critical band
centered on a higher frequency will pick up a low-frequency sound. Noise in a critical band will thus not only
mask signals in that critical band but will also mask, to a
lesser extent, signals in higher-frequency bands (15–17).
This effect, known as upward spread of masking, is relatively small at low noise levels but increases with increasing noise level. It can be quite large at very high levels,
such as that resulting from high-gain amplification of relatively intense background noise.
Secondly, most hearing-aid users have sensorineural
hearing loss. A major problem in providing amplification
for this type of hearing loss is that the dynamic range of
hearing is reduced. Not only is the threshold of hearing
raised as a result of the hearing loss, but the threshold of
loudness discomfort remains the same or is often even
lower than that of normal hearing. Most sensorineural
hearing losses show an elevation of the hearing threshold
that increases with increasing frequency. As a consequence, the dynamic range of hearing (from threshold to
discomfort) is usually much narrower in the high frequencies (18,19).
Any practical method of noise reduction must take
the above factors into account. One way of dealing with
the reduced dynamic range of hearing is to limit the output of the hearing aid in some way. This is necessary
because the gain that is needed to make the weaker
sounds of speech audible will at the same time make the
stronger sounds uncomfortably loud. A simple way of
limiting the output of a hearing aid is to clip the peaks of
the amplified signal whenever they exceed a critical level
(e.g., the loudness discomfort level). Peak clipping, however, introduces substantial nonlinear distortion. An
approach that produces relatively little distortion is to
automatically reduce the gain of the hearing aid substan-
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tially when the amplified sound reaches a critical output
level. This approach is known as compression limiting
and is being used increasingly in modern hearing aids. A
third approach to limiting the output of a hearing aid is to
reduce the gain progressively as the level of the input signal increases. This technique, known as wide dynamic
range (WDR) amplitude compression, can be used to
match the characteristics of the hearing loss not only with
respect to threshold shift and maximum acceptable loudness, but also with respect to the increase of loudness
with intensity within the dynamic range of hearing.
A very useful tool for analyzing the effects of masking, filtering, and hearing loss on speech intelligibility is
the Speech Interference Index (SII; reference 20). This
index is essentially a weighted average of the speech-tonoise ratios in a set of frequency bands that approximate
the critical bands of hearing. The level of the speech
peaks relative to the rms level of the noise (in dB) is used
to determine the speech-to-noise ratio in each frequency
band. Negative speech-to-noise ratios are assigned a
weight of zero since there is no contribution to intelligibility if the noise exceeds the speech in any frequency
band. There is also a maximum contribution to intelligibility for each frequency band. The SII includes the effect
of hearing loss by taking the threshold of hearing into
account. For example, if the speech level is below the
threshold of hearing in any frequency band, then the contribution to intelligibility is zero for that band.
The sections that follow provide illustrative examples of how the general principles cited above are applied
to the problem of noise reduction in hearing aids. The
first example deals with the relatively simple case of a
time-invariant noise that differs in spectral shape from
that of speech. Subsequent examples deal with more difficult problems, such as that of time-varying noises as
well as the complex spectro-temporal characteristics of
speech.

FIXED FILTERS AND TIME-INVARIANT NOISE
Figure 1 shows a typical intensity-frequency spectrum of speech (averaged over time) and a typical intensity-frequency spectrum of a steady-state ambient noise.
The speech and noise spectra differ substantially and it is
possible to eliminate much of the noise and a relatively
small portion of the speech by means of a high-pass filter. Assume, for the purpose of this discussion, that the
high-pass filter attenuates all signals below 1 kHz and

passes without attenuation all signals above 1 kHz.
According to the SII, all frequency bands below 0.4 kHz
have a negative speech-to-noise ratio and make no contribution to intelligibility. Eliminating both speech and
noise in this frequency region will have no effect on intelligibility since the speech is already masked by the noise.
The noise components in this frequency region are also
the most intense, and eliminating these components has
the desired effect of reducing the loudness of the noise
and improving overall sound quality.

