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METHODS OF FREQUENCY-MODULATED PHASE CODING (FMPC) FOR
COCHLEAR IMPLANTS AND COCHLEAR IMPLANTS APPLYING SAME

STATEMENT AS TO RIGHTS UNDER FEDERALLY-SPONSORED RESEARCH
This invention was made with government support under RO1 DCO011855 awarded by the

National Institutes of Health. The government has certain rights in the invention.

CROSS-REFERENCE TO RELATED PATENT APPLICATIONS

This PCT application claims priority to and the benefit of, pursuant to 35 U.S.C. §119(e),
U.S. Provisional Patent Application Serial No. 62/191,084, filed July 10, 20135, entitled
“SYSTEMS AND METHODS FOR NOISE BASED CODING IN COCHLEAR
IMPLANTS”, by Claus-Peter Richter et al., and U.S. Provisional Patent Application Serial No.
62/320,132, filed April 8, 2016, entitled “SYSTEMS AND METHODS FOR FREQUENCY
MODULATED PHASE CODING (FMPC) FOR COCHLEAR IMPLANTS”, by Claus-Peter
Richter et al. Each of the above-identified applications is incorporated herein by reference in its
entirety.

This PCT application also relates to U.S. non-provisional patent application serial no.
15/206,921, filed July 11, 2016, entitled “METHODS OF FREQUENCY-MODULATED
PHASE CODING (FMPC) FOR COCHLEAR IMPLANTS AND COCHLEAR IMPLANTS
APPLYING SAME,” by Claus-Peter Richter et al., the disclosure of which is incorporated
herein in its entirety by reference.

Some references, which may include patents, patent applications, and various
publications, are cited in a reference list and discussed in the description of this invention. The
citation and/or discussion of such references is provided merely to clarify the description of the
invention and is not an admission that any such reference is “prior art” to the invention described
herein. All references cited and discussed in this specification are incorporated herein by
reference in their entireties and to the same extent as if each reference was individually
incorporated by reference. In terms of notation, hereinafter, “[n]” represents the nth reference

cited in the reference list. For example, [36] represents the 36th reference cited in the reference
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list, namely, Micco, A.G. and C.P. Richter, Tissue resistivities determine the current flow in the

cochlea. Current opinion in otolaryngology & head and neck surgery, 2006. 14(5): p. 352-5.

FIELD OF THE INVENTION
The invention relates generally to neural stimulation, and more particularly to a method
of frequency-modulated phase coding (FMPC) for cochlear implants and cochlear implants

applying the same.

BACKGROUND OF THE INVENTION

The background description provided herein is for the purpose of generally presenting
the context of the invention. The subject matter discussed in the background of the invention
section should not be assumed to be prior art merely as a result of its mention in the background
of the invention section. Similarly, a problem mentioned in the background of the invention
section or associated with the subject matter of the background of the invention section should
not be assumed to have been previously recognized in the prior art. The subject matter in the
background of the invention section merely represents different approaches, which in and of
themselves may also be inventions. Work of the presently named inventors, to the extent it is
described in the background of the invention section, as well as aspects of the description that
may not otherwise qualify as prior art at the time of filing, are neither expressly nor impliedly
admitted as prior art against the invention.

Cochlear implants are neural prostheses that help severely-to-profoundly deaf people to
restore some hearing. Physically, three components can be identified, the speech processor with
its transmission coil, the receiver and stimulator, and the cochlear implant electrode array. The
speech processor receives sound from one or more microphones and converts the sound into a
corresponding electrical signal. While the hearing range of a young healthy human is typically
between 0.02 and 20 kHz, it has been assumed for coding of acoustic information in cochlear
implants that most of the information used for communication is in the frequency range between
0.1 and 8 kHz. The frequency band from 0.1 to 8 kHz is divided into many smaller frequency

bands of about 0.5 octaves width. The number of small frequency bands is determined by the
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number of electrodes along the electrode array, which is inserted into the cochlea. Each
frequency band is then treated by a mathematical algorithm, such as a Hilbert transform that
extracts the envelope of the filtered waveform. The envelope is then transmitted via an ultrahigh
frequency (UHF) connection across the skin to a receiver coil, which was surgically implanted
behind the ear. The envelope is used to modulate a train of pulses with a fixed pulse repetition
rate. For each of the electrodes, a train of pulses with fixed frequency and fixed phase is used to
stimulate the cochlear nerve. Multiple algorithms have been implemented to select a group of 4-
8 electrode contacts for simultaneous stimulation.

Biological constraints that affect performance of cochlear implants: Damage of cochlear
neural structures can result in severe deafness. Depending on the neural degeneration in the
cochlea performance, the performance of a cochlear implant user may vary. Changes that occur
include the demyelination and degeneration of dendrites and neuronal death [1]. The neuronal
loss can be non-uniform and results in “holes” of neurons along the cochlea. Holes lead to
distortion of the frequency maps, which affects speech recognition [2]. Caused by changes in
myelination and synapse size, changes in firing properties of the nerve were described such as
prolonged delay times and changed refractory periods [3-6]. In the brainstem and midbrain the
neuronal connections appear to remain intact. However, a decrease in neuron size, afferent input,
synapse size and density can be detected [7-13]. Neural recordings reveal a change in response
properties that adversely affect temporal resolution such as elevated thresholds, de-
synchronization, increased levels of neural adaptation, increased response latencies. A loss of
inhibitory influences has been described. At the cortex, spatially larger cortical activation was
seen with (PET) [1, 14-16]. The findings support a plastic reorganization and more intense use
of present auditory networks [15, 17-25].

Technical constraints that affect performance of cochlear implants: A normal
functioning cochlea has 3000-3500 hair cells to encode the acoustic information along the
cochlea. More than 30 perceptual channels can be processed in parallel [26]. The entire
frequency range is between 0.02 and 20 kHz where high frequencies are encoded in the cochlear
base and low frequencies in the cochlear apex. In addition to a spatially selective processing of

information along the cochlea, frequency information is conveyed by rate and phase lock. Phase
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lock in the pristine cochlea is up to 5 kHz. The loudness range is 120 dB with 60-100
discernable steps. In contrast to a normal hearing listener, a cochlear implant device divides the
acoustical signal into less or equal to 22 frequency bands and can only parallel process 4 to 8
channels [27-30]. The limitation comes from the current spread in the cochlea, which leads to
large sections of stimulation along the cochlea [31-37]. The delivery of the information is not
precise, which is caused by the uncertain placement of the electrode [29, 38]. Shift of the
frequency place, which can be caused by a, result in poor speech recognition [39]. The
frequency range of a CI is typically limited 0.4 to 8 kHz. In particular, the inability of
processing information below 0.4 kHz is crucial for speech recognition. Providing frequency
information through phase lock is limited since phase lock in a CI is typically not more than 0.3
kHz. The loudness range is reduced to 6 to 30 dB with about 20 discernable steps [40].

Temporal envelope (TE) and temporal fine structure (TFS) are both important to
recognize speech, distinguish speech in noise, and for music appreciation. Sinusoidal signals
are used as standard stimuli for auditory research. The stimuli are well defined regarding their
frequency, amplitude and timing. This makes it convenient for data analysis for two factors: (1)
the cochlea is treated as a frequency analyzer and (2) linear system analysis can be applied.
However, the cochlea is a highly nonlinear system, which processes complex natural sounds for
communication. In general, acoustical signals can be decomposed into a slowly varying
temporal envelope (TE, FIG. 1) and a rapidly varying temporal fine structure (TES, FIG. 1)
close to the center frequency of a given frequency band. The inner ear of a normal hearing
subject or animal makes this decomposition. The cochlea then encodes TE by a rate-place code
and TFS by a temporal code [45-57]. While psychophysical experiments demonstrated that both
TE and TFS are important for performance in normal hearing subjects, it is still debated whether
for hearing restoration with cochlear implants both components must be equally considered [41,
58-62]. This is of particular interest because, from a theoretical point of view, the TE can be
recovered from TES and vice versa [42-44].

