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(57) ABSTRACT

A system and method for selectively enhancing an audio
signal to make sounds, particularly speech sounds, more
distinguishable. The system and method are designed to
divide an input auditory signal into a plurality of spectral
channels having associated unenhanced signals and perform
enhancement processing on a first subset of the spectral
channels and not perform enhancement processing on a
second subset of the spectral channels. The enhancement
processing is performed by determining an output gain for at
least the first subset of spectral channels based on a time-
varying history of energy of the unenhanced signals asso-
ciated with each channel in the first subset of the spectral
channels and applying the output gain for each of the first
subset of the spectral channels to the unenhanced signals to
form enhanced signals associated with each of the first
subset of the spectral channels. The system and method are
then designed to combine the plurality of enhanced signals
associated with each of the first subset of the spectral
channels and the unenhanced signals associated with each of
the second subset of the spectral channels to form a selec-
tively enhanced output auditory signal.

20 Claims, 4 Drawing Sheets
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1
SYSTEM AND METHOD FOR SELECTIVE
ENHANCEMENT OF SPEECH SIGNALS

STATEMENT REGARDING FEDERALLY
SPONSORED RESEARCH

This invention was made with government support under
Grant No. DC004072 and DCO010601 awarded by the
National Institute of Health. The government has certain
rights in this invention.

REFERENCE TO RELATED APPLICATION
N/A.
FIELD OF THE INVENTION

This invention relates, generally, to audio signal process-
ing and, particularly, to systems and methods for selectively
enhancing speech signals to improve speech recognition by
individuals and automated processes.

BACKGROUND OF THE INVENTION

The art of processing of audio signals spans a wide range
of technologies and efforts. Despite the plethora of signal
processing advancements related to audio signals, the pro-
cessing of audio signals including or created as part of oral
communications and, particularly, human speech remains a
substantial challenge. For example, despite substantial
investments in research and resources, speech processing
and, particularly, speech recognition systems are still quite
limited. These limits are due, at least in part, to the com-
plexities of human speech and a limited understanding of
natural auditory and cognitive processing capabilities. For
example, the ability to recover speech information, despite
dramatic articulatory and acoustic assimilation and coarticu-
lation of speech sounds, poses substantial hurdles to
enhancement of speech signals and automated processing of
the underlying information communicated in speech. These
hurdles are further compounded when, for example, the
individual receiving the speech signals has an impairment.

Reports indicate that only about 20 percent of the more
than 30 million adults with hearing loss in this country
currently use hearing aids, and by 2030 there could be over
40 million adults and over 2 million children with hearing
loss in the United States. The National Council on Aging
indicates that untreated hearing loss of any degree has
significant consequences on people’s social lives, emotional
health, mental health, and physical well-being. Furthermore,
the Better Hearing Institute estimates that earning potential
for individuals with untreated hearing loss is reduced by an
average of $23,000 per year, which is twice as much for
individuals with hearing aids. When multiplied by the num-
ber of American workers with hearing loss, the magnitude of
total annual lost income is staggering. While many factors
are related to these numbers, hearing aid performance is an
important variable as indicated by the finding that only about
half of all users are satisfied with how their hearing aids
perform in noise. Advancements in hearing aid performance
have the potential to improve quality of life for more than 10
percent of the American population as well as productivity
of the average hearing-impaired worker. U.S. Pat. No.
6,732,073 to Kluender et al. provides a substantial summary
of some of the difficulties and impediments to speech signal
processing and enhancement and is incorporated herein by
reference.
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For some time, it has been understood that at least two
components of sensorineural hearing loss (SNHL) reduce
listeners” access to speech information. The first is a loss of
sensitivity, which results in an attenuation of speech. To
overcome a loss of attenuation, the signal simply needs to be
made louder and noise reduced. Accordingly, many hearing
aids focus on using wide dynamic range compression and
various processing strategies to boost the signal-to-noise
ratio, such as noise reduction and directional microphones.
The second component of SNHL is a loss of selectivity,
which results in a blurring of spectral detail, or distortion.
Unfortunately, due to this second component of SNHL,
simple amplification of speech does not necessarily improve
the listeners’ ability to discern the information conveyed in
the speech.

Due to substantial research, it is now established that
listeners with SNHL often have compromised access to
frequency-specific information because spectral detail is
often smeared, or blurred, by broadened auditory filters.
Loss of sharp tuning in auditory filters generally increases
with degree of sensitivity loss and is due, in part, to a loss
or absence of peripheral mechanisms responsible for sup-
pression. It has been learned that in the non-impaired
cochlea different frequency components of a signal serve to
suppress one another, and two-tone suppression has been
cast as an instance of lateral inhibition. Consequently, spec-
tral peaks in the internal representation for hearing-impaired
(HI) listeners, as opposed to normal-hearing (NH) listeners,
are less intense relative to spectral contrast that is reduced
and more susceptible to noise. Not only are spectral peaks
harder to resolve in noise due to reduced amplitude differ-
ences between peaks and valleys, but their internal repre-
sentation is spread out over wider frequency regions
(smeared), resulting in less precise frequency analysis, blur-
ring between frequency varying formant patterns, and ulti-
mately in greater confusions between sounds with similar
spectral shapes.

