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HEARING SYSTEM HAVING IMPROVED
HIGH FREQUENCY RESPONSE

BACKGROUND OF THE INVENTION
[0001] 1. Field of the Invention. The present invention relates to hearing methods and

systems. More specifically, the present invention relates to methods and systems that have
improved high frequency response that improves the speech reception threshold (SRT) and
preserves and transmits high frequency spatial localization cues to the middle or inner ear.

Such systems may be used to enhance the hearing process with normal or impaired hearing.

[0002] Previous studies have shown that when the bandwidth of speech is low pass filtered,
that speech intelligibility does not improve for bandwidths above about 3 kHz (Fletcher
1995), which is the reason why the telephone system was designed with a bandwidth limit to
about 3.5 kHz, and also why hearing aid bandwidths are limited to frequencies below about
5.7 kHz (Killion 2004). It is now evident that there is significant energy in speech above
about 5 kHz (Jin et al., J. Audio Eng. Soc., Munich 2002). Furthermore, hearing impaired
subjects, with amplified speech, perform better with increased bandwidth in quiet (Vickers et
al. 2001) and in noisy situations (Baer et al. 2002). This is especially true in subjects that do
not have dead regions in the cochlea at the high frequencies (Moore, "Loudness perception
and intensity resolution," Cochlear Hearing Loss, Chapter 4, pp. 90-115, Whurr Publishers
Ltd., London 1998). Thus, subjects with hearing aids having greater bandwidth than the
existing 5.7 kHz bandwidths can be expected to have improved performance in quiet and in

diffuse-field noisy conditions.

[0003] Numerous studies, both in humans (Shaw 1974) and in cats (Musicant ez al. 1990)
have shown that sound pressure at the ear canal entrance varies with the location of the sound
source for frequencies above 5 kHz. This spatial filtering is due to the diffraction of the
incoming sound wave by the pinna. It is well established that these diffraction cues help in
the perception of spatial localization (Best et al., "The influence of high frequencies on
speech localization," Abstract 981 (February 24, 2003) from
<www.aro.org/abstracts/abstracts.html>). Due to the limited bandwidth of conventional
hearing aids, some of the spatial localization cues are removed from the signal that is

delivered to the middle and/or inner ear. Thus, it is oftentimes not possible for wearers of
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conventional hearing aids to accurately externalize talkers, which requires speech energy

above 5 kHz.

[0004] The eardrum to ear canal entrance pressure ratio has a 10dB resonance at about 3.5
kHz (Wiener et al. 1966; Shaw 1974). This is independent of the sound source location in
the horizontal plane (Burkhard and Sachs 1975). This ratio is a function of the dimensions
and consequent relative acoustic impedance of the eardrum and the ear canal. Thus, once the
diffracted sound wave propagates past the entrance of the ear canal, there is no further spatial
filtering. In other words, for spatial localization, there is no advantage to placing the
microphone any more medial than near the entrance of the ear canal. The 10 dB resonance is
typically added in most hearing aids after the microphone input because this gain is not

spatially dependent.

[0005] Evidence is now growing that the perception of the differences in the spatial
locations of multiple talkers aid in the segregation of concurrent speech (Freyman et al. 1999;

Freyman et al. 2001). Consistent with other studies, Carlile ez al., "Spatialisation of talkers

‘and the segregation of concurrent speech,” Abstract 1264 (February 24, 2004) from

<www.aro.org/abstracts/abstracts.html>, showed a speech reception threshold (SRT) of -4 dB
under diotic conditions, where speech and masker noise at the two ears are the same, and -20
dB with speech maskers spatially separated by 30 degrees. But when the speech signal was
low pass filtered to 5 kHz, the SRT decreased to -15 dB. While previous single channel
studies have indicated that information in speech above 5 kHz does not contribute to speech
intelligibility, these data indicate that as much as 5 dB unmasking afforded by externalization
percept was much reduced when compared to the wide bandwidth presentation over virtual
auditory simulations. The 5 dB improvement in SRT is mostly due to central mechanisms.
However, at this point, it is not clear how much of the 5 dB improvement can be attained with

auditory cues through a single channel (e.g., one ear).

[0006] It has recently been described in P.M. Hofman et al., "Relearning sound localization
with new ears," Nature Neuroscience, vol. 1, no. 5, Sept 1998, that sound localization relies
on the neural processing of implicit acoustic cues. Hofman et al. found that accurate
localization on the basis of spectral cues poses constraints on the sound spectrum, and that a
sound needs to be broad-band in order to yield sufficient spectral shape information.
However, with conventional hearing systems, because the ear canal is often completely

blocked and because conventional hearing systems often have a low bandwidth filter, such
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conventional systems will not allow the user to receive the three-dimensional localization

spatial cues.

[0007] Furthermore, Wightman and Kistler (1997) found that listeners do not localize
virtual sources of sound when sound is presented to only one ear. This suggests that high-
frequency spectral cues presented to one ear through a hearing device may not be beneficial.
Martin ef al. (2004) recently showed that when the signal to one ear is low-pass filtered (2.5
kHz), thus preserving binaural information regarding sound-source lateral angle, monaural
spectral cues to the opposite ear could correctly interpret elevation and front-back hemi-field
cues. This says that a subject with one wide-band hearing aid can localize sounds with that
hearing aid, provided that the opposite ear does not have significant low-frequency hearing
loss, and thus able to process inter-aural time difference cues. The improvement in
unmasking due to externalization observed by Carlile e al. (2004) should at least be possible
with monaural amplification. The open question is how much of the 5 dB improvement in

SRT can be realized monaurally and with a device that partially blocks the auditory ear canal.