Temporal envelope (TE): Similar to a frequency analyzer, the basilar membrane of the
cochlea “separates” the frequencies contained in an acoustical signal into small frequency bands

and maps the energy of each band to a fixed site along the cochlea. The acoustic energy of each
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frequency band is converted into a corresponding rate of action potentials of an auditory nerve
fiber. The TE of a few spectral bands provides sufficient information for speech intelligibility in
quiet [59, 63, 64].

Temporal fine structure (TFS): In contrast to TE, the TES of the acoustical signal plays
an important role when speech is presented against a complex background noise [65-69] and for
music perception. In the auditory nerve, TES is encoded by phase-locked responses. At present,
TES is greatly neglected in CI coding strategies, which rely mostly on the envelope of the
acoustical signal.

Evaluation of the role of TE and TFS: An elegant method to study the relative roles of
TE and TFS are auditory chimaeras, which are acoustical constructs that have the TE of one
sentence (or melody) and the TFS of another sentence (or melody). In quiet listening
environments, speech constructed from two sentences is perceived as the sentence that provided
the TE. This was different for music and for speech in noise. Instead, the stimulus that provided
the TFS was recognized. Those experiments underline the importance of both TE and TFS for
hearing [41]. Carefully designed experiments can be used to further our understanding of the
role of TE and TFS in coding of acoustic parameters to enhance speech, speech in noise, and
music recognition. One should also be aware that the approach with chimaeras has limitations
because TE and TFS are not independent. TE can be recovered from TES and vice versa. While
in human testing it is difficult to tease apart true TES and recovered TFS, this can be achieved in
animal experiments where TFES is shown as a phase locked response of the nerve fiber.

At present, the temporal fine structure is greatly neglected and coding strategies rely
solely on the temporal envelope of the acoustic signal. To better understand the arguments about
the temporal envelop and the temporal fine structure, the terms are reviewed and techniques to
implement them into coding strategies of Cls are discussed below.

Most of the information on which speech recognition is based is contained in the
frequency band between 0 and 4000 Hz. For example, high-grade telephone channels have
typically a channel capacity of 20,000 bits/s. If English phonemes are tabulated together with
the probability of occurrence the average information per phoneme is 4.9 bits/s. In conversation

about 10 phonemes are uttered per second. Consequently, about 50 bits/s of channels capacity
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would be sufficient to convey the information at the written equivalent of speech.

Basic consideration for coding strategies: Different strategies for coding acoustical
information are shown in FIG. 2. The solutions depicted in panels A and B of FIG. 2 are not
practical for cochlear implants and are presented for completeness. A train of biphasic pulses
with constant amplitude (ca) and constant frequency (cf) has limited use because only single
amplitudes can be encoded by the amplitude of the pulses and one single frequency by the pulse
repetition rate (panel A of FIG. 2) or the stimulation site along the cochlea. Additional timing
information can be added if the times are considered at which the carrier of the acoustical signal
has zero crossings and the slope of the carrier is positive (panel B of FIG. 2). The TE of the
acoustical signal can be used to modulate a constant carrier (panel D of FIG. 2). To avoid
simultaneous stimulation at neighboring electrodes the carrier pulses are presented at adjacent
electrodes in a continuous interleaved pattern (CIS) [71]. The latter strategy is commonly used
in coding strategies of contemporary Cls. Some codes adopt the approach shown in panel E of
FIG. 2. A carrier is amplitude modulated with the TE of the acoustical signal. The zero
crossings of the TFS are then used to provide additional timing information. Coding strategies
depicted in panels C and F of FIG. 2 have not been implemented in CI today. TFS is also
included in the n-of-m coding strategy (n number of frequencies are selected of m possible
frequencies) and by implementing virtual channels (stimulation between two electrode contacts
by electrical field superposition). Current steering increases the number of possible frequencies
that may be selected [72-75]. The n-of-m coding strategy can be seen as an alternative to CIS
[76-78].

Nie and coworkers have proposed a coding strategy depicted in panel F of FIG. 2 [69, 79,
80], which encodes both amplitude and frequency of the signal. They suggest dividing the
acoustical signal into frequency bands and extracting the temporal envelop, as has been done
before. They suggest to also encode the frequency fine structure in each frequency band. Their
test with CI user demonstrated, as others have before that TE, is sufficient to encode speech in
quiet listening environments. They have also demonstrated that adding fine structure to the code
can significantly improve speech recognition scores in normal hearing subjects when

background noise is present [69, 79, 80].
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While the temporal envelope is used in contemporary CI coding strategies, the temporal
fine structure receives little attention.

In general, CI coding strategies accomplish three tasks: the extractions of the relevant
information from the acoustical stimulus, the conversion of that information into an electrical
stimulus, and the delivery of the stimuli via the cochlear implant electrode to the ear. Step one
includes the filtering of the acoustical signal with pre-emphasis filter, dividing the acoustical
signal into individual frequency components using filters, gammatone like filters, or
spectrograms. From each frequency band the TE and TFS are extracted. In step two, different
strategies are employed to select a few number of frequency bands. Typical strategies for this
task are FOF1F2, multi peak (MPEAK), spectral peak (SPEAK), advanced combination encoder
(ACE), n-of-m, fine structure processing (FSP). The TE of the selected frequency band is then
used to modulate the amplitude of a carrier. The carriers are trains of biphasic electrical pulses
delivered at a fixed rate. Different carriers have been tested: sinusoids, broad-band noise, narrow
band noise and pulse trains with fixed and variable pulse rates. Typically, a nonlinear mapping
function is applied. TFS is largely ignored in this process. In the third step, pulses are delivered
via the CI electrode. If pulses occur at the same time at neighboring electrodes, interactions are
possible. To avoid deleterious effects, two strategies are applied, current steering and CIS [62,
81]. Current steering uses the interaction between two neighboring channels to evoke a percept,
which is between the sites of the electrodes used to deliver the current. This strategy increases
the number of pitches a CI user can perceive [72]. CIS introduces delays between the pulses
delivered at neighboring channels. The delays are large enough that simultaneous stimulation
does not occur [71].