Simultaneous spectral contrast is the intensity difference
between peaks and valleys in the spectral shape of different
speech sounds. Spectral peaks (formants) reflecting vocal
tract resonances are important acoustic features that help
define the identity of many speech sounds. A number of
experimental techniques confirm that the internal represen-
tation of spectral contrast for steady state speech sounds, like
vowels, is reduced in HI compared to NH listeners. For
example, it has been found that peaks in vowel masking
patterns for HI listeners were not resolved as well as for NH
listeners, and that peak frequencies in the internal represen-
tations were often shifted away from their corresponding
formant frequencies.

Decreased signal-to-noise ratios in the internal spectrum
also results from auditory filters broadened by SNHL. Oth-
ers found a relationship between HI listeners’ estimated
auditory filter bandwidths in the region of the second
formant (F2) and the amount of spectral contrast needed to
identify vowels in noise. These findings indicate that noise
effectively reduces internal spectral contrast and that del-
eterious effects of noise can be offset to some extent by an
increase in spectral contrast. Similarly, it has been indicated
that there is a general trading relationship between spectral
resolution and the amount spectral contrast needed for vowel
identification.

As stated, historically, the primary function of hearing
aids is to make speech in regions of hearing loss comfortably
audible. Unfortunately, in this effort, hearing aids can
increase the blurring of detailed frequency information by
reducing internal representations of spectral contrast in at
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least three ways: 1) high output levels; 2) positive spectral
tilt; and 3) compression (decreased dynamic range).

First, it is well known that auditory filter tuning is level
dependent. Even NH listeners experience decreased fre-
quency selectivity at high levels needed to overcome sen-
sitivity loss for HI listeners. In ears with SNHIL, high
presentation levels contribute to further reductions in fre-
quency tuning and greater smearing of spectral detail
already associated with the loss of nonlinear mechanisms.

Second, hearing aids typically provide high-frequency
emphasis, or a positive spectral tilt, to compensate for
increases in hearing loss with frequency. However, it has
been indicated that positive spectral tilt for NH listeners
actually reduces the internal representation of higher fre-
quency formants and increases the need for greater spectral
contrast. Thus, it has been hypothesized that this might occur
because internal representations of some formants are char-
acterized by ‘shoulders’ rather than peaks—as a spectral
‘irregularity’ on the skirt of a more intense formant. Using
an auditory filter model, it has been demonstrated that
increases in spectral tilt raise the probability that a formant
will be represented as a shoulder rather than a peak (similar
to increases in filter bandwidth), but suppression can serve
to convert (enhance) some of these shoulders into peaks. It
is likely that negative effects of increased spectral tilt in NH
listeners are exacerbated in HI listeners with already poor
auditory filter tuning and reduced/absent mechanisms for
suppression.

Third, it has long been suspected that multichannel com-
pression in hearing aids, which is designed to accommodate
different dynamic ranges of audible speech with frequency,
has the potential to reduce spectral contrast and flatten the
spectrum, especially when there are many independent
channels and/or high compression ratios. Notably, several
studies have found that compression across many indepen-
dent channels increases errors for consonants differing in
place of articulation, which can be highly influenced by
subtle changes in spectral shape. Some have not only
reported a significant decrease in vowel identification with
an increase in independent compression channels, but also
found that identification and number of channels were each
directly related to acoustic measures of spectral contrast.