[0008] Head related transfer functions (HRTFs) are due to the diffraction of the incoming
sound wave by the pinna. Another factor that determines the measured HRTF is the opening
of the ear canal itself. It is conceivable that a device in the ear canal that partially blocks it
and thus will alter HRTFs, can eliminate directionally dependent pinna cues. Burkhard and
Sachs (1975) have shown that when the canal is blocked, spatially dependent vertical
localization cues are modified but nevertheless present. Some relearning of the new cues
may be required to obtain benefit from the high frequency cues. Hoffman et al. (1998)

showed that this learning takes place over a period of less than 45 days.

[0009] Presently, most conventional hearing systems fall into at Jeast three categories:
acoustic hearing systems, electromagnetic drive hearing systems, and cochlear implants.
Acoustic hearing systems rely on acoustic transducers that produce amplified sound waves
which, in turn, impart vibrations to the tympanic membrane or eardrum. The telephone
earpicce, radio, television and aids for the hearing impaired are all examples of systems that
employ acoustic drive mechanisms. The telephone earpiece, for instance, converts signals
transmitted on a wire into vibrational energy in a speaker which generates acoustic energy.
This acoustic energy propagates in the ear canal and vibrates the tympanic membrane. These

vibrations, at varying frequencies and amplitudes, result in the perception of sound.
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Surgically implanted cochlear implants electrically stimulate the auditory nerve ganglion

cells or dendrites in subjects having profound hearing loss.

[0010] Hearing systems that deliver audio information to the ear through electromagnetic
transducers are well known. These transducers convert electromagnetic fields, modulated to
contain audio information, into vibrations which are imparted to the tympanic membrane or
parts of the middle ear. The transducer, typically a magnet, is subjected to displacement by
electromagnetic fields to impart vibrational motion to the portion to which it is attached, thus
producing sound perception by the wearer of such an electromagnetically driven system.
This method of sound perception possesses some advantages over acoustic drive systems in
terms of quality, efficiency, and most importantly, significant reduction of "feedback," a

problem common to acoustic hearing systems.

[0011] Feedback in acoustic hearing systems occurs when a portion of the acoustic output
energy returns or "feeds back" to the input transducer (microphone), thus causing self-
sustained oscillation. The potential for feedback is generally proportional to the
amplification level of the system and, therefore, the output gain of many acoustic drive
systems has to be reduced to less than a desirable level to prevent a feedback situation. This
problem, which results in output gain inadequate to compensate for hearing losses in
particularly severe cases, continues to be a major problem with acoustic type hearing aids.

To minimize the feedback to the microphone, many acoustic hearing devices close off, or
provide minimal venting, to the ear canal. Although feedback may be reduced, the tradeoff is
"occlusion," a tunnel-like hearing sensation that is problematic to most hearing aid users.
Directly driving the eardrum can minimize the feedback because the drive mechanism is
mechanical rather than acoustic. Because of the mechanically vibrating eardrum, sound is
coupled to the ear canal and wave propagation is supported in the reverse direction. The
mechanical to acoustic coupling, however, is not efficient and this inefficiency is exploited in

terms of decreased sound in the ear canal resulting in increased system gain.

[0012] One system, which non-invasively couples a magnet to tympanic membrane and
solves some of the aforementioned problems, is disclosed by Perkins et al. in U.S. Patent No.
5,259,032, which is hereby incorporated by reference. The Perkins patent discloses a device
for producing electromagnetic signals having a transducer assembly which is weakly but
sufficiently affixed to the tympanic membrane of the wearer by surface adhesion. U.S. Patent

No. 5,425,104, also incorporated herein by reference, discloses a device for producing
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electromagnetic signals incorporating a drive means external to the acoustic canal of the
individual. However, because magnetic fields decrease in strength as the reciprocal of the
square of the distance (1/R?), previous methods for generating audio carrying magnetic fields

are highly inefficient and are thus not practical.

[0013] While the conventional hearing aids have been relatively successful at improving
hearing, the conventional hearing aids have not been able to significantly improve
preservation of high-frequency spatial localization cues. For these reasons it would be

desirable to provide an improved hearing systems.