Five coding strategies, HiRes120, n-of-m, FSP, ACE, and SPEAK from three major
cochlear implant companies, Advanced Bionics, Med-El and Cochlear Ltd., were analyzed to
determine whether TFS is included in the CI coding strategy and how it is implemented. For two
strategies, HiRes120 and n-of-m, both filter the acoustical signal captured by the microphone
using a sequence of 16 bandpass filter (6™ order Chebyshev with 3 dB ripple). They map the
energy in each frequency band with a nonlinear function and generate trains of interleaved

biphasic pulses with a high stimulation rate. The goal of the HiRes120 strategy is to increase
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temporal and spectral resolution and consequently introduce TES [82-92]. To achieve the
required higher spectral resolution, filtered signals from each channel are analyzed by using the
FFT of the signal to select maxima that represent dominant frequency components. If selected
frequencies are within the resolution band of a patient, the one with smaller magnitude is
eliminated. The resolution band is the frequency range where patients could not distinguish pitch
differences and is set as 1/3 octave in the HiRes120 code. Current steering is then used to
stimulate the corresponding sites along the cochlea. The stimulation sites are determined by
using the selected frequencies and the Greenwood function [93], which maps the frequencies
tonotopically along the cochlea. Furthermore, to achieve better timing resolution, this strategy
also uses the half-wave rectified waveform to modulate the electrical pulse trains [94]. The n-of-
m strategy differs only in the criteria of selecting channels. A threshold is determined by
calculating the average energy of all channels [95]. The energy of each channel is then
subtracted by the threshold value and the difference d is used to calculate a probability p. Each
channel is assigned with a random number r within [0,1], which is then compared with p
accordingly. In case that r is less than p, then the channel is selected. After testing all channels, if
the number of selected channels is smaller than 6, then unpicked channels are randomly selected
until all six channels are selected. If the number of channels is larger than 6, picked channels are
randomly deselected until six channels remain. The threshold is also adjusted accordingly [96].
Another coding strategy that considers TES uses a combination of a High Definition CIS
(HDCIS) strategy for high frequencies (electrode contacts at the basal cochlear end) and
channel-specific sampling sequences (CSSS) at one to four most apical channels or electrode
contacts. The channel selection is based on the finding that only neurons at low frequency signal
(<1kHz) phase lock in severe-to-profound hearing impaired, and hence respond to TES. The
filters used in this strategy are a series of bell curve shaped bandpass filters with overlap at -3dB
cutoff frequencies [97]. This can be achieved with a gammatone filter. The frequency range is 70
to 8000 Hz, separated into 12 channels. At the high frequency channels, the signals are Hilbert
transformed to extract the TE. The TE obtained at each channel is then used to modulate the
amplitude of a carrier (sequence of interleaved biphasic pulses at a rate of about 1500 pulses per

second (pps)). At the low frequency channel, TFES is encoded. The acoustical signal are half-
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wave rectified such that only positive values remain. Positive zero points, which are points with
zero value and positive derivatives on the waveforms, are identified from rectified signals and
marked as the time point to generate pulse trains using the CSSS strategy. The rate of pulse
trains is fixed and patient specific. This method gives a non-constant rate of stimulation among
apical channel, where length of the pulse bursts depends on the center frequencies. This
approach provides TFS information of the acoustical signal [98].

Two other common coding strategies do not introduce TES and rely on TE only. In the
ACE strategy, a pre-emphasis filter with a shape of equal loudness threshold among frequencies
is used. The goal is to emulate the “perceptual power” similar to what normal hearing people
perceive. Next, the signal is analyzed by two spectrograms: one with 256 points window size,
which has better spectral resolution, and one with 64 points window size, which has better time
resolution. Both spectrograms are vocoded to 22 channels. The “256-window” spectrogram is
mainly used as the criteria for channel selection. In this strategy, 8 channels with highest
energies are selected. After the channel is selected, the two adjacent channels are checked to see
if the energy differences are below the threshold limit, defined as 20 dB less energy than the
selected channel. If the energy is below the threshold limit, then that channel is considered to be
masked by the selected channel and should be eliminated from proceeding channel selections
[99]. Once all 8 channels are selected, energy derived from “64-window” spectrogram is
considered as the stimulation power for each selected channel. Similar to strategies described
above, energies are mapped to current levels and pulses are delivered as interleaved biphasic
manner at a high stimulation rate (2500 pps) [100].

The other method, SPEAK, is a low pulse repetition rate coding strategy. The pre-
processed signal is analyzed with a 256 points window size spectrogram and then vocoded to 22
channels. A gain factor G is calculated for each channel every 3 frames (48 ms) using the
following function: G = (2 X E. — 2 X E,, — E;)/(E; + E, + Ef), where E, E;, and Ej are
energy of the first, second and third frame. G describes how fast the envelope energy varies, and
emphasizes the transients of the speech signal where envelope changes quickly. G must be larger
than zero and smaller than 2. A modified signal S’ is then computed using S’ = S X (1 + K X

G), where S is the original signal and K is the modifier constant with value of 2 [41, 101]. Eight
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channels with the highest energies are selected and the pulse amplitudes are mapped to current
levels [102]. The method of delivering pulses in this strategy is different. Either a pulse burst,

which is a sequence of ramping pulses [103], or a +£10% jitter of the pulse timing can be used
[104]. Both methods aim to introduce stochastic time patterns of neural activity.

A coding strategy has been described by Nie et al. [69] that considers TE and TFS.
Algorithms for extracting AM and FM. The acoustical signal is divided into N subbands by a
bank of bandpass filters. Within each subband, amplitude and frequency modulations are
extracted in separate pathways. The output of each subband k is full-wave rectified and then
filtered with a low pass to obtain the AM signal. Delay compensation is also introduced to
synchronize the amplitude and frequency modulation pathways. A pair of orthogonal sinusoidal
signals at the center frequency of the k th subband is used to remove the center frequency from
the original signal and to extract frequency modulation around the center frequency. The
resulting signal is Low-pass filtered. The instantaneous frequency is calculated from the in- and
out-phase signal. The instantaneous frequency is further band-limited and low-passed filtered to
limit the frequency modulation rate. However, two problems limit the use of the approach
described: (1) the trains of pulses are still amplitude modulated and increasing current
amplitudes results in in increasing interactions between neighboring electrodes. (2) frequency
modulation is retrieved from each subband and used to modulate the spike patterns.
Additionally, this approach does not take into account the phase information.

Therefore, a heretofore unaddressed need exists in the art to address the aforementioned

deficiencies and inadequacies.

SUMMARY OF THE INVENTION
In one aspect, the invention relates to a method of generating frequency-modulated
electrical pulse trains in a cochlear implant. In one embodiment, the method comprises the steps
of dividing data representing audio spanning a plurality of frequency bands into a plurality of
bins associated with each of the frequency bands, each bin representing an energy level of the
audio data within the frequency band within a period of time; associating each frequency band

with a phase probability that starts at an initial phase probability value, resets to a minimum
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phase probability value after a pulse is generated, and increases from the minimum phase
probability value to a maximum phase probability value over a period of time; for each bin,
assigning a power probability as a normalized intensity for each bin, the normalized intensity
being a number between a minimum power probability and a maximum power probability
representing the energy level of the bin; and for each bin, generating a pulse in an electrode
associated with the frequency band associated with the bin when a random number generated is
less than the power probability divided by the phase probability.

In one embodiment, a pulse rate in the electrode associated with the frequency band
associated with the bin varies between zero pulses per second and a maximum pulses per second.

In one embodiment, the minimum power probability is 0. In one embodiment, the
maximum power probability is 1.

In one embodiment, the period of time is equal to one divided by a center frequency of
the frequency band.

In one embodiment, the initial phase probability value is equal to the maximum phase
probability value.

In one embodiment, the initial phase probability value is 1.

In one embodiment, the minimum phase probability value is 0. In one embodiment, the
maximum phase probability value is 1.

In one embodiment, the phase probability increases linearly. In another embodiment, the
phase probability increases according to a Gaussian function.

In one embodiment, the number of frequency bands corresponds to the number of
electrodes in the cochlear implant.

In one embodiment, the random number generated is a random number between a
minimum modified power probability and a maximum modified power probability; the
minimum modified power probability defined as a smallest possible value of the power
probability divided by the phase probability and the maximum modified power probability
defined as a largest possible value of the power probability divided by the phase probability.

In one embodiment, the minimum modified power probability is 0. In one embodiment,

the maximum modified power probability is 1.