Figure 1.
Long-term spectra of speech peaks and steady-state noise.

The high-pass filter, however, also eliminates both
speech and noise in the frequency region between 0.4
kHz and 1.0 kHz. In this region, the frequency spectrum
of the speech is slightly above that of the noise, so a small
contribution to the SII (and hence to the intelligibility of
the speech) is lost. At the same time, the loudness of the
noise is reduced further so that there is a tradeoff between
improved overall sound quality (e.g., a less-annoying
noise) for a small reduction in intelligibility.
In summary, the differences between the speech and
the noise lie primarily in the shape of their frequency
spectra. Since most of the noise power is concentrated in
the low frequencies, the speech is masked in this frequency region and filtering out both speech and noise
over this frequency range will have little or no effect on
intelligibility but will reduce the loudness and annoyance
of the noise; i.e., overall sound quality will be improved.
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If, however, the high-pass filter eliminates frequency
regions in which the speech-to-noise ratio is positive,
even by a small amount, there will be some loss of intelligibility. It is thus of critical importance to match the frequency response of the filter to the spectral
characteristics of the noise.

ADAPTIVE FILTERS AND TIME-VARYING
SPECTRA
The example of the preceding section is highly idealized. The frequency spectra of everyday noises are seldom so different from that of speech and are sufficiently
time invariant that a fixed high-pass filter can effectively
eliminate most of the noise without reducing speech
intelligibility at the same time (21). It is possible to use
adaptive filtering (or frequency-dependent amplitude
compression) to reduce noise levels without a significant
reduction in intelligibility. The method is to obtain an
estimate of the noise spectrum in some way and then to
attenuate those frequency bands in which the noise
exceeds the speech (22,23). This approach can also be
used to reduce reverberation by identifying the frequency
bands with excessive reverberation and then attenuating
those bands (24).
A practical problem in implementing the above
approach is that of obtaining a reasonably accurate estimate of the noise spectrum as it varies over time. One
approach to this difficult problem is to measure the noise
spectrum during pauses or other short breaks in the
speech signal. Since this noise spectrum is obtained over
a short interval of time, it is known as the short-term
noise spectrum. It is assumed that the short-term noise
spectrum does not vary rapidly with time and an appropriate frequency-gain characteristic is then chosen for the
speech plus noise, when the speech is once again present.
The mathematical theory of filtering provides a formula for an optimum filter that will maximize the signalto-noise ratio (25). This filter, known as a Wiener filter,
requires that the spectra of both the signal and the noise
do not vary with time—a requirement that clearly does
not apply to speech. Many speech sounds, however, have
spectra that are approximately constant over short intervals of time. It is thus possible to use a short-term Wiener
filter in which the short-term spectra of the speech and
the noise are assumed not to vary significantly over short
intervals of time. The potential gain in the speech-tonoise ratio, assuming the validity of this assumption, is