[0014] 2. Description of the Background Art. U.S. Patent Nos. 5,259,032 and 5,425,104
have been described above. Other patents of interest include: 5,015,225; 5,276,910;
5,456,654; 5,797,834; 6,084,975; 6,137,889; 6,277,148; 6,339,648; 6,354,990; 6,366,863;
6,387,039; 6,432,248; 6,436,028; 6,438,244; 6,473,512; 6,475,134; 6,592,513; 6,603,860;
6,629,922; 6,676,592; and 6,695,943. Other publications of interest include: U.S. Patent
Publication Nos. 2002-0183587, 2001-0027342; Journal publications Decraemer et al., "A

method for determining three-dimensional vibration in the ear," Hearing Res., 77:19-37
(1994); Puria et al., "Sound-pressure measurements in the cochlear vestibule of human
cadaver ears," J. Acoust. Soc. Am., 101(5):2754-2770 (May 1997); Moore, "Loudness
perception and intensity resolution," Cochlear Hearing Loss, Chapter 4, pp. 90-115, Whurr
Publishers Ltd., London (1998); Puria and Allen "Measurements and model of the cat middle
ear: Bvidence of tympanic membrane acoustic delay," J. Acoust. Soc. Am., 104(6):3463-3481
(December 1998); Hoffman ez al. (1998); Fay et al., "Cat eardrum response mechanics,"
Calladine Festschrift (2002), Ed. S. Pellegrino, The Netherlands, Kluwer Academic
Publishers; and Hato et al., "Three-dimensional stapes footplate motion in human temporal
bones," Audiol. Neurootol., 8:140-152 (January 30, 2003). Conference presentation
abstracts: Best ef al., "The influence of high frequencies on speech localization," Abstract
981 (February 24, 2003) from <www.aro.org/abstracts/abstracts.html>, and Carlile et al,,
"Spatialisation of talkers and the segregation of concurrent speech," Abstract 1264 (February
24, 2004) from <www.aro.org/abstracts/abstracts.html>.

BRIEF SUMMARY OF THE INVENTION
[0015] The present invention provides hearing system and methods that have an improved
high frequency response that improves the speech reception threshold and preserves high

frequency spatial localization cues to the middle or inner ear.
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[0016] The hearing systems constructed in accordance with the principles of the present
invention generally comprise an input transducer assembly, a transmitter assembly, and an
output transducer assembly. The input transducer assembly will receive a sound input,
typically either ambient sound (in the case of hearing aids for hearing impaired individuals)
or an electronic sound signal from a sound producing or receiving device, such as the
telephone, a cellular telephone, a radio, a digital audio unit, or any one of a wide variety of
other telecommunication and/or entertainment devices. The input transducer assembly will
send a signal to the transmitter assembly where the transmitter assembly processes the signal
from the transducer assembly to produce a processed signal which is modulated in some way,
to represent or encode a sound signal which substantially represents the sound input received
by the input transducer assembly. The exact nature of the processed output signal will be
selected to be used by the output transducer assembly to provide both the power and the
signal so that the output transducer assembly can produce mechanical vibrations, acoustical
output, pressure output, (or other output) which, when properly coupled to a subject's hearing
transduction pathway, will induce neural impulses in the subject which will be interpreted by
the subject as the original sound input, or at least something reasonably representative of the

original sound input.

[0017] At least some of the components of the hearing system of the present invention are
disposed within a shell or housing that is placed within the subject's auditory ear canal.
Typically, the shell has one or more openings on both a first end and a second end so as to
provide an open ear canal and to allow ambient sound (such as low and high frequency three
dimensional localization cues ) to be directly delivered to the tympanic membrane at a high
level. Advantageously, the openings in the shell do not block the auditory canal and
minimize interference with the normal pressurization of the ear. In some embodiments, the
shell houses the input transducer, the transmitter assembly, and a battery. In other
embodiments, portions of the transmitter assembly and the battery may be placed behind the

ear (BTE), while the input transducer is positioned in the shell.

[0018] In the case of hearing aids, the input transducer assembly typically comprises a
microphone in the housing that is disposed within the auditory ear canal. Suitable
microphones are well known in the hearing aid industry and amply described in the patent
and technical literature. The microphones will typically produce an electrical output is
received by the transmitter assembly which in turn will produce the processed signal. In the

case of ear pieces and other hearing systems, the sound input to the input transducer assembly
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will typically be electronic, such as from a telephone, cell phone, a portable entertainment
unit, or the like. In such cases, the input transducer assembly will typically have a suitable
amplifier or other electronic interface which receives the electronic sound input and which

produces a filtered electronic output suitable for driving the output transducer assembly.

[0019] While it is possible to position the microphone behind the pinna, in the temple piece
of eyeglasses, or elsewhere on the subject, it is preferable to position the microphone within
the ear canal so that the microphone receives and transmits the higher frequency signals that

are directed into the ear canal and to thus improve the final SRT.

[0020] The transmitter assembly of the present invention typically comprises a digital
signal processor that processes the electrical signal from the input transducer and delivers a
signal to a transmitter element that produces the processed output signal that actuates the
output transducer. The digital signal processor will often have a filter that has a frequency
response bandwidth that is typically greater than 6 kHz, more preferably between about 6
kHz and about 20 kHz, and most preferably between about 7 kHz and 13 kHz. Such a
transmitter assembly differs from conventional transmitters found in that the higher
bandwidth results in greater preservation of spatial localization cues for microphones that are

placed at the entrance of the ear canal or within the ear canal.

[0021] In one embodiment, the transmitter element that is in communication with the
digital signal processor is in the form of a coil that has an open interior and a core sized to fit
within the open interior of the coil. A power source is coupled to the coil to supply a current
to the coil. The current delivered to the coil will substantially correspond to the electrical
signal processed by the digital signal processor. One useful electromagnetic-based assembly
is described in commonly owned, copending U.S. Patent Application Serial No. 10/902,660,
filed July 28, 2004, entitled "Improved Transducer for Electromagnetic Hearing Devices," the

complete disclosure of which is incorporated herein by reference.