Spectral contrast is not only important for detecting
differences between static spectral shapes, but also for
detecting changes, which are made more subtle by coarticu-
lation in connected speech. For example, considering the
case of a formant that ends with closure silence and begins
again (after closure) at a slightly higher or lower frequency.
For the HI listener, there would be no perceived difference
in the offset and onset frequencies, as both would be
processed by the same broadened auditory filter (i.e., the
change in frequency across time would be blurred). Such
would not be the case for the NH listener. Instead, contras-
tive process operating across time would serve to “repel”
these spectral prominences making them more distinct. Most
conventional hearing aid processing strategies are designed
to increase audibility of speech information and to improve
signal-to-noise ratio by manipulating relative intensities of
speech and noise. Unfortunately, these processing strategies
do not adequately address the challenges of listeners with
mild SNHL who experience reductions in spectral contrast
as a consequence to the intensity manipulations of the
processing, nor the challenges of listeners with moderate to
severe hearing loss who suffer from additional reductions in
spectral contrast and increased distortion arising from
cochlear damage and broadened auditory filters.
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Like hearing aid users, spectral blurring experienced by
cochlear implant (CI) listeners is attributable to impaired
cochlear/neural functioning and to device processing that is
necessary to accommodate the impairment. Severe ampli-
tude compression is needed to fit the relatively large
dynamic range of speech (about 50 dB, including the effects
of vocal effort) into a restricted dynamic range of electrical
stimulation (often, 5-15 dB). Furthermore, a limited number
of useable electrodes (typically, between 6 and 22) are
available to CI listeners, who most often cannot take full
advantage of even this limited spectral information provided
by their electrode arrays. This is demonstrated by speech
tests in quiet and in noise and by tests measuring discrimi-
nation of spectral ripples where performance as a function of
number of active electrodes asymptoted at 4-7, even though
the CI listeners could use a greater number in isolation for
simple pitch and level discriminations. Thus, the effective
number of channels for spectrally rich sounds like speech is
less than the number of active electrodes.

Limited use of available spectral detail in patterns of
stimulation from the CI processor is likely due to the
reduced specificity of stimulation attributable to current
spread, and to decreased survival and function of spiral
ganglion cells. Consequently, compared to NH listeners, CI
listeners need, for example, at least 4-6 dB greater spectral
contrast for vowel identification in quiet and need even
greater signal-to-noise ratios (SNRs) for speech in noise.
Tests using NH listeners with simulated CI processing
(vocoded speech) indicate that while as few as 8-12 channels
might be sufficient for very good speech understanding in
quiet. As many as 20 might be needed to adequately under-
stand speech in contexts known to be exceptionally chal-
lenging for CI listeners, particularly, competing background
noise, multiple talkers, and low linguistic redundancy. As
with hearing aid users, transient burst onsets and rapid
formant frequency changes that distinguish consonants dif-
fering in place of articulation are most troublesome for CI
listeners.

To aid speech understanding in noise, some devices
include noise reduction schemes and directional micro-
phones. CI coding strategies, like spectral peak coding
strategy (SPEAK) for example, analyze incoming speech
into a bank of filters (e.g., 20) and use the outputs from a
small number of them (e.g., 6) to stimulate corresponding
places on the electrode array. CI listeners largely rely on
relative differences in across-channel amplitudes to detect
formant frequency information, and this is especially prob-
lematic when there is competing noise or a small number of
effective channels. Furthermore, because nonlinear pro-
cesses are abolished either by the impairment itself or by
placement of the electrode array, natural spectral enhance-
ment is also lost.

Thus, systems and methods for speech processing and
recognition and systems and methods for manipulating
audio signals including speech to improve the understanding
of HI and CI listeners must balance a wide variety of
variables and unknowns and continue to have long-standing
need for improvement.

SUMMARY OF THE INVENTION

The present invention provides a system and method for
audio signal enhancement for speech processing and/or
recognition and enhancement. Unlike traditional systems,
the present invention recognizes that, although counterin-
tuitive, contrast enhancement, when applied across the entire
spectrum and/or when not applied in a highly-selective or
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judicious manner, can actually impede a listener’s or other
recipient’s ability to understand the underlying speech. The
present invention provides a system and method to selec-
tively manipulate or augment portions of an audio signal, for
example, to allow portions of the audio signal to be
enhanced and other portions of the audio signal to be
unenhanced or enhanced differently. Accordingly, the pres-
ent invention can be used so as to, at least, not reduce an
ability of a receiving entity to process the unenhanced or
differently-enhanced portions of the audio signal.

In accordance with one aspect of the present invention, a
hearing aid system is provided that is configured to be
coupled with an ear of an individual to selectively enhance
an acoustic signal to be received by the ear of the individual.
The system includes a microphone configured to receive the
acoustic signal and generate an analog electrical signal
responsive thereto and an analog-to-digital converter con-
figured to receive the analog electrical signal and convert the
analog electrical signal into a digital input signal. The
system also includes a signal processor configured to receive
the digital input signal and programmed to divide the digital
input signal into a plurality of spectral channels having
associated unenhanced signals. The signal processor is also
configured to perform enhancement processing on a first
subset of the spectral channels having associated unen-
hanced signals corresponding to a pathological response
range of the ear of the individual and not perform enhance-
ment processing on a second subset of the spectral channels
having associated unenhanced signals outside the pathologi-
cal response range of the ear of the individual. Furthermore,
the signal processor is configured to combine the plurality of
enhanced signals associated with each of the first subset of
the spectral channels and the unenhanced signals associated
with each of the second subset of the spectral channels to
form a selectively enhanced output signal. The system also
includes an output device configured to receive the selec-
tively enhanced output signal and communicate the selec-
tively enhanced output signal to the individual through the
ear of the individual.