11
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In another aspect, the invention relates to a cochlear implant providing frequency-
modulated electrical pulse train. In one embodiment, the cochlear implant includes a plurality of
electrodes; and a processor in communication with the plurality of electrodes, the processor
generating frequency-modulated electrical pulse trains in one or more of the plurality of
electrodes in response to dividing data representing audio spanning a plurality of frequency
bands into a plurality of bins associated with each of the frequency bands, each bin representing
an energy level of the audio data within the frequency band within a period of time; associating
each frequency band with a phase probability that starts at an initial phase probability value,
resets to a minimum phase probability value after a pulse is generated, and increases from the
minimum phase probability value to a maximum phase probability value over a period of time;
for each bin, assigning a power probability as a normalized intensity for each bin, the normalized
intensity being a number between a minimum power probability and a maximum power
probability representing the energy level of the bin; and for each bin, generating a pulse in an
electrode associated with the frequency band associated with the bin when a random number
generated is less than the power probability divided by the phase probability.

In one embodiment, a pulse rate in the electrode associated with the frequency band
associated with the bin varies between zero pulses per second and a maximum pulses per second.

In one embodiment, the period of time is equal to one divided by the center frequency of
the frequency band.

In one embodiment, the initial phase probability value is equal to the maximum phase
probability value.

In one embodiment, the phase probability increases linearly, or increases according to a
Gaussian function.

In one embodiment, the number of frequency bands corresponds to the number of
electrodes in the cochlear implant.

In one embodiment, the random number generated is a random number between a
minimum modified power probability and a maximum modified power probability; the
minimum modified power probability defined as a smallest possible value of the power

probability divided by the phase probability and the maximum modified power probability
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defined as a largest possible value of the power probability divided by the phase probability.

In another aspect, the invention relates to a non-transitory computer-readable medium
storing instructions which, when executed by one or more processors, cause a cochlear implant
to perform a method for generating frequency-modulated electrical pulse trains in one or more of
a plurality of electrodes of the cochlear implant. The method comprises dividing data
representing audio spanning a plurality of frequency bands into a plurality of bins associated
with each of the frequency bands, each bin representing an energy level of the audio data within
the frequency band within a period of time; associating each frequency band with a phase
probability that starts at an initial phase probability value, resets to a minimum phase probability
value after a pulse is generated, and increases from the minimum phase probability value to a
maximum phase probability value over a period of time; for each bin, assigning a power
probability as a normalized intensity for each bin, the normalized intensity being a number
between a minimum power probability and a maximum power probability representing the
energy level of the bin; and for each bin, generating a pulse in an electrode associated with the
frequency band associated with the bin when a random number generated is less than the power
probability divided by the phase probability.

In one embodiment, a pulse rate in the electrode associated with the frequency band
associated with the bin varies between zero pulses per second and a maximum pulses per second.

In one embodiment, the period of time is equal to one divided by the center frequency of
the frequency band.

In one embodiment, the initial phase probability value is equal to the maximum phase
probability value.

In one embodiment, the phase probability increases linearly, or increases according to a
Gaussian function.

In one embodiment, the number of frequency bands corresponds to the number of
electrodes in the cochlear implant.

In one embodiment, the random number generated is a random number between a
minimum modified power probability and a maximum modified power probability; the

minimum modified power probability defined as a smallest possible value of the power
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probability divided by the phase probability and the maximum modified power probability
defined as a largest possible value of the power probability divided by the phase probability.

According to the invention, the coding strategy/method to encode acoustical information
in cochlear implants has, among other things the advantages over existing coding strategies
relate to the following points:

1. Auditory nerve stimulation can be done simultaneously at all contacts of the
electrode array and increases the number of independent channels from 4 to up to 22.

2. Average pulse repetition rates are about 100-300 Hz at each channel.

3. Loudness is encoded by the number of pulses in each channel and the total
number of pulses across channels and does not require the increase in current level for each
channel.

4. The low average pulse repetition rate for each channel and the fact that loudness
increase is not coded through an increase in current amplitude reduces the power consumption of
the devices by a factor of about 5 to 10.

5. Phase is added to the pulse pattern, which communicates temporal fine structure.

For the coding strategy according to the invention, the acoustic signal is received using a
microphone or the like. A series of filters extracts the acoustic information in up to 22 frequency
bands. A Short Term Fourier Transform (STFT) is applied to the traces of each frequency band
to extract the envelop of the signal over time. For each frequency band, a pulse generator
generates trains of pulses with random times between the pulses while the average pulse rate is
varied and proportional to the extracted envelope. Since stimulation occurs at each channel, a
frequency selection strategy, such as used in the existing coding strategies, is not necessary.

These and other aspects of the invention will become apparent from the following
description of the preferred embodiment taken in conjunction with the following drawings,
although variations and modifications therein may be affected without departing from the spirit

and scope of the novel concepts of the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

The accompanying drawings illustrate one or more embodiments of the invention and,
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together with the written description, serve to explain the principles of the invention. Wherever
possible, the same reference numbers are used throughout the drawings to refer to the same or
like elements of an embodiment.

FIG. 1 shows schematically an acoustic signal comprising a slow changing envelope (a
temporal envelope or slope) and a fast changing component (a temporal fine structure or carrier).
The temporal envelope and the temporal fine structure are able to independently convey acoustic
information. While the temporal envelope has been shown to be important for speech in quiet,
the temporal fine structure is important for music and speech in noise.

FIG. 2 shows schematically different strategies for coding acoustical information, where
abbreviations are ca=constant amplitude, cf=constant frequency, am=amplitude modulation,
fm=frequency modulation, Ox=zero crossings. Contemporary coding strategies can mostly be
described by the paradigms in panels D and E, where the carrier is fixed in rate, and the pulse
trains are amplitude modulated. A few coding strategies consider the zero crossing to add fine
structure information in some of their channels. To encode the temporal envelope and the
temporal fine structure, a code as shown in panel F is required.

FIG. 3 shows a spectral plot of the acoustic stimulus (top) and the PSTH (bottom) from a
stable single unit in the ICC (CF=2500Hz). The unit phase locks to the intrinsic primary
frequencies from the sounds. The phase locking pattern to complex sounds is heavily mediated
by frequency components of sounds and the sound levels.

FIG. 4 shows a relationship of a speech recognition correctness and a phase distortion.
Speech recognition scores are significantly decreased with distorted phase information such as
zero, random or shifted phase. Differences in speech recognition scores are statistically
significant between random phase and randomly distributed around the original phase (), [7o-7t,
no+n] (p-value = 0.031 < 0.05), and between [mo-7t, mo+x] and [mo-1/2, mo+m/2] (p-value = 0 <
0.05). Speech is unintelligible when a zero or random phase replaces the original phase (),
with a slight improvement at [no-7t, To+7], and significant improvement for [mo-1/2, mo+7/2)
phase shift or with the original phase (), when reconstructing sound.

FIG. 5 shows a relationship of a speech recognition correctness and a signal-to-noise-

ratio (SNR). Speech recognition scores significantly decrease with distorted phase information
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such as zero, random or randomly distributed around the original phase (n), [mo-7, To+7], and
[mo-1/2, mo+m/2]. Speech recognition scores decrease with increasing background noise, shown in
the plot as a decreasing SNR. The plots clearly demonstrate that the phase information is crucial
in particular for the speech recognition in noise. For a normal hearing subject, the speech
recognition is close to zero if the SNR is less than 15.

FIGS. 6A and 6B show a flow chart for encoding of acoustic information with a
frequency-modulated phase coding (FMPC) strategy according to embodiments of the present
invention.