relatively small. The gain in signal-to-noise is obtained
separately for each critical band and is small because of
the relatively narrow bandwidths. Short-term Wiener filtering for speech in random noise has thus far not proven
successful for people with normal hearing. There is some
evidence, however, that some people with sensorineural
hearing loss and relatively large critical bands may benefit from short-term Wiener filtering, provided the shortterm speech and noise spectra are obtained reliably (26).
Research in this area is still active.
A variation of the above approach is to take the
short-term noise spectrum obtained during a pause in the
speech and subtract it from the speech-plus-noise spectrum when speech is once again present (27,28). This
technique takes into account time-varying changes in the
short-term speech spectrum but still assumes that the
short-term noise spectrum does not vary significantly
with time. The technique, known as spectrum subtraction,
can improve speech-to-noise ratios for many commonly
encountered ambient noises by as much as 10 or 12 dB,
but without a concomitant improvement in speech intelligibility. This is because the signal processing involved
produces audible distortions, referred to as processing
noise, that counteract the potential improvements in intelligibility resulting from the reduction in background
noise. For listeners who prefer low-level processing noise
to high-level random noise, the technique provides an
improvement in sound quality with no significant change
in intelligibility.
Another approach to the problem, which produces a
much-improved speech-to-noise ratio and improved
sound quality but no significant change in intelligibility,
is that of sinewave modeling (29,30). In this case, the
major peaks in the speech-plus-noise spectrum are
obtained. These peaks, which are frequently located at the
harmonics of voiced speech sounds, consist mostly of
speech, with relatively little noise. The spectral components between these peaks, which consist mostly of noise,
are discarded. The spectral peaks are then converted back
to a time waveform with a much-improved speech-tonoise ratio (approaching 12 dB for speech in white noise),
but with some processing noise.
There have been many attempts over the years at
reducing background noise and improving the speech-tonoise ratio based on spectral differences between the
speech and the noise. Most of these techniques have been
variations of the techniques described above, the best of
which have yielded essentially the same result: improved
speech-to-noise ratio, some processing noise, and no sig-
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nificant change in speech intelligibility (9,10). There
have also been attempts at improving perceived differences in the speech-to-noise ratio by focusing on differences in the temporal properties of speech and noise. In
this case, various combinations of amplitude compression
and expansion with carefully chosen time constants effectively reduce noise levels during pauses in the speech, or
when the speech signal is relatively weak.

effective masking spectrum of the noise. Spread of masking increases with increasing noise level and thus by
attenuating the noise, either by filtering or amplitude
compression, spread of masking is reduced, resulting in
an improved SII which, in turn, should result in an
increase in intelligibility.

REDUCING SPREAD OF MASKING
Advanced signal-processing techniques have had
relatively little success in improving speech intelligibility in random noise for people with normal hearing. There
are, however, some conditions under which speech intelligibility in noise can be improved for people with hearing loss. Most of the positive results that have been
obtained, thus far, have been under carefully controlled
laboratory conditions, but they do point the way to the
development of improved hearing aids for noise reduction. The main focus of these techniques is to reduce
spread-of-masking effects (16,17,31). These effects are
typically greater for hearing-aid users because of the high
sound levels resulting from high-gain amplification.
Significant spread of masking will occur under the
following rather special conditions.
1. The interfering noise must be relatively intense over a
limited frequency region with a rapidly falling spectrum at the boundaries of the noise band.
2. The filter that is used must attenuate only those frequency bands in which the noise exceeds the speech.
3. If the noise spectrum varies with time, an adaptive filter is required that can accurately track the variations
in the short-term noise spectrum.
Figure 2 shows a narrow band of noise of high
intensity in the low frequencies. Most of the noise is concentrated in the frequency region below 0.25 kHz, the frequency spectrum falling off sharply with increasing
frequency above 0.25 kHz. This intense low frequency
noise not only masks weaker signals in the region below
0.25 kHz but will also mask signals at higher frequencies,
as shown schematically by the dashed line in Figure 2.
This dashed line represents the upward spread of masking
produced by the high intensity, low frequency noise. The
SII for the speech and noise spectra shown in the figure
can be derived by simply treating the dashed line as the

Figure 2.
Upward spread of masking produced by an intense low-frequency
band of noise.