[0022] The output transducer assembly of the present invention may be any component that
is able to receive the processed signal from the transmitter assembly. The output transducer
assembly will typically be configured to couple to some point in the hearing transduction
pathway of the subject in order to induce neural impulses which are interpreted as sound by
the subject. Typically, a portion of the output transducer assembly will couple to the
tympanic membrane, a bone in the ossicular chain, or directly to the cochlea where it is

positioned to vibrate fluid within the cochlea. Specific points of attachment are described in
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prior U.S. Patent Nos. 5,259,032; 5,456,654; 6,084,975; and 6,629,922, the full disclosures of

which have been incorporated herein by reference.

[0023] In one embodiment, the present invention provides a hearing system that has an
input transducer that is positionable within an ear canal of a user to capture ambient sound
that enters the ear canal of the user. A transmitter assembly receives electrical signals from
the input transducer. The transmitter assembly comprises a signal processor that has a
frequency response bandwidth in a 6.0 kHz to 20 kHz range. The transmitter assembly is
configured to deliver filtered signals to an output transducer positioned in a middle or inner
ear of the user, wherein the filtered signal is representative of the ambient sound received by
the input transducer. A configuration of the input transducer and transmitter assembly
provides an open ear canal that allows ambient sound to directly reach the middle ear of the

uscr.

[0024] In another embodiment, the present invention provides a method. The method
comprises positioning an input transducer within an ear canal of a user and transmitting
signals from the input transducer that are indicative of ambient sound received by the input
transducer to a transmitter assembly. The signals are processed (e.g., filtered) at the
transmitter assembly with a signal processor that has a filter that has a bandwidth that is
larger than about 6.0 kHz. The filtered signals are delivered to a middle ear or inner ear of
the user. The positioning of the input transducer and transmitter assembly provides an open

ear canal that allows non-filtered ambient sound to directly reach the middle ear of the user.

[0025] As noted above, in preferred embodiments, the signal processor has a bandwidth
between about 6 kHz and about 20 kHz, so as to allow for preservation and transmission of

the high frequency spatial localization cues.

[0026] While the remaining discussion will focus on the use of an electromagnetic
transmitter assembly and output transducer, it should be appreciated that the present
invention is not limited to such transmitter assemblies, and various other types of transmitter
assemblies may be used with the present invention. For example, the photo-mechanical
hearing transduction assembly described in co-pending and commonly owned, U.S.
Provisional Patent Application Serial No. 60/618,408, filed October 12, 2004, entitled
"Systems and Methods for Photo-mechanical Hearing Transduction," the complete disclosure
of which is incorporated herein by reference, may be used with the hearing systems of the

present invention. Furthermore, other transmitter assemblies, such as optical transmitters,
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ultrasound transmitters, infrared transmitters, acoustical transmitters, or fluid pressure

transmitters, or the like may take advantage of the principles of the present invention.

[0027] The above aspects and other aspects of the present invention may be more fully
understood from the following detailed description, taken together with the accompanying

drawings.

BRIEF DESCRIPTION OF THE DRAWINGS
[0028] FIG. 1 is a cross-sectional view of a human ear, including an outer ear, middle ear,

and part of an inner ear.

[0029] FIG. 2 illustrates an embodiment of the present invention with a transducer coupled

to a tympanic membrane.

[0030] FIGS. 3A and 3B illustrate alternative embodiments of the transducer coupled to a

malleus.

[0031] FIG. 4A schematically illustrates a hearing system of the present invention that
provides an open ear canal so as to allow ambient sound/acoustic signals to directly reach the

tympanic membrane.

[0032] FIG. 4B illustrates an alternative embodiment of the hearing system of the present

invention with the coil laid along an inner wall of the shell.
[0033] FIG. 5 schematically illustrates a hearing system embodied by the present invention.

[0034] FIG. 6A illustrates a hearing system embodiment having a microphone (input
transducer) positioned on an inner surface of a canal shell and a transmitter assembly
positioned in an ear canal that is in communication with the transducer that is coupled to the

tympanic membrane.

[0035] FIG. 6B illustrates an alternative medial view of the present invention with a

microphone in the canal shell wall near the entrance.

[0036] FIG. 7 is a graph that illustrates an acoustic signal that reaches the ear drum and the
effective amplified signal at the eardrum and the combined effect of the two.
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DETAILED DESCRIPTION OF THE INVENTION

[0037] Referring now to FIG. 1, there is shown a cross sectional view of an outer ear 10,
middle ear 12 and a portion of an inner ear 14. The outer ear 10 comprises primarily of the
pinna 15 and the auditory ear canal 17. The middle ear 12 is bounded by the tympanic
membrane (ear drum) 16 on one side, and contains a series of three tiny interconnected
bones: the malleus (hammer) 18; the incus (anvil) 20; and the stapes (stirrup) 22.
Collectively, these three bones are known as the ossicles or the ossicular chain. The malleus
18 is attached to the tympanic membrane 16 while the stapes 22, the last bone in the ossicular

chain, is coupled to the cochlea 24 of the inner ear.