FIG. 7A shows the spectrogram of the sentence “The boy did a handstand”, where a pre-
emphasis filter was applied, and FIG. 7B shows the pulse pattern for this sentence, where each
circle shows the time of an electric biphasic pulse. Note that pulses can be delivered
simultaneously at neighboring channels. Based on the slow pulse repetition rate and the
stochastic behavior of the pulses, however, coincident events at neighboring electrodes are rare.

FIGS. 8A-8E show a relationship of a normalized rate of action potentials that can be
recorded at a single auditory nerve fiber and a sound level at the outer ear canal to a rate for
different parameters ag, a;, az, as as.

FIG. 9 shows a method to calculate the normalized level from the spectrogram. according
to one embodiment of the present invention. The calculation of the normalized rate results in
nonlinearly mapping the power of the acoustic signal.

FIG. 10 is a table listing demographics of tested participants/patients.

FIG. 11 is a table illustrating comparison of performance with the FMPC according to
embodiments of the present invention and performance with the Med El or AB processing code.

FIG. 12 shows individual results in sentence recognition. Each participant (#....) has
three performance parameters. Left bar: just after switching to the FMPC according to the
present invention. Middle bar: after the read along. Right bar: with their device company’s
processor. Number of subjects is 10 with a Med-El impalnt and 6 with an AB implant.

FIG. 13 shows combined results in sentence recognition. Left data set (black
circles/diamonds) are the results just after switching to the FMPC according to the present

invention. Almost no words could be recognized. Middle data set (green circles/diamonds)
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shows the scores after the read along exercise. Most of the subjects had word recognition above
40%. Right data set (red circles/diamonds) shows the results obtained with their Med-EI/AB
processor. Number of participants is 16, where 10 participants are with a Med-EI processor, and
6 participants are with an AB processor.

FIGS. 14A-14C are tables listing the data obtained in the individual sessions according to
embodiments of the present invention.

FIG. 15 shows scores obtained during the sentence recognition test according to
embodiments of the present invention.

FIG. 16 shows scores obtained during the sentence test according to embodiments of the
present invention. Scores are compared with published values.

FIG. 17 shows patient ranking of listening experience to speech.

FIG. 18 shows patient ranking of listening experience to music.

FIGS. 19A and 19B show a pulse pattern created with the novel code according to the
present invention for rock music and R&B, respectively. FIGS. 19C and 19D show the
corresponding pulse pattern created for the same channel by a Med-El processor. Both stimulus
paradigms are set for comfort loud. Significant power differences in total energy can be seen
between the two coding strategies.

FIG. 20 is a table listing the corresponding values of the pulse patterns of FIGS. 19A-
19D.

FIG. 21 is a table listing answers of a yes-no questionnaire of the participants.

FIG. 22 is a table listing preliminary results of a music test according to embodiments of

the present invention.

DETAILED DESCRIPTION OF THE INVENTION
The invention will now be described more fully hereinafter with reference to the
accompanying drawings, in which exemplary embodiments of the invention are shown. This
invention may, however, be embodied in many different forms and should not be construed as
limited to the embodiments set forth herein. Rather, these embodiments are provided so that this

disclosure will be thorough and complete, and will fully convey the scope of the invention to
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those skilled in the art. Like reference numerals refer to like elements throughout.

The terms used in this specification generally have their ordinary meanings in the art,
within the context of the invention, and in the specific context where each term is used. Certain
terms that are used to describe the invention are discussed below, or elsewhere in the
specification, to provide additional guidance to the practitioner regarding the description of the
invention. For convenience, certain terms may be highlighted, for example using italics and/or
quotation marks. The use of highlighting has no influence on the scope and meaning of a term;
the scope and meaning of a term is the same, in the same context, whether or not it is
highlighted. It will be appreciated that same thing can be said in more than one way.
Consequently, alternative language and synonyms may be used for any one or more of the terms
discussed herein, nor is any special significance to be placed upon whether or not a term is
elaborated or discussed herein. Synonyms for certain terms are provided. A recital of one or
more synonyms does not exclude the use of other synonyms. The use of examples anywhere in
this specification including examples of any terms discussed herein is illustrative only, and in no
way limits the scope and meaning of the invention or of any exemplified term. Likewise, the
invention is not limited to various embodiments given in this specification.

It will be understood that, as used in the description herein and throughout the claims that

[P L INNT3
a

follow, the meaning of an”, and “the” includes plural reference unless the context clearly
dictates otherwise. Also, it will be understood that when an element is referred to as being “on”
another element, it can be directly on the other element or intervening elements may be present
there between. In contrast, when an element is referred to as being “directly on” another
element, there are no intervening elements present. As used herein, the term “and/or” includes
any and all combinations of one or more of the associated listed items.

It will be understood that, although the terms first, second, third etc. may be used herein
to describe various elements, components, regions, layers and/or sections, these elements,
components, regions, layers and/or sections should not be limited by these terms. These terms
are only used to distinguish one element, component, region, layer or section from another

element, component, region, layer or section. Thus, a first element, component, region, layer or

section discussed below could be termed a second element, component, region, layer or section
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without departing from the teachings of the invention.

Furthermore, relative terms, such as “lower” or “bottom” and “upper” or “top,” may be
used herein to describe one element’s relationship to another element as illustrated in the
Figures. It will be understood that relative terms are intended to encompass different
orientations of the device in addition to the orientation depicted in the Figures. For example, if
the device in one of the figures is turned over, elements described as being on the “lower” side of
other elements would then be oriented on “upper” sides of the other elements. The exemplary
term “lower”, can therefore, encompasses both an orientation of “lower” and “upper,” depending
of the particular orientation of the figure. Similarly, if the device in one of the figures is turned
over, elements described as “below” or “beneath” other elements would then be oriented
“above” the other elements. The exemplary terms “below” or “beneath” can, therefore,
encompass both an orientation of above and below.

It will be further understood that the terms “comprises” and/or “comprising,” or
“includes” and/or “including” or “has” and/or “having”, or “carry” and/or “carrying,” or
“contain” and/or “containing,” or “involve” and/or “involving, and the like are to be open-ended,
1.e., to mean including but not limited to. When used in this disclosure, they specify the
presence of stated features, regions, integers, steps, operations, elements, and/or components, but
do not preclude the presence or addition of one or more other features, regions, integers, steps,
operations, elements, components, and/or groups thereof.

Unless otherwise defined, all terms (including technical and scientific terms) used herein
have the same meaning as commonly understood by one of ordinary skill in the art to which this
invention belongs. It will be further understood that terms, such as those defined in commonly
used dictionaries, should be interpreted as having a meaning that is consistent with their meaning
in the context of the relevant art and the present disclosure, and will not be interpreted in an
idealized or overly formal sense unless expressly so defined herein.

As used herein, “around”, “about” or “approximately” shall generally mean within 20
percent, preferably within 10 percent, and more preferably within 5 percent of a given value or
range. Numerical quantities given herein are approximate, meaning that the term “around”,

“about” or “approximately” can be inferred if not expressly stated.
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As used herein, the phrase “at least one of A, B, and C” should be construed to mean a
logical (A or B or C), using a non-exclusive logical OR. It should be understood that one or
more operations within a method is executed in different order (or concurrently) without altering
the principles of the invention.

As used herein, the term “action potentials” refer to the electric response of nerve fibers
or muscle tissues to its stimulation such as electrical stimuli, optical stimuli, and/or acoustic
click stimuli. The action potentials are considered as the traveling signals of nerves and the
localized changes that contract muscle cells responsive to the stimulation. Compound action
potentials are the summation of individual action potentials from single neurons.