Unfortunately, for the types of noise encountered in
everyday life, the predicted increase in intelligibility is relatively small and is often offset by limitations in implementing the appropriate method of signal processing. It is
important to bear in mind that for a hearing aid to be practical it must be cosmetically acceptable; i.e., it must be
extremely small and not noticeable. The most popular hearing aids today are small enough to fit inside the ear canal
and are barely visible to the naked eye. The development of
signal-processing hearing aids of such small size is a
remarkable engineering achievement, but there is a price to
be paid. Amplification systems of extremely small size and
powered by a low voltage source (e.g., a hearing-aid battery) are subject to relatively high levels of internal noise
and nonlinear distortion. In addition, the close proximity of
the input microphone to the output transducer (loudspeaker) results in unstable acoustic feedback under high gain
conditions, thereby adding another significant constraint to
an already difficult engineering problem.
There have been several attempts at developing signal-processing hearing aids for improving speech intelli-
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gibility by reducing spread-of-masking effects. The earliest hearing aids designed to improve speech intelligibility by reducing spread of masking were not successful,
however, largely because the potential gains in intelligibility are small and because imperfections in the electroacoustic characteristics of these instruments (as a
result of the constraints imposed by small size, low voltage, low power consumption) have a greater effect in
reducing speech intelligibility than the gains that could,
in principle, be realized from a reduction in spread of
masking (32–34). Recent advances in the micro-miniaturization of digital signal-processing chips have allowed
for the development of a new generation of signal-processing hearing aids with improved electroacoustic characteristics and much greater flexibility in implementing
adaptive frequency-gain characteristics. Significant
improvements in overall sound quality can be obtained
with these instruments if fitted properly, with possibly a
small improvement in speech intelligibility under specific conditions; e.g., intense background noises with power
concentrated in narrow frequency bands.

Figure 3a.
Speech and noise reaching a microphone from two different directions.

SPATIAL FILTERING
Speech and noise can differ not only in their spectral
and temporal properties, but also in their spatial properties. It is possible to make good use of spatial differences
to improve speech intelligibility using directional microphones or microphone arrays. There are, however, important limitations on how much separation can be achieved
in practice, as is evident from the following example.
Figure 3a shows speech and noise reaching a hearing-aid microphone from two different directions. Both
the speech and the noise are generated in an anechoic
room so that there are no reflections. If an omnidirectional microphone is used (i.e., a microphone that picks up
sound from all directions), both speech and noise will be
picked up simultaneously and there will be a noise interference problem.
If a directional microphone is used (i.e., a microphone that picks up sound from one direction only) it is
possible, in principle, to pick up the speech and eliminate
the noise, as shown in Figure 3b. The heavy lines in the
diagram identify the range of directions from which the
microphone will pick up sound. This is, of course, a very
useful approach but it does not always work well because
microphones that are small enough to fit on a hearing aid
have limited directional capabilities, particularly in the

Figure 3b.
Attenuation of background noise by a directional microphone under
idealized, non-reverberant conditions. The heavy lines show the range
of directions within which sound is picked up by the microphone without attenuation.

low frequencies, and cannot separate speech and noise as
effectively as shown in Figure 3b. There is also the problem of room reverberation.
We typically listen to speech and noise in a room,
and rooms typically have walls, and walls reflect sound.
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Figure 3c shows an example of a single reflection. Some
of the noise is reflected off the top wall, reaching the
microphone after being reflected only once. Sound can
thus reach the microphone in two different ways, by
direct transmission from source to microphone and by
reflections off walls and other surfaces. This is true for
both speech and noise.

Figure 3d.
Reflected sound reaching a directional microphone (multiple reflections).

Figure 3c.
Reflected sound reaching a directional microphone (single reflection
only).

Figure 3d shows two other more-complex sets of
reflections. In one case, noise is reflected off the bottom
wall and then again off the top wall. In another case,
noise is reflected off the bottom wall, the left-hand wall,
and then the top wall before reaching the microphone. As
a result, the sound reaching the microphone will be coming from several directions.
It is still possible to reduce the amount of noise
reaching the microphone by using a directional microphone, but the reduction in background noise is not nearly as great as when there are no reflections. This is
because some of the reflected noise reaches the microphone from the same direction as the speech signal.
A room in which sound is reflected with little attenuation off walls, floors, ceilings, and other hard surfaces
will result in an extremely large number of reflections
reaching the microphone (or ear, for unaided listening).
These multiple reflections are referred to as reverberation. Some reverberation is useful in reinforcing the