In accordance with another aspect of the present inven-
tion, a method is provided to divide an input auditory signal
into a plurality of spectral channels having associated unen-
hanced signals and perform enhancement processing on a
first subset of the spectral channels and not perform
enhancement processing on a second subset of the spectral
channels. The enhancement processing is performed by
determining an output gain for at least the first subset of
spectral channels based on a time-varying history of energy
of the unenhanced signals associated with each channel in
the first subset of the spectral channels and applying the
output gain for each of the first subset of the spectral
channels to the unenhanced signals to form enhanced signals
associated with each of the first subset of the spectral
channels. The system and method are then designed to
combine the plurality of enhanced signals associated with
each of the first subset of the spectral channels and the
unenhanced signals associated with each of the second
subset of the spectral channels to form a selectively
enhanced output auditory signal.

In accordance with another aspect of the present inven-
tion, a system for selectively enhancing an acoustic signal is
provided that includes a microphone configured to receive
an acoustic signal and generate an analog electrical signal
responsive thereto and an analog-to-digital converter con-
figured to receive the analog electrical signal and convert the
analog electrical signal into a digital input signal. The
system also includes a signal processor configured to receive
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the digital input signal and programmed to divide the digital
input signal into a plurality of spectral channels having
associated unenhanced signals and perform enhancement
processing on a first subset of the spectral channels and not
perform enhancement processing on a second subset of the
spectral channels. The signal processor is also programmed
to combine the plurality of enhanced signals associated with
each of the first subset of the spectral channels and the
unenhanced signals associated with each of the second
subset of the spectral channels to form a selectively
enhanced output signal. The system also includes an output
device configured to receive the selectively enhanced output
signal and communicate the selectively enhanced output
signal.

Additional features and advantages of the present inven-
tion will be apparent from the following detailed description
taken in conjunction with the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a schematic block diagram of an electronic
hearing aid device configured to selectively enhance an
audio signal in accordance with the present invention.

FIG. 2 is a schematic block diagram of a speech recog-
nition system configured to selectively enhance an audio
signal in accordance with the present invention.

FIG. 3 is a flow chart setting forth the steps of a method
for selective enhancement of audio signals in accordance
with the present invention.

FIG. 4 is a schematic illustration of an exemplary archi-
tecture for selectively enhancing an audio signal in accor-
dance with the present invention.

FIGS. 5a-5¢ are graphs illustrating selective spectral
contrast enhancement to a plurality of channels in accor-
dance with the present invention.

DETAILED DESCRIPTION OF THE
INVENTION

The present invention provides a system and method for
using contrast enhancement (CE) algorithm that is specifi-
cally designed to confine enhancement to portions of the
spectrum and allow those portions to be selected and highly
customized. For example, a CE algorithm may be employed
that is designed to enhance spectral differences between
adjacent sounds and thereby improve speech intelligibility
for hearing impaired (HI) listeners by enhancing signature
kinematic properties of connected speech, but is restricted to
being applied to portions of the audio spectrum. The CE
algorithm may be designed to achieve enhancement of
spectral contrast across time, or successive spectral contrast,
in addition to enhancement of simultaneous spectral con-
trast.

The present invention may be employed in electronic
hearing aid devices for use by the hearing impaired, par-
ticularly for purposes of enhancing the spectrum such that
impaired biological signal processing in the auditory brain-
stem is restored. This process enhances spectral differences
between sounds in a fashion mimicking that of non-patho-
logical human auditory systems. The process imitates neural
processes of adaptation, suppression, adaptation of suppres-
sion, and descending inhibitory pathways, and does not
impede functions that are more akin to natural, non-impaired
processes by selectively controlling the enhancements. The
present invention makes sounds, particularly speech sounds,
more distinguishable to listeners and other receivers. Thus,
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the present invention is applicable to uses other than hearing
aids, such as speech recognition systems.

The present invention recognizes that, for many HI lis-
teners, amplification is used to make a signal audible, but
because of limited dynamic range, spectral resolution dete-
riorates at amplified presentation levels. The invention
addresses this problem by the manipulation of the spectral
composition of the signal to overcome some of the loss of
spectral resolution, and to substitute to some extent for
additional amplification (which becomes deleterious at
higher levels). By selectively applying such enhancements,
the present invention avoids the common problems caused
by enhancements applied to the entire dynamic spectrum.