As used herein, the term “nerve fiber” refers to a portion of the neuron, namely the axon,
which carries action potentials from one end of the neuron to the other. The cochlear nerve
fibers originate from neurons of the spiral ganglion and project peripherally to cochlear hair cells
and centrally to the cochlear nuclei (cochlear nucleus) of the brain stem. They mediate the sense
of hearing.

The term “cochlea”, as used herein, refers to a spiral-shaped cavity of the inner ear that
resembles a snail shell and contains nerve endings essential for hearing. The cochlea includes
three fluid-filled chambers: scala tympani and scala vestibuli (both of which contain perilymph),
and scala media (which contains endolymph). The scala tympani and the scala vestibuli are
contiguous with each other, merging at the tip of the snail shell, the helicotrema. The stapes
transmits vibrations to the fenestra ovalis (oval window) on the outside of the cochlea, which
vibrates the perilymph in the scala vestibuli. This in turn vibrates the endolymph in the scala
media, thus causing movements of the hair bundles of the hair cells, which are acoustic sensor
cells that convert vibration into electrical potentials.

The term “cochlear implant” or its abbreviation “CI”, as used herein, refers to a device
that is placed into the cochlea to provide sound perception for deaf individuals.

Embodiments of the invention are illustrated in detail hereinafter with reference to
accompanying drawings. It should be understood that specific embodiments described herein
are merely intended to explain the invention, but not intended to limit the invention. In

accordance with the purposes of this invention, as embodied and broadly described herein, this
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invention, in certain aspects, relates to coding strategies for cochlear implants (CIs) and cochlear
implants applying the same.

According to the present invention, the frequency-modulated phase coding (FMPC)
strategy to encode acoustical information in cochlear implants does not modulate the amplitude,
but uses the amplitude to calculate the spike probability. At high energy levels the probability
that a pulse is generated is high and fast pulse repetition rates result. At low sound energy levels,
the probability for a pulse is low and the resulting pulse repetition rate is slow. In addition to the
sound energy the phase is considered in the calculation. The probability for a pulse is maximum
at integer times corresponding to the center frequency of the selected frequency band and is
close to zero at the other times. Thus, TE is encoded by the rate and TES is recovered from the
TE of the acoustical signal and the center frequency of the selected sub-band.

As discussed above, only two of the five existing coding strategies claim efforts to
implement TFS. The other strategies rely on the limited frequency information provided by the
TE. Also, some of the TES can be “recovered” from TE [42, 105, 106]. In contrast to the CI
processors’ coding strategies, the auditory system of a normal hearing animal/human encodes
TE and TFS at the same time. TE is determined by the sound induced vibrations of the basilar
membrane, which have a maximum at a specific site along the cochlea for each frequency; TFS
is encoded by the fast oscillations of the basilar membrane (e.g., [S7, 60, 62, 69, 105]).
Recordings of neural activity from single auditory nerve fibers have been taken to characterize
the neural responses to simple stimuli, such as pure tones. Important information of how
amplitude and frequency information is encoded by the auditory system has been gained from
those studies [54, 55, 107-113]. Efforts have also been undertaken to describe the response
patterns of single auditory nerves to natural sounds including simple speech [114-121]. The
results clearly demonstrate that the response strength depends on the best frequency of the
neuron and the stimulus frequency. When the neuron responds to a simple speech signal, it will
respond in particular to the intrinsic primary frequencies [117, 118, 121, 122]. The data show
that if the characteristic frequency of the neuron is close to the dominant component it will better
respond to the stimulus. However, the neuron will also respond to other components.

Validation from animal experiments that the temporal fine structure is important in
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neural coding. Experiments were conducted in guinea pigs to address whether phase
information is maintained in the midbrain, and whether it can be extracted if complex sounds,
like running speech, are presented to the outer ear canal. Neural activity was recorded from
stable units in the central nucleus of the inferior colliculus (ICC). The neuron was characterized
by analyzing the neural activity obtained during stimulation of the cochlea with single pure tones
at the characteristic frequency of the neuron, complex tones comprised of the fundamental
frequency in the acoustic signal and the formants {1-f3 and their harmonics and to natural sound
such as running speech. The response to a short sentence is shown in FIG. 3. To examine phase
locking of the neural response, a post stimulus histogram (PSTH) of the neural responses to 300
stimulus repetitions was constructed, and the Fast Fourier Transform of the PSTH (see FIG. 3,
lower panel) was examined. By comparing the FFT obtained from the acoustic stimulus (FIG. 3,
upper panel) with the results from the PSTH (FIG. 3, lower panel) it can be seen that the units in
the ICC phase lock to the frequencies in the acoustical signal if their component was below 1
kHz. This finding is independent of the CF of the unit as long as it is sensitive enough to be
activated by the energy in a dominant frequency band in the stimulus. The results are similar to
what has been demonstrated in single auditory nerve fibers [117-121].

Distortion of the temporal fine structure compromises speech and speech in noise
recognition (normal hearing subjects). The contribution of TES was evaluated on speech
recognition in normal hearing human test subjects. Speech was modified by keeping the TE
unaltered and by changing the TFS through modifying the phase information. Speech tests were
given at different signal to noise ratios (SNR).

Results obtained for each of the phase distortions are shown as box plot in FIG. 4. An
analysis of variance was performed. The Tukey's honest significance test was used {or pairwise
comparison. The resulis show that speech is unintelligible when the phase is set to a fixed value,
here zero, or when the phase is randomly assigned. A drastic improvement in speech

intelligibility can be seen if the range over which the phase is randomly assigned is decreased
from [— T, n] to [— g, g] The percent correct increased from about 20% to about 80%. The

importance of the phase or the TFES is also important for speech in the noise recognition, as

shown in FIG. 5. For the original phase or if the phase is randomized in [— g, g] the scores from
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the speech recognition test are 80% correct if the SNR is 10 dB or above. For the other phase
randomized conditions the scores decreased from about 50% (SNR=25dB) to 20% (SNR=15dB).

For a SNR<10dB, the speech recognition scores are close to 0%.

FREQUENCY-MODULATED PHASE CODING (FMPC)

Referring to FIG. 6A, a flow chart for a method of generating frequency-modulated
electrical pulse trains in a cochlear implant, i.e., frequency-modulated phase coding (FMPC) for
a cochlear implant, is shown according to one embodiment of the present invention. As shown
in FIG. 6A, the method generally includes the following steps.

At step S10, data representing audio spanning a plurality of frequency bands is divided
into a plurality of bins associated with each of the frequency bands. Each bin represents an
energy level of the audio data within the frequency band within a period of time. The audio
(acoustical) signal can be captured with a microphone or a recorder, or provided as an audio file.
In certain embodiments, the number of the plurality of frequency bands corresponds to the
number of electrodes in the cochlear implant. The period of time is equal to one divided by a
center frequency of the frequency band, i.e., 1/(center frequency).

At step S20, each frequency band associated with a phase probability that starts at an
initial phase probability value, resets to a minimum phase probability value after a pulse is
generated, and increases from the minimum phase probability value to a maximum phase
probability value over a period of time.

In certain embodiments, the initial phase probability value is equal to the maximum
phase probability value. In some embodiments, the initial phase probability value is 1.

In certain embodiments, the minimum phase probability value is 0. The maximum phase
probability value is 1.

In one embodiment, the phase probability increases linearly. In another embodiment, the
phase probability increases according to a Gaussian function.

At step S30, for each bin, a power probability is assigned as a normalized intensity for
each bin. The normalized intensity is a number between a minimum power probability and a

maximum power probability representing the energy level of the bin. In one embodiment, the
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minimum power probability is 0. In one embodiment, the maximum power probability is 1.