speech signal but excessive reverberation will reduce
sound quality with a corresponding reduction in speech
intelligibility.
The problem is more severe for hearing-aid users in
that even moderate amounts of reverberation will not
only reduce the quality of sound received in quiet but will
also add significantly to the reduction in intelligibility of
speech in noise. Further, as shown in Figure 3d, directional microphones are less effective in separating speech
from noise under reverberant conditions (35).
It is possible to improve the directional properties of
a hearing aid by using an array of microphones rather
than a single microphone (36–38). Microphone arrays
can be relatively small, including arrays that are compact
enough to be used with a hearing aid that can fit on or in
the ear. Slightly larger arrays that can be mounted on the
stem of a pair of eyeglasses are capable of significantly
greater directionality. The simplest microphone arrays
add the signals received at each microphone after an
appropriate delay so that the speech signal from each
microphone is added in phase (i.e., the speech signal is
increased in level by the maximum possible amount),
while the noise is not added in phase (i.e., the noise is
increased in level by an amount less than that of speech).
Greater directionality is possible if, in addition to the
delay, the signals are multiplied by a weighting coefficient before being summed. Since the direction of the
speech and noise sources can vary over time, even greater
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improvements can be obtained with an adaptive array that
focuses on the speech source (39).
The potential gain in speech intelligibility using
directional microphone arrays appears to be far greater
than that which can be obtained from differences in the
spectro-temporal characteristics of speech and noise. It
should also be added that the signal processing used in
implementing directional microphone arrays introduces
far less processing noise than that produced by the computationally intensive techniques used for the more
advanced methods of separating speech from noise in
terms of spectro-temporal differences.
Recent advances in the microminiaturization of digital signal- processing chips have made the development
of directional-microphone arrays for hearing aids a practical possibility. There is now an intensive research effort
investigating possible hearing-aid applications of this
technology. Issues being addressed include the development of greater directionality in microphone arrays of
small size while also allowing some flexibility to reduce
directionality as needed; e.g., being able to pick up warning signals from a direction other than that of the speech
signal.

ADAPTIVE NOISE CANCELLATION
As noted in the Introduction, the more one knows
about the speech and noise signals, the more effectively
one can extract speech from noise. If, for example, the
noise waveform is known exactly, then extracting the
speech is a trivial problem. All that is necessary is to simply subtract the known noise waveform from the speechplus-noise waveform and be left with speech only.
There are situations in which the noise waveform
can be identified exactly. Consider the case of a single
noise source in a typical room. It is possible to place a
microphone at the location of the noise source so as to
pick up noise only. A second microphone elsewhere in the
room (e.g., on a hearing aid) will pick up both speech and
noise. In order to subtract the noise from the speech plus
noise picked up by the hearing-aid microphone, it is necessary to take into account the fact that there will be
reflections of the noise off the walls of the room; i.e., by
the time the noise gets to the hearing-aid microphone, the
noise waveform will have changed.
It is possible to process the noise waveform so as to
correct for these reflections. A special-purpose filter can
be used for this purpose. If the filter is designed properly,

subtracting the filtered noise from the speech plus noise
picked up by the hearing-aid microphone will effectively
cancel the noise with only the speech remaining (40). A
system of this type is shown in Figure 4. Since people
typically move around in a room, the pattern of reflections will change, and so it is necessary for the filter to
keep adjusting itself. This method of noise reduction is
known as adaptive noise cancellation.

Figure 4.
Two-microphone adaptive noise cancellation.

Adaptive noise cancellation requires at least two
microphones and, under ideal conditions, at least one
microphone must be placed at the noise source. This is
not very practical for a person wearing a hearing aid. It is
possible, however, to have both microphones mounted on
the head with one microphone picking up more speech
than noise and the other microphone picking up more
noise than speech, as shown in Figure 5 (41,42). If the
adaptive filter is used as before, the noise will not be cancelled completely but the level of the noise will be
reduced. An improved speech-to-noise ratio will result,
with improved intelligibility.
A variation of the above technique is to use a microphone mounted on each ear. Both the sum of, and the difference between, the two microphone signals are
obtained. If speech is coming directly towards the listener and noise is coming from another direction, the sum of
the two microphone signals will reinforce the speech signal, while subtracting the two microphone signals will
cancel the speech, leaving the noise only. This situation is
now equivalent to that of placing one of the microphones
at the noise source to pick up noise only while the second
microphone picks up both speech and noise. The adaptive
noise- cancellation method is then used to cancel the
noise (43).
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Figure 5.
Microphone configuration for a head-worn adaptive noise reduction
system.