Referring to FIGS. 1 and 2, the present invention may
include a hearing aid apparatus 10 as illustrated in FIG. 1 or
a speech recognition system 30 as illustrated in FIG. 2. For
purposes of illustration, a general hearing aid system 10
includes a microphone 12 for receiving audio signals and
converting the signals into electrical signals, an amplifica-
tion and filtering component 14, an analog-to-digital con-
verter 16, a signal processor 18, a digital-to-analog converter
20, additional filters and amplifiers 22, and an output device
24, such as a cochlear implant or a speaker that converts the
amplified signal to sound for the hearing impaired listener.
Similarly, the speech recognition system 30 may receive
sound from a microphone 32 that converts the sound to an
analog signal presented to an amplifier and filter 34, the
output of which is provided to an analog-to-digital converter
36, which provides digital data to a signal processor 38. The
signal processor 38 in this case may be implemented in a
general purpose computer. Alternatively, recorded signal
data may be provided from a recording system 40 directly to
the signal processor 38. The output of the signal processor
38 is provided to a speech recognition system 42, which
itself may be a general purpose computer (and the speech
recognition system 42 and the signal processor 38 may both
be implemented using the same computer), with the output
of the speech recognition system 42 provided to output
devices 44 (hard copy, video displays, etc.), or to digital
storage media 46.

As will be described, the present invention provides a
contrast enhancement algorithm and selective control
mechanism designed to manipulate the spectral composition
of speech sounds across time such that spectral prominences
(formants) are spread apart in frequency in an effort to make
them sufficiently distinct to overcome spectral blurring that
occurs with a combination of SNHL, background noise,
increased presentation levels, high-frequency gain, and mul-
tichannel compression. However, unlike traditional systems,
the present invention recognizes that, although counterin-
tuitive, contrast enhancement, when applied across the entire
spectrum and/or when not applied in a highly selective,
judicious manner, can actually impede a listener’s or other
recipient’s ability to understand the underlying speech. To
provide a high degree of contrast without a corresponding
degradation or distortion created by applying contrast
enhancement to, for example, portions of the spectrum that
may not substantially benefit from enhancement or, when
considering the entire spectrum, may ultimately reduce the
overall contrast, the present invention is designed to selec-
tively apply enhancement.

Where auditory filtering is relatively normal, any signal
manipulation including contrast enhancement distorts infor-
mation and perceived “naturalness.” Traditional attempts to
improve speech recognition in HI listeners via simultaneous
spectral enhancement employed enhancement uniformly
across the spectrum, which is one likely reason for their
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less-than-favorable outcomes. The present invention pro-
vides systems and method for customized enhancement so
that it is present, for example, only where there is significant
hearing loss. For example, for listeners with mild low-
frequency hearing loss sloping to moderately severe in the
high frequencies, a uniform degree of enhancement might be
too great in the low frequencies, thereby unacceptably
distorting the signal (e.g., increasing F1 intensity too much,
contributing to upward spread of masking of F2), but still
insufficient in higher frequencies where it is needed most.
Customization of spectral enhancement represents a signifi-
cant innovation over prior methods.

Referring now to FIG. 3, a flow chart is provided that
illustrates the steps of a selective enhancement method 50 in
accordance with the present invention. As illustrated, the
present method can be broken into a plurality of sub-
components, including signal decomposition into a plurality
channels 52, selective application of enhancement 54,
weighting of channel output according to time via a dynamic
compressive gain function 56, weighting of channel gain
within frequency neighborhoods via an inhibitory network
58, and signal synthesis 60.

Referring now to FIGS. 3 and 4, the specific steps of this
method 50 and an overview of a system architecture 62 for
implementing the method 50 will be described. At process
block 64, an input signal, x(t), is received and filtered into
a plurality of narrowband channels (e.g., 100-Hz band-
width), H,(jw). Narrow filters are desirable for manipulating
amplitudes of individual harmonics including formants to
sharpen simultaneous spectral contrast and to enhance suc-
cessive spectral differences across time. That is, narrow
filters are desirable for increasing peak harmonic amplitude
and decreasing amplitudes of immediately adjacent harmon-
ics and skewing peak harmonic energy away from where
formant energy had been in the immediate past.

Thereafter, at process block 66, channel selection for
enhancement is applied. Specifically, after the input acoustic
signal, x(t), is divided into a plurality of spectral channels at
process block 64, channel selection for enhancement is
applied such that only some of the channels are selectively
enhanced. It is contemplated that this may be achieved, for
example, using a block Toeplitz submatrix. The block
Toeplitz submatrix may be constructed such that the spectral
channels that remain unprocessed are instantiated by an
identity submatrix. The channels that are selectively pro-
cessed correspond to negative off-diagonal entries, for
example, as illustrated in the following exemplary subma-
trix:

100 000 000
\0 1 0] 000 000
001 000 000
000 1 -2 0 0 00
000 -2 1 =2 0 00
000 0 -2 1 -2 00
000 00 -2 1 -2 0
000 00 O -2 1 =2
000 00 O 0 -2 1

Thereafter, at process block 68, a weighted time history
(e.g., 30-300 ms buffer) of the energy passing through each
channel to be enhanced is converted into an RMS value. This
adaptation stage can be implemented using dynamic com-
pression with a nonlinear convex loss function, such that



US 9,706,314 B2

9

more recent energy passing through a channel is given
greater weight than earlier occurring energy (i.e., a leaky
temporal integrator).