[0038] Innormal hearing, sound waves that travel via the outer ear or auditory ear canal 17
strike the tympanic membrane 16 and cause it to vibrate. The malleus 18, being connected to
the tympanic membrane 16, is thus also set into motion, along with the incus 20 and the
stapes 22. These three bones in the ossicular chain act as a set of impedance matching levers
of the tiny mechanical vibrations received by the tympanic membrane. The tympanic
membrane 16 and the bones may act as a transmission line system to maximize the
bandwidth of the hearing apparatus (Puria and Allen, 1998). The stapes vibrates in turn
causing fluid pressure in the vestibule of a spiral structure known as the cochlea 24 (Puria et
al. 1997). The fluid pressure results in a traveling wave along the longitudinal axis of the
basilar membrane (not shown). The organ of Corti sits atop the basilar membrane which
contains the sensory epithelium consisting of one row of inner hair cells and three rows of
outér hair cells. The inner-hair cells (not shown) in the cochlea are stimulated by the
movement of the basilar membrane. There, hydraulic pressure displaces the inner ear fluid
and mechanical energy in the hair cells is transformed into electrical impulses, which are
transmitted to neural pathways and the hearing center of the brain (temporal lobe), resulting
in the perception of sound. The outer hair cells are believed to amplify and compress the
input to the inner hair cells. When there is sensory-neural hearing loss, the outer hair cells
are typically damaged, thus reducing the input to the inner hair cells which results in a
reduction in the perception of sound. Amplification by a hearing system may fully or
partially restore the otherwise normal amplification and compression provided by the outer

hair cells.

[0039] A presently preferred coupling point of the output transducer assembly is on the
outer surface of the tympanic membrane 16 and is illustrated in FIG. 2. In the illustrated

10
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embodiment, the output transducer assembly 26 comprises a transducer 28 that is placed in
contact with an exterior surface of the tympanic membrane 10. The transducer 28 generally
comprises a high-energy permanent magnet. A preferred method of positioning the
transducer is to employ a contact transducer assembly that includes transducer 28 and a
support assembly 30. Support assembly 30 is attached to, or floating on, a portion of the
tympanic membrane 16. The support assembly is a biocompatible structure with a surface
area sufficient to support the transducer 28, and is vibrationally coupled to the tympanic

membrane 16.

[0040] Preferably, the surface of support assembly 30 that is attached to the tympanic
membrane substantially conforms to the shape of the corresponding surface of the tympanic
membrane, particularly the umbo area 32. In one embodiment, the support assembly 30 is a
conically shaped film in which the transducer is embedded therein. In such embodiments, the
film is releasably contacted with a surface of the tympanic membrane. Alternatively, a
surface wetting agent, such as mineral oil, is preferably used to enhance the ability of support
assembly 30 to form a weak but sufficient attachment to the tympanic membrane 16 through
surface adhesion. One suitable contact transducer assembly is described in U.S. Pat. No.

5,259,032, which was previously incorporated herein by reference.

[0041] FIGS. 3A and 3B illustrate alternative embodiments wherein a transducer is placed
on the malleus of an individual. In FIG. 3A, a transducer magnet 40 is attached to the medial
side of the inferior manubrium. Preferably, magnet 40 is encased in titanium or other
biocompatible material. By way of ilﬂlustration,\vone method of attaching magnet 40 to the
malleus is disclosed in U.S. Patent No. 6,084,975, previously incorporated herein by
reference, wherein magnet 40 is attached to the medial surface of the manubrium 44 of the
malleus 18 by making an incision in the posterior periosteum of the lower manubrium, and
elevating the periosteum from the manubrium, thus creating a pocket between the lateral
surface of the manubrium and the tympanic membrane 10. One prong of a stainless steel clip
device may be placed into the pocket, with the transducer magnet 34 attached thereto. The
interior of the clip is of appropriate dimension such that the clip now holds onto the

manubrium placing the magnet on its medial surface.

[0042] Alternatively, FIG. 3B illustrates an embodiment wherein clip 36 is secured around
the neck of the malleus 18, in between the manubrium and the head 38 of the malleus. In this

embodiment, the clip 36 extends to provide a platform of orienting the transducer magnet 34

11
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toward the tympanic membrane 16 and ear canal 17 such that the transducer magnet 34 is in a

substantially optimal position to receive signals from the transmitter assembly.

[0043] FIG. 4A illustrates one preferred embodiment of a hearing system 40 encompassed
by the present invention. The hearing system 40 comprises the transmitter assembly42
(illustrated with shell 44 cross-sectioned for clarity) that is installed in a right ear canal and
oriented with respect to the magnetic transducer 28 on the tympanic membrane 16. In the
preferred embodiment of the current invention, the transducer 28 is positioned against
tympanic membrane 16 at umbo area 32. The transducer may also be placed on other
acoustic members of the middle ear, including locations on the malleus 18 (shown in FIGS.
3A and 3B), incus 20, and stapes 22. When placed in the umbo area 32 of the tympanic
membrane 16, the transducer 28 will be naturally tilted with respect to the ear canal 17. The
degree of tilt will vary from individual to individual, but is typically at about a 60-degree

angle with respect to the ear canal.