Hearing aids using adaptive noise cancellation are
still at an early stage of development. Experimental evaluations of these techniques indicate that they share the
strengths and weaknesses of directional microphone
arrays. They work well when speech and noise come
from different directions and there is relatively little room
reverberation. They do not work well in a highly reverberant environment or with multiple noise sources. There
is the possibility of combining elements of adaptive noise
cancellation with directional microphone arrays to obtain
improved performance. Even if these ongoing developments prove successful it will still be some time before
practical hearing aids embodying this form of noise
reduction become available.

KNOWLEDGE-BASED NOISE REDUCTION
Looking further into the future, it may be possible to
use some aspects of speech-recognition technology to
develop improved forms of noise reduction. Automatic
speech-recognition devices make considerable use of our
knowledge of the speech signal, including phonetic, linguistic, and statistical aspects of speech. Information of

this type is not accessed using conventional methods of
signal processing for noise reduction. It is conceivable
that our knowledge of the non-acoustic properties of
speech could be used to develop more effective methods
of extracting speech from noise. For example, if an automatic speech-recognition device that has been trained on
a specific talker is able to recognize the talker’s speech in
a moderately noisy environment, then the speech that has
been recognized could be re-synthesized without any
background noise. The speech recognition algorithms
used in this process not only use information regarding
the unique acoustic characteristics of that talker’s speech
(as obtained by training the speech-recognition device on
a previous sample of the talker’s speech), but also use a
wealth of phonetic, linguistic, and statistical information
drawn from our knowledge of speech.
Automatic speech recognition in noise is a very
difficult problem, but given the recent rapid advances
being made in this field it is not inconceivable that reasonably reliable automatic speech recognition in moderate amounts of background noise may be possible in the
not-too-distant future. Noise reduction is similarly a
very difficult problem, but there is a fundamental difference in current approaches to these two problems.
Methods of extracting speech from noise have focused
almost entirely on an acoustic analysis of the speech and
the noise. The approach used in automatic speech recognition combines information obtained from an acoustic
analysis with information extracted from a vast body of
knowledge of both the acoustic and non-acoustic properties of speech.
It is significant to note that relatively little progress
has been made in recent years in improving methods of
extracting speech from noise using acoustic analysis only.
It would appear that the limits of the purely acoustic
approach have been reached. In contrast, substantial
advances in automatic speech recognition have been
made in recent years once large data bases became available which, in turn, allowed for the acquisition of considerable detailed information on the acoustic, phonetic,
linguistic, and statistical properties of speech. Further, the
best results in automatic speech recognition are obtained
after the speech-recognition device has been trained on
the speech of a specific talker; i.e., a detailed knowledge
of the specific characteristics of a given talker’s speech is
of great value in automatic speech recognition. The point
being made here is that future significant progress in
extracting speech from noise is unlikely by restricting the
analysis to the speech and noise signals only, without
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drawing on the vast body of information now available on
both the acoustic and non-acoustic properties of speech
including, if possible, information on the specific characteristics of the talker whose speech is being partially
masked by noise.
The speech-recognition speech-synthesis approach
outlined above opens up new avenues of investigation not
only with respect to the possibility of completely eliminating background noise (at least for moderate amounts
of noise) but will also allow for the synthesis of speech,
or reprocessing of speech and noise, so as to improve
intelligibility by enhancing important spectral or temporal aspects of the speech signal that are not clearly perceived as a result of the hearing loss, even when listening
in quiet (44).

Harry Levitt, PhD
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