At process block 70, the RMS value of the weighted
history is converted to a gain factor for the associated
channel. For example, the RMS value of the weighted
history may be subtracted from unity (1) to yield a gain
factor for that channel. The greater the weighted history of
energy, the smaller the gain is. Maximum gain (1) is
assigned when the weighted history is zero. In this way,
processes of adaptation are mimicked and contribute to
competition between channels.

Thereafter, at process block 72, processes of lateral inhi-
bition are simulated. This may be achieved in the way gain
is balanced across weighted frequency neighborhoods of
channels. To this end, it is contemplated that a winner-take-
all circuit may be used to simulate a biological network of
inhibitory sidebands. Energy in a channel with a relatively
high gain factor is increased at the expense of a decrease in
adjacent channels with relatively low gain factors. In
essence, the channel activities “compete” on a moment-by-
moment basis.

The collective effects of the windowed RMS calculation
(dynamic compressive gain) and lateral interactions within
frequency neighborhoods results in a form of forward
energy suppression specifically designed to enhance the
spectrum across time. When an individual channel has
relatively high energy in the past, it will tend to suppress its
current energy under the condition that its neighboring
channels were low in energy. This form of suppression will
have the effect of sharpening dynamic modes in the spec-
trum, especially onsets, while flattening those that are rela-
tively steady state, and in this way, will serve to enhance
temporal contrasts. Enhancement of temporal contrasts in
speech can especially aid stop consonant perception by
emphasizing low-intensity transient energy characteristic of
burst onsets and rapid formant transitions.

Consider the case of a single formant traversing fre-
quency. As the formant increases in frequency, the CE
algorithm successively attenuates lower-frequency filters
through which the spectral prominence has already passed.
This has two consequences. First, the shoulder on the
low-frequency side of the formant will be sharpened because
that is where the most energy was immediately prior. This
will serve to “sharpen” the spectrum as compensation for
“blurring” caused by an impaired cochlea. Second, the
effective frequency (center of gravity) of the formant peak
will be skewed away from where the formant had been
before. Consequently, successive contrast will be imposed
on the signal (spreading successive formants apart in fre-
quency). It also is the case that a formant transition will be
“accelerated” via this process. Because the CE algorithm
successively attenuates the low-frequency shoulder, the
effective slope of the processed formant becomes steeper.

The analysis and synthesis components of the above-
described contrast enhancement method and circuit may
employ a polyphase decomposition and oversampled dis-
crete Fourier transformed (DFT) modulated filters. That is,
as described, the input signal may be first decomposed into
a plurality of subbands and CE performed within neighbor-
hoods of subbands, then the subband process can be reversed
to reconstruct the output signal. A subband scheme can
utilize an analysis filter bank that splits the input into a set
of M narrowband signals that are typically downsampled
(decimated) by some factor N leading to more efficient
processing. Intermediate processing can be performed and
the constituents subsequently combined using a synthesis
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filter bank that is then upsampled (interpolated) by a factor
of N. If no intermediate processing is performed, it is
generally acknowledged that the input can be perfectly
reconstructed at the output of the circuit along with some
measure of pure delay. The M subband filters are derived by
frequency shifting a well-constructed prototype low-pass
filter h[t]. Polyphase decomposition groups the analyzing
prototype filter h[t] into M subsequences prior to Fourier
transformation. This segmented representation allows rear-
rangement of the filtering computations and increases the
speed of processing approximately M-fold. The output sig-
nal is then reconstructed using a synthesis bank containing
the inverse DFT matrix and the reconstruction matrix.

Referring again to FIGS. 3 and 5, at process block 74, the
channels are combined together with phase information to
yield a selectively, contrast-enhanced signal, y(t). Keeping
in mind that, as described above, the block Toeplitz subma-
trix may be constructed such that the spectral channels that
remain unprocessed are instantiated by an identity subma-
trix, the reconstruction of the channels into the selectively
contrast-enhanced signal, y(t), is achieved by combining the
plurality of enhanced signals and the unenhanced signals.