[0044] The transmitter assembly 42 has a shell 44 configured to mate with the
characteristics of the individual's ear canal wall. Shell 44 is preferably matched to fit snug in
the individual's ear canal so that the transmitter assembly 42 may repeatedly be inserted or
removed from the ear canal and still be properly aligned when re-inserted in the individual's
ear. In the illustrated embodiment, shell 44 is also configured to support a coil 46 and a core
48 such that the tip of core 48 is positioned at a proper distance and orientation in relation to
the transducer 28 when the transmitter assembly 42 is properly installed in the ear canal 17.
The core 48 generally comprises ferrite, but may be any material with high magnetic

permeability.

[0045] In a preferred embodiment, coil 46 is wrapped around the circumference of the core
48 along part or all of the length of the core. Generally, the coil has a sufficient number of
rotations to optimally drive an electromagnetic field toward the transducer 28. The number
of rotations may vary depending on the diameter of the coil, the diameter of the core, the
length of the core, and the overall acceptable diameter of the coil and core assembly based on
the size of the individual's ear canal. Generally, the force applied by the magnetic field on
the magnet will increase, and therefore increase the efficiency of the system, with an increase
in the diameter of the core. These parameters will be constrained, however, by the
anatomical limitations of the individual's ear. The coil 46 may be wrapped around only a

portion of the length of the core, as shown in FIG. 4A, allowing the tip of the core to extend
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further into the ear canal 17, which generally converges as it reaches the tympanic membrane
16.

[0046] One method for matching the shell 44 to the internal dimensions of the ear canal is
to make an impression of the ear canal cavity, including the tympanic membrane. A positive
investment is then made from the negative impression. The outer surface of the shell is then
formed from the positive investment which replicated the external surface of the impression.
The coil 46 and core 48 assembly can then be positioned and mounted in the shell 44
according to the desired orientation with respect to the projected placement of the transducer
28, which may be determined from the positive investment of the ear canal and tympanic
membrane. In an alternative embodiment, the transmitter assembly 42 may also incorporate a
mounting platform (not shown) with micro-adjustment capability for orienting the coil and
core assembly such that the core can be oriented and positioned with respect to the shell
and/or the coil. In another alternative embodiment, a CT, MRI or optical scan may be
performed on the individual to generate a 3D model of the ear canal and the tympanic
membrane. The digital 3D model representation may then be used to form the outside

surface of the shell 44 and mount the core and coil.

[0047] As shown in the embodiment of FIG. 4A, transmitter assembly 42 may also
comprise a digital signal processing (DSP) unit and other components 50 and a battery 52
that are placed inside shell 44. The proximal end 53 of the shell 44 is open 54 and has the
input transducer (microphone) 56 positioned on the shell so as to directly receive the ambient
sound that enters the auditory ear canal 17. The open chamber 58 provides access to the shell
44 and transmitter assembly 42 components contained therein. A pull line 60 may also be
incorporated into the shell 44 so that the transmitter assembly can be readily removed from

the ear canal.

[0048] Advantageously, in many embodiments, an acoustic opening 62 of the shell allows
ambient sound to enter the open chamber 58 of the shell. This allows ambient sound to travel
through the open volume 58 along the internal compartment of the transmitter assembly 42
and through one or more openings 64 at the distal end of the shell 44. Thus, ambient sound
waves may reach and directly vibrate the tympanic membrane 16 and separately impart
vibration on the tympanic membrane. This open-channel design provides a number of
substantial benefits. First, the open channel 17 minimizes the occlusive effect prevalent in

many acoustic hearing systems from blocking the ear canal. Second, the open channel allows
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the high frequency spatial localization cues to be directly transmitted to the tympanic
membrane 17. Third, the natural ambient sound entering the ear canal 16 allows the
electromagnetically driven effective sound level output to be limited or cut off at a much
lower level than with a hearing system that blocks the ear canal 17. Finally, having a fully
open shell preserves the natural pinna diffraction cues of the subject and thus little to no

acclimatization, as described by Hoffman et al. (1998), is required.

[0049] As shown schematically in FIG. 5, in operation, ambient sound entering the auricle
and ear canal 17 is captured by the microphone 56 that is positioned within the open ear canal
17. The microphone 56 converts sound waves into analog electrical signals for processing by
a DSP unit 68 of the transmitter assembly 42. The DSP unit 68 may optionally be coupled to
an input amplifier (not shown) to amplify the electrical signal. The DSP unit 68 typically
includes an analog-to-digital converter 66 that converts the analog electrical signal to a digital
signal. The digital signal is then processed by any number of digital signal processors and
filters 68. The processing may comprise of any combination of frequency filters, multi-band
compression, noise suppression and noise reduction algorithms. The digitally processed
signal is then converted back to analog signal with a di gital-to-analog converter 70. The
analog signal is shaped and amplified and sent to the coil 46, which generates a modulated
electromagnetic field containing audio information representative of the original audio signal
and, along with the core 48, directs the electromagnetic field toward the transducer magnet
28. The transducer magnet 28 vibrates in response to the electromagnetic field, thereby
vibrating the middle-ear acoustic member to which it is coupled (e.g. the tympanic membrane

16 in FIG. 4A or the malleus 18 in FIGS. 3A and 3B).