At step S40, for each bin, a pulse is generated in an electrode associated with the
frequency band associated with the bin when a random number generated is less than the power
probability divided by the phase probability. In one embodiment, a pulse rate in the electrode
associated with the frequency band associated with the bin varies between zero pulses per
second and a maximum pulses per second.

In some embodiments, the random number generated is a random number between a
minimum modified power probability and a maximum modified power probability; the
minimum modified power probability defined as a smallest possible value of the power
probability divided by the phase probability and the maximum modified power probability
defined as a largest possible value of the power probability divided by the phase probability. In
some embodiments, the minimum modified power probability is 0, and the maximum modified
power probability is 1.

FIG. 6B shows a flow chart of the frequency-modulated phase coding (FMPC) strategy
in another form. In this exemplary example, the acoustical (audio) signal is captured with a
microphone 610. The audio signal can be acquired by a recorder or other audio acquiring
devices, or provided as an audio file. A pre-emphasis filter 620 is applied to the input audio
signal before a spectrogram or gammatone-like spectrogram 630 is calculated to decompose the
audio signal into different frequency bands 640. For each frequency band, a probability 650 for
an electrical pulse is calculated from the acoustic power in the audio signal, as reflected in the
spectrogram or gammatone-like spectrogram 630. This probability 650 is further modified by the
phase information 660 in the acoustic signal. In one exemplary example, 12 frequencies (i.e.,
192, 301, 442, 626, 863, 1185, 1598, 2162, 2941, 3870, 5252 and 6684 Hz) were selected from
the resulting spectrogram as shown in FIG. 7. The number of frequencies equals the active
number of electrode contacts along the cochlear implant array. For example, for a Med-El
device the number of frequencies is 12, for an Advanced Bionics Device the number of
frequencies 16, and for a Cochlear Device the number of frequencies 22. The selection of the
frequency band determines the rows of the spectrogram. In one embodiment, the frequency

selection is achieved interactively with the patient. Initially the patient interacts with a computer
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to adjust an initial distribution of frequencies to the electrode contacts using an fast converging
algorithm. After the initial adjustment, for each listening environment a fast adjustment is done
upon prompting from the CI device. The resulting parameter set is stored and used to predict
optimal parameter settings for the CI user. In one embodiment, parameter setting predictions are
done using a Bayesian approach.

The magnitude in each row of the spectrogram is converted into a normalized rate, a
number between 0 and 1. The normalized rate, which is also called a power probability,
PowerProb, is then modified by dividing by a value of a phase probability, PhaseProb, of the
interval [0,1]*Wynase. Where the multiplier wynqse 1 a factor that can increase or decrease the
phase effect. For the initial setting this weighing factor wyu.s. 1s selected to be 1. The resulting
value obtained from dividing PowerProb and PhaseProb is then compared with a random
number between 0 and 1 generated with a random number generator, for example, a MATLAB’s
random number generator, or the like. A pulse is generated if the random number is smaller than
the number calculated from the normalized rate and the phase. A typical example for the
spectrogram and the resulting electrical pulse pattern is shown in FIG. 7A for the sentence “The
boy did a handstand”. Each circle in the raster plot shown in FIG. 7B corresponds to the time of
an electrical pulse to be delivered. The amplitude of the pulse may be modulated.

Intensity mapping and normalized rate — calculation of PowerProb: In previous
research, an equation was been proposed that describes the relation between the sound level at
the outer ear canal and the corresponding rate of action potentials that can be recorded from a
single auditory nerve fiber [123-128]. This function is expressed below and includes cochlear
nonlinearities and depends on five critical parameters: a spontaneous rate (ag), a maximum rate
(ap), a threshold for stimulation (a>), a level for nonlinear behavior (a3), and a value describing

the slope after the level for nonlinear behavior (a.).

where R is the mean discharge rate, and d is
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i_l) 1 a4
d= a3a4 * pa4
1 —
o) |

where the variables denote the following:

® ;= the spontaneous discharge rate of the primary afferent,

® @; =the maximum increase of the discharge rate,

® @, = the sound pressure of the half maximum discharge rate,

® a3 = the sound pressure at which nonlinear behavior occurs,

® ;= the exponent of the power-law slope in the nonlinear region, p the sound

pressure level at the tympanic membrane, and

* p=10*loglO(abs(S1(frequency,:))), where S1 is the Short Time Fourier Transform

(STFT) of the acoustic signal.

Traces in FIG. 8A show that the spontaneous discharge rate ay shifts the curve towards
larger values. The maximum rate a; limits the maximum rate to the number selected (FIG. 8B).
The level for threshold a; has large effects on the mapping. Low threshold values result in a fast
increase in the rate and quick saturation whereas large threshold values slow the increase in rate
but limit the maximum in achievable rate (FIG. 8C). Smaller effects are seen from the
parameters az and a4 (FIGS. 8D and 8E). Default values are selected (a¢=0 a;=1; a,=20; a3=50,
and a,=0.5), which must be adjusted individually during later sessions with the CI user. For the
calculation of the normalized rate, which is called PowerProb, a level is calculated from each bin
along a row in the spectrogram, as shown in FIG. 9. The calculation of the normalized rate
results in nonlinearly mapping the power of the acoustic signal.

Simple phase correction: An acoustic signal can be decomposed into an envelope and
fine structure. Part of the fine structure is the phase information of the signal. It has been pointed
out that the phase information is crucial in processing acoustic information, in particular in
challenging listening environments. In the normal hearing auditory system, it has been shown
that phase is encoded on the auditory nerve by the timed occurrence of action potentials (phase

locking). In other words, after a neuron generated an action potential, the probability for another
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action potential has a maximum at integer numbers of cycles following the last action potential.
According to the invention the coding has been developed similarly. In its simplest version, at
the occurrence of an electrical pulse, PhaseProb is set to 0 and increases linearly to 1 over the
time of 1/(center frequency) of the selected frequency band in the spectrogram. At each integer
number of cycle times, PhaseProb is reset to 0. The ramplike increase in probability can also be
replaced by a Gaussian distribution of the probability with a maximum at the occurrence of a
spike and the time between the maxima of 1/center frequency of the channel.

Advanced phase consideration: Recent experiments have confirmed the importance of
phase information. Recent tests with human subjects showed that distorting the phase and
maintaining the correct magnitude information can render an intelligible signal unintelligible
[105]. The latter experiments clearly emphasize the importance of phase information for speech
recognition. In another series of experiments, pure tones, combinations of tones, filtered speech,
and complex speech signals were played to the ear of anaesthetized guinea pigs. At the same
time, the neural responses were recorded from the inferior colliculus. The results show that,
independent of the best frequency of the neurons, the base frequency fy and the first formants f;,
and f> lead to phase-locked responses. In addition to those frequencies, which are typically well
below 1 kHz, phase lock also occurs with the distortion products that can be calculated from the
fundamental frequencies. Depending on location, distortion products above 0.5 kHz are boosted.
Since CI users are typically not able to phase lock well above 0.5 kHz, the phase information of
the distortion products has not been tested with this version of the code.

Amplitude adjustment of electrical pulses (optional): Each bin of the spectrogram, which
was calculated from the acoustical signal, represents the power in a given frequency band over a
3-12 ms time interval. The length of the time interval depends on the selection of points used to
calculate the Short Time Fourier Transform (STFT). The power obtained through the
spectrogram can then be used to adjust the amplitude of the train of electrical pulses. As
described above in the section of intensity mapping and normalized rate — calculation of
PowerProb, the power is mapped from the spectrogram and PowerProb is calculated. PowerProb
is a number of [0,1] and can be assigned a weighing factor wy,.- Analysis of the timing from

the patterns seen in the pulse table shows that fine structure is encoded as seen in the neural
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responses in the ICC (FIGS. 8A-8E).