Specifically, referring to FIGS. 5a-5¢ and the above-
described selective application of the enhancement algo-
rithm, it can be seen that the contrast-enhanced signal, y(t),
can be highly controlled such that enhancement is only
applied as desirable. Specifically, the block Toeplitz subma-
trix described above is illustrated as having been flipped in
FIG. 5a. The synthetic acoustic signal decomposed into
subbands is shown unprocessed in FIG. 55 and is illustrated
as having been selectively processed by using the above-
described modified Toeplitz matrix. As illustrated when
comparing FIGS. 5b and 5¢, channels 1 to 30 remain
unchanged, and 31 to 100 are significantly sharpened as a
consequence of contrast enhancement. Thus, as illustrated,
in the present invention, by recognizing that, for example,
impairment rarely extends across the entire frequency range
of hearing, and providing a highly-controllable mechanisms
for controlling enhancement, provides the ability to restrict
the contrast enhancement to only the pathological channels.
For example, most commonly, hearing loss is most severe at
higher frequencies; although, listeners can have selective
losses at other frequencies. The present invention allows
selection and user-adjustment of those areas that are to be
enhanced and those that will remain unenhanced.

The above-described systems and method for selective
contrast enhancement may be coupled with a variety of
additional processing techniques. For example, nonlinear
frequency compression remaps high-frequency information
above a certain start frequency into a smaller bandwidth,
while leaving low frequencies below the start frequency
unaltered. This represents an advance in hearing aid pro-
cessing. One limitation to this new technology is that
spectral contrast between peaks in the spectrum is reduced,
thereby exacerbating the already limited spectral resolution
of the impaired cochlea. Pre- or post-processing, frequency-
compressed speech coupled with the above-described selec-
tive CE systems and methods help overcome some of this
reduction in spectral contrast and allows one to effectively
select the areas of compression and areas of remapped
high-frequency information without disturbing areas of the
spectrum that an impaired individual is capable of process-
ing substantially normally.

Similarly, because many sources of background noise
tend to be stationary and because the present CE algorithm
attenuates static spectral features, noise reduction is a natural
byproduct of the processing that could augment or replace
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existing noise reduction strategies (e.g., spectral subtrac-
tion). Along a similar line of reasoning, a persistent spectral
peak associated with acoustic feedback in hearing aids could
be eliminated with the CE algorithm and replace other, less
desirable, feedback cancellation strategies, such as, notch
filtering and a reduction in much needed high-frequency
gain. Yet again, the above-described selective CE systems
and methods allow one to select areas of processing and
others to remain substantially unprocessed.
Thus, the present invention recognizes that impairments
rarely extends across the entire frequency range of hearing.
Rather, most commonly, hearing loss is most severe at
specific frequencies, such as higher frequencies; although,
listeners can have selective losses at other frequencies.
Similarly, the present invention recognizes that normal
receivers rarely benefit from enhancements or the like being
applied across the full listening spectrum. For example, such
“enhancement” signal processing often introduces distor-
tion. With this recognition in place, the present invention
provides a system and method to restrict contrast enhance-
ment to only, for example, “pathological” channels or other
designated channels that can benefit from enhancement
without being overridden by distortion or other negative
effects.
It is understood that the present invention is not limited to
the specific applications and embodiments illustrated and
described herein, but embraces such modified forms thereof
as come within the scope of the following claims.
What is claimed is:
1. A hearing aid system configured to be coupled with an
ear of an individual to selectively enhance an acoustic signal
to be received by the ear of the individual, comprising:
a microphone configured to receive the acoustic signal
and generate an analog electrical signal responsive
thereto;
an analog-to-digital converter configured to receive the
analog electrical signal and convert the analog electri-
cal signal into a digital input signal;
a signal processor configured to receive the digital input
signal and programmed to:
divide the digital input signal into a plurality of spectral
channels having associated unenhanced signals;

identify a first subset of the spectral channels having
associated unenhanced signals corresponding to a
pathological response range of the ear of the indi-
vidual;

identify a second subset of the spectral channels having
associated unenhanced signals outside the pathologi-
cal response range of the ear of the individual;

perform enhancement processing on the first subset of
the spectral channels and not perform enhancement
processing on any of the second subset of the spec-
tral channels; and

combine the plurality of enhanced signals associated
with each of the first subset of the spectral channels
and the unenhanced signals associated with each of
the second subset of the spectral channels to form a
selectively enhanced output signal; and

an output device configured to receive the selectively
enhanced output signal and communicate the selec-
tively enhanced output signal to the individual.

2. The system of claim 1 wherein the pathological
response range corresponds to an audio frequency range
within which the ear of the individual has a pathological
response.

3. The system of claim 1 wherein the output device
includes a speaker.
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4. The system of claim 1 wherein the output device
includes a cochlear implant.

5. The system of claim 1 wherein the signal processor is
configured to use a channel selection criteria designated by
a matrix corresponding to the plurality of spectral channels
to perform enhancement processing on a first subset of the
spectral channels and not perform enhancement processing
on a second subset of the spectral channels.