[0050] In one preferred embodiment, the transmitter assembly 42 comprises a filter that has
a frequency response bandwidth that is typically greater than 6 kHz, more preferably between
about 6 kHz and about 20 kHz, and most preferably between about 6 kHz and 13 kHz. Such
a transmitter assembly 42 differs from conventional transmitters found in conventional
hearing aids in that the higher bandwidth results in greater preservation of spatial localization
cues for microphones 56 that are placed at the entrance of the auditory ear canal or within the
ear canal 17. The positioning of the microphone 56 and the higher bandwidth filter results in
a speech reception threshold improvement of up to 5 dB above existing hearing systems
where there are interfering speech sources. Such a significant improvement in SRT, due to
central mechanisms, is not possible with existing hearing aids with limited bandwidth, limited

gain and sound processing without pinna diffraction cues.
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[0051] For most hearing-impaired subjects, sound reproduction at higher decibel ranges is
not necessary because their natural hearing mechanisms are still capable of receiving sound
in that range. To those familiar in the art, this is commonly referred to as the recruitment
phenomena where the loudness perception of a hearing impaired subject “catches up” with
the loudness perception of a normal hearing person at loud sounds (Moore, 1998). Thus, the
open-channel device may be configured to switch off, or saturate, at levels where natural
acoustic hearing takes over. This can greatly reduce the currents required to drive the
transmitter assembly, allowing for smaller batteries and/or longer battery life. A large
opening is not possible in acoustic hearing aids because of the increase in feedback and thus
limiting the functional gain of the device. In the electromagnetically driven devices of the
present invention, acoustic feedback is significantly reduced because the tympanic membrane
is direcﬂy vibrated. This direct vibration ultimately results in generation of sound in the ear
canal because the tympanic membrane acts as a loudspeaker cone. However, the level of
generated acoustic energy is significantly less than in conventional hearing aids that generate
direct acoustic energy in the ear canal. This results in much greater functional gain for the
open ear canal electromagnetic transmitter and transducer than with conventional acoustic

hearing aids.

[0052] Because the input transducer (e.g., microphone) is positioned in the ear canal, the
microphone is able to receive and retransmit the high-frequency three dimensional spatial
cues. If the microphone was not positioned within the auditory)ear canal, (for example, if the
microphone is placed behind-the ear (BTE)), then the signal reaching its microphone does not
carry the spatially dependent pinna cues. Thus there is little chance for there to be spatial

information.

[0053] FIG. 4B illustrates an alternative embodiment of a transmitter assembly 42 wherein
the microphone 56 is positioned near the opening of the ear canal on shell 44 and the coil 46
is laid on the inner walls of the shell 44. The core 62 is positioned within the inner diameter
of the coil 46 and may be attached to either the shell 44 or the coil 46. In this embodiment,
ambient sound may still enter ear canal and pass through the open chamber 58 and out the

ports 68 to directly vibrate the tympanic membrane 16.

[0054] Now referring to FIGS. 6A and 6B, an alternative embodiment is illustrated wherein
one or more of the DSP unit 50 and battery 52 are located external to the auditory ear canal in

a driver unit 70. Driver unit 70 may hook on to the top end of the pinna 15 via ear hook 72.
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This configuration provides additional clearance for the open chamber 58 of shell 44 (FIG.
4B), and also allows for inclusion of components that would not otherwise fit in the ear canal
of the individual. In such embodiments, it is still preferable to have the microphone 56
located in or at the opening of the ear canal 17 to gain benefit of high bandwidth spatial
localization cues from the auricle 17. As shown in FIGS. 6A and 6B, sound entering the ear
canal 17 is captured by microphone 56. The signal is then sent to the DSP unit 50 located in
the driver unit 70 for processing via an input wire in cable 74 connected to jack 76 in shell
44. Once the signal is processed by the DSP unit 50, the signal is delivered to the coil 46 by
an output wire passing back through cable 74.

[0055] FIG. 7 is a graph that illustrates the effective output sound pressure level (SPL)
versus the input sound pressure level. As shown in the graph, since the hearing systems 40 of
the present invention provide an open auditory ear canal 17, ambient sound is able to be
directly transmitted through the auditory ear canal and directly onto the tympanic membrane
17. As shown in the graph, the line labeled "acoustic" shows the acoustic signal that directly
reaches the tympanic membrane through the open ear canal. The line labeled "amplified"
illustrates the signal that is directed to the tympanic membrane through the hearing system of
the present invention. Below the input knee level Lk, the output increases linearly. Above
input saturation level Ls, the amplified output signal is limited and no longer increases with
increasing input level. Between input levels Lk and Ls, the output maybe be compressed, as
shown. The line labeled "Combined Acoustic + Amplified" illustrates the combined effect of
both the acoustic signal and the amplified signal. Note that despite the fact that the output of
the amplified system is saturated above Ls, the combined effect is that effective sound input

continues to increase due to the acoustic input from the open canal.

[0056] The foregoing description of a preferred embodiment of the invention has been
presented for purposes of illustration and description. It is not intended to be exhaustive or to
limit the invention to the precise forms disclosed. Obviously, many modifications and
variations will be apparent to practitioners skilled in this art. Tt is intended that the scope of

the invention be defined by the following claims and their equivalents.
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WHAT IS CLAIMED IS:

1. A hearing system comprising:

an input transducer positionable within an ear canal of a user to capture
ambient sound that enters the ear canal of the user; and

a transmitter assembly that receives electrical signals from the input
transducer, the transmitter assembly comprising a signal processor that has a frequency
response bandwidth in a 6.0 kHz to 20 kHz range, the transmitter assembly configured to
deliver filtered signals to an output transducer positioned in a middle or inner ear of the user,
the filtered signal being representative of the ambient sound received by the input transducer,

wherein a configuration of the input transducer and transmitter assembly
provide an open ear canal that allows ambient sound to directly reach the middle ear of the

user.

2. The hearing system of claim 1 wherein the frequency response
bandwidth allows for delivery of high-frequency localization cues in a 7 kHz to 13 kHz range

to the middle ear of the user.

3. The hearing system of claim 1 comprising a shell with an open
chamber that houses the input transducer and at least a portion of the transmitter assembly, an
external surface of the shell configured to mate with characteristics of the ear canal of the
user,

the shell comprising a first end that is configured to be positioned adjacent to
an entrance of the ear canal and a second end that is configured to be positioned in proximity
to the tympanic membrane, wherein the second end comprises one or more openings that
allow the ambient sound from outside the entrance of the ear canal to directly reach the

middle ear of the user.

4. The hearing system of claim 1 wherein the transmitter assembly

comprises an optical transmitter.

5. The hearing system of claim 1 wherein the transmitter assembly

comprises an acoustic transmitter

6. The hearing system of claim 1 wherein the transmitter assembly

comprises a fluid pressure transmitter.
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7. The hearing system of claim 1 wherein the transmitter assembly
comprises an electromagnetic transmitter and transmission element that receive a signal from
the signal processor, the electromagnetic transmitter delivering the filtered signals to the

output transducer through the transmission element.

8. The hearing system of claim 7 wherein the signal processor,
electromagnetic transmitter and transmission element are disposed within the ear canal of the

user.

9. The hearing system of claim 7 wherein the signal processor is located
behind a pinna of the user and the electromagnetic transmitter and transmission element are

disposed within the ear canal of the user.

10.  The hearing system of claim 7 the output transducer is coupled to an
acoustic member of the middle ear, the transducer being configured to receive the filtered

signals from the transmission element.

11.  The hearing system of claim 10 wherein the filtered signals are in the

form of a modulated electromagnetic field.

12.  The hearing system of claim 11 wherein the transducer is a coupled to

a tympanic membrane of the user.

13.  The hearing system of claim 12 wherein the transducer is embedded in
a conically shaped film that is configured to releasably contact a surface of the tympanic

membrane.

14.  The hearing system of claim 10 wherein the transducer comprises a

permanent magnet.

15.  The hearing system of claim 3 wherein the input transducer is

positioned at a first end of the shell.

16. A method comprising:
positioning an input transducer within an ear canal of a user;
transmitting signals that are indicative of ambient sound received by the input

transducer to a transmitter assembly;
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filtering the signals at the transmitter assembly with a signal processor that has
a bandwidth that is larger than about 6.0 kHz;

delivering filtered signals to a middle ear or inner ear of the user; and

wherein positioning of the input transducer and transmitter assembly provides
an open ear canal that allows non-filtered ambient sound to directly reach the middle ear of

the user.

17.  The method of claim 16 wherein the signal processor has a bandwidth
between about 6 kHz and about 20 kHz.

18.  The method of claim 16 wherein the filtered signals comprise high-

frequency spatial localization cues.

19.  The method of claim 16 wherein the transmitter assembly comprises an
electromagnetic transmitter and a transmission element that are in communication with the
signal processor, wherein delivering filtered signals to the middle ear of the user comprises:

directing signals from the signal processor to the electromagnetic transmitter;

delivering filtered electromagnetic signals from the electromagnetic

transmitter to the middle ear through the transmission element.

20.  The method of claim 19 comprising coupling a transducer to a
tympanic membrane of the user,

wherein delivering filtered electromagnetic signals from the electromagnetic
transmitter to the middle ear through the transmission element is carried out by delivering the
filtered electromagnetic signals to the transducer which is mechanically vibrated according to

the filtered electromagnetic signals.

21.  The method of claim 19 comprising positioning the electromagnetic
transmitter and the transmission element in the ear canal and positioning the signal processor

outside of the ear canal.

22.  The method of claim 19 wherein delivering filtered signals comprises

delivering filtered optical signals.

23.  The method of claim 19 wherein delivering filtered signals comprises

delivering filtered acoustic signals.
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24.  The method of claim 16 comprising positioning the signal processor,

electromagnetic transmitter, and the transmission element in the ear canal.

25.  The method of claim 16 wherein providing an open ear canal is carried
out by positioning the input transducer and at least a portion of the transmitter assembly
within an open chamber of a shell, the shell comprising openings that allow the non-filtered

ambient sound to directly reach the middle ear of the user.

26.  The method of claim 16 wherein the positioning of the input transducer
and transmitter assembly reduces feedback and provides a signal to noise ratio of about 3 dB

to about 8 dB.

27. A hearing system comprising:

microphone means positionable within an ear canal of a user;

transmitter means for receiving electrical signals from the microphone means,
the transmitter means comprising a frequency response bandwidth of more than about 6.0
KkHz, the transmitter means configured to deliver filtered signals toward a middle ear of the
user; and

means for providing an open ear canal that allows ambient sound to directly

reach the middle ear of the user.
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