6. The system of claim 5 wherein the matrix includes a
block Toeplitz submatrix configured to make the second
subset of the spectral channels instantiated by an identity
submatrix.

7. The system of claim 1 wherein the signal processor, to
perform enhancement processing, is further programmed to:

determine an output gain for at least the first subset of
spectral channels based on a time-varying history of
energy of the unenhanced signals associated with each
channel in the first subset of the spectral channels; and

apply the output gain for each of the first subset of the
spectral channels to the unenhanced signals associated
with the respective channel in the first subset of the
spectral channels to form enhanced signals associated
with each of the first subset of the spectral channels.

8. A method for selectively enhancing an auditory signal,
comprising the steps of:

(a) dividing an input auditory signal into a plurality of
spectral channels having associated unenhanced sig-
nals;

(b) performing enhancement processing on a first subset
of the spectral channels and not performing enhance-
ment processing on any of a second subset of the
spectral channels, wherein the enhancement processing
includes:

(1) determining an output gain for at least the first subset
of spectral channels based on a time-varying history
of energy of the unenhanced signals associated with
each channel in the first subset of the spectral chan-
nels; and

(ii) applying the output gain for each of the first subset
of the spectral channels to the unenhanced signals
associated with the respective channel in the first
subset of the spectral channels to form enhanced
signals associated with each of the first subset of the
spectral channels; and

(c) combining the plurality of enhanced signals associated
with each of the first subset of the spectral channels and
the unenhanced signals associated with each of the
second subset of the spectral channels to form a selec-
tively enhanced output auditory signal.

9. The method of claim 8 wherein step (b) includes
applying a channel selection criteria designated by a matrix
corresponding to the plurality of spectral channels.

10. The method of claim 9 wherein the matrix includes a
block Toeplitz submatrix configured to make the second
subset of the spectral channels instantiated by an identity
submatrix.

11. The method of claim 8 wherein a magnitude of the
output gain for each of the first subset of spectral channels
is inversely related to the history of energy of the unen-
hanced signals associated with each channel in the first
subset of the spectral channels.

12. The method of claim 8 wherein the step (a) includes
the step of applying the input auditory signal to a plurality
of polyphase multirate filters.

13. The method of claim 8 wherein the step (b)(i) includes
the steps of determining a weighted energy history for each
channel based on the time varying history of the energy in
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the channel, converting the weighted energy history into an
RMS history weighting value, and determining the output
gain for the channel using the RMS history weighting value.
14. The method of claim 13 wherein the step of deter-
mining the weighted energy history for each channel
includes weighting more recent energy in the channel more
heavily than less recent energy in the channel.
15. A system for selectively enhancing an acoustic signal,
comprising:
a microphone configured to receive an acoustic signal and
generate an analog electrical signal responsive thereto;
an analog-to-digital converter configured to receive the
analog electrical signal and convert the analog electri-
cal signal into a digital input signal;
a signal processor configured to receive the digital input
signal and programmed to:
divide the digital input signal into a plurality of spectral
channels having associated unenhanced signals;
perform enhancement processing on a first subset of the
spectral channels and not perform enhancement pro-
cessing on a second subset of the spectral channels,
the spectral channels in the first subset of the spectral
channels and the spectral channels in the second
subset of the spectral channels being mutually exclu-
sive; and
combine the plurality of enhanced signals associated
with each of the first subset of the spectral channels
and the unenhanced signals associated with each of
the second subset of the spectral channels to form a
selectively enhanced output signal; and
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an output device configured to receive the selectively
enhanced output signal and communicate the selec-
tively enhanced output signal.

16. The system of claim 15 wherein the output device
includes a speaker configured to communicate the selec-
tively enhanced output signal as an acoustic signal.

17. The system of claim 15 wherein the output device
includes a digital-to-analog converter configured to convert
the selectively enhanced output signal to an analog electrical
output signal.

18. The system of claim 15 wherein the microphone,
analog-to-digital converter, and signal processor system are
contained in a hearing aid.

19. The system of claim 15 wherein the output device
includes a speech recognition system including a display
configured to communicate text corresponding to the selec-
tively enhanced output signal.

20. The system of claim 15 wherein the signal processor,
to perform enhancement processing, is further programmed
to:

determine an output gain for at least the first subset of

spectral channels based on a time-varying history of
energy of the unenhanced signals associated with each
channel in the first subset of the spectral channels; and
apply the output gain for each of the first subset of the
spectral channels to the unenhanced signals associated
with the respective channel in the first subset of the
spectral channels to form enhanced signals associated
with each of the first subset of the spectral channels.

#* #* #* #* #*
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