In another aspect, the invention also relates to a cochlear implant providing frequency-
modulated electrical pulse train. In some embodiments, the cochlear implant includes a plurality
of electrodes; and a processor in communication with the plurality of electrodes. The processor
is adapted for generating frequency-modulated electrical pulse trains in one or more of the
plurality of electrodes in response to operations of dividing data representing audio spanning a
plurality of frequency bands into a plurality of bins associated with each of the frequency bands,
each bin representing an energy level of the audio data within the frequency band within a period
of time; associating each frequency band with a phase probability that starts at an initial phase
probability value, resets to a minimum phase probability value after a pulse is generated, and
increases from the minimum phase probability value to a maximum phase probability value over
a period of time; for each bin, assigning a power probability as a normalized intensity for each
bin, the normalized intensity being a number between a minimum power probability and a
maximum power probability representing the energy level of the bin; and for each bin,
generating a pulse in an electrode associated with the frequency band associated with the bin
when a random number generated is less than the power probability divided by the phase
probability. In certain embodiments, the number of frequency bands corresponds to the number
of electrodes in the cochlear implant. The period of time is equal to one divided by the center
frequency of the frequency band.

In certain embodiments, a pulse rate in the electrode associated with the frequency band
associated with the bin varies between zero pulses per second and a maximum pulses per second.

In certain embodiments, the initial phase probability value is equal to the maximum
phase probability value.

In certain embodiments, the phase probability increases linearly, or increases according
to a Gaussian function.

In certain embodiments, the random number generated is a random number between a
minimum modified power probability and a maximum modified power probability; the
minimum modified power probability defined as a smallest possible value of the power

probability divided by the phase probability and the maximum modified power probability
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defined as a largest possible value of the power probability divided by the phase probability.

It should be noted that all or a part of the steps or operations of the FMPC according to
the embodiments of the present invention is implemented by hardware such as a cochlear
implant or a program instructing relevant hardware. Yet another aspect of the invention
provides a non-transitory computer-readable storage medium which stores computer executable
instructions or program codes. When executed by one or more processors, the computer
executable instructions or program codes enable a cochlear implant to complete various
steps/operations in the above disclosed FMPC for generating frequency-modulated electrical
pulse trains in the cochlear implant. The storage medium includes, but not limited to, a memory,

or the likes.

IMPLEMENTATIONS AND EXAMPLES

Without intention to limit the scope of the invention, exemplary methods and their
related results according to the embodiments of the present invention are given below.

Patient population tested: the demographics of the patients tested are listed in a table
shown in FIG. 10, where the digital numbers following a character “#” in the first column of the
table are an identification of a participant. The participants are grouped based on the CI devices
implanted. One group is for the participants having Med-El devices implanted and the other
group is for the participants having Advanced Bionics devices implanted.

Sentence recognition: Sentence recognition was tested in all participants with sentences
from the hearing in noise test (HINT, but with noise removed). Loudness was adjusted to
“comfort level” by stepwise increasing the current amplitude at all of the active electrodes while
a test sentence was played. The current level was increased until the patient ranked the loudness
at “5” on a scale of 0 (not audible) to 10 (painful). No further adjustments of the map were
made. A set of 10 sentences was played up to three times via the RIB2 research interface to the
participant’s cochlear implant. The participant was asked to repeat what he/she understood and
to describe the listening experience. The number of correct words was counted. The score was
calculated by dividing the number of correct words by the total number of words.

Typically, the participants could not recognize sentences when played the first three
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times. Next, the participants were allowed to read along the set of sentences. This exercise was
repeated in total not more than three times. After the read-along, the participants were asked
again to repeat what he/she heard and to describe the listening experience. The set of sentences
was repeated twice before new material was selected. Best performance is shown in FIGS. 11-13
and is compared with the performance of the individuals on the same material with their own
processor and coding strategy (FIGS. 12 and 13). The data obtained in the individual sessions
are shown in FIGS. 14A-14C.

When the performance with the invented novel code and the Med-El processor is directly
compared, the scores with the invented novel code are on average 24.8 percent points lower than
the scores obtained with the Med-El processing code. Note that the invented novel code has only
been used for a short time. For the AB code the data are still not fully analyzed. However, it
shows that 50% of the test subjects reached >80% in their speech recognition scores one 100%
and one 96%.

Learning plays a role in performance. In the previous section it has been shown that
switching from the Med-El processor to the invented novel code made a difference. First, the
patient could not make out words. After reading along, the test subjects were able to perform
with the new coding strategy. With an increasing number of repetitions, the test participants
tended to improve steadily in their performance (FIG. 15). Note that each trial is one set of 10
sentences from the HINT. Typically, the performance for the patient is achieved after less than
20 sets of sentences or less than 200 sentences.

Listening experience: Test participants were asked to describe their listening experience.
During the initial test sessions, the participants expressed their hearing experience with the
invented novel coding strategy and while using their own processor using their own words. The
descriptors were collected and compiled into a list. A subset of 6 test subjects was then presented
with the list of descriptors and the subjects were asked to rank them on a scale of 1 to 10. The
results are obtained for speech (FIG. 17) and while listening to music (FIG. 18) for the
participants with a cochlear implant from Med-El

The results obtained for speech are shown in FIGS. 19A-19D, where FIGS. 19A and 19B

shows the pulse pattern created with the invented novel code for rock music and R&B,
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respectively, and FIGS. 19C and 19D shows the corresponding pulse pattern created for the
same channel by a Med-El processor for rock music and R&B, respectively. Both stimulus
paradigms are set for comfort loud. Significant power differences in total energy can be seen
between the two coding strategies

Yes-No questionnaire: The results of questionnaire for the participants are listed in a
table shown in FIG. 21. Note that not all songs contained every instrument.

Power reduction: The invented novel code encodes sound level by increasing pulse rate.
A loudness growth between threshold for hearing and comfortably loud levels could be achieved
in all of the participants. The settings that corresponded to a comfortably loud level were then
used to visualize and record the pulse pattern at all of the electrodes. From the current amplitude
and the pulse length, the corresponding total energy was calculated, which was delivered for
each channel. The values for the invented novel code were compared to the values obtained from
a Med-El processor. On average, the energy required for the invented novel code was 10 times
less. Differences were more prominent for speech than for music. Typically for music the energy
values for the novel code were about 3-8 times less. Typical examples for the electrodogram are
shown in FIG. 19. The corresponding values are shown in the table in FIG. 20. Note that the
Med-El processor was purchased from a user. Two electrodes were turned off and channel
amplitudes were not at factory settings. For the FMPC, measurements were made using typical
patient pulse tables.

Intensity limen and frequency limen are not tested.

Fixing the phase: For one test participant, the FMPC was changed such that the phase
was fixed to zero. Fixing the phase rendered the information transmitted unintelligible. Even
reading along with the text did not allow the test participant (#9058) to understand any word.

Fitting procedure: For two participants, an experimenter-controlled algorithm was tested
to improve the fitting of the cochlear implant frequency map. Pairs of the same word were
presented to the test subjects. The two versions of the word were generated with the FMPC with
different frequency selections for the electrodes. The test participant had to listen to the pairs of
words and decide which presentation was the more pleasant one. After a number of iterations,

the algorithm converged to a “best solution”. The resulting frequency map was then used to play
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speech and music. The test participants were asked to rank the changes on a scale of 1 to 10. The
participants all found an improvement in sound quality. In two separate sessions, the test
participant 1 ranked the improvement from 1 to 8 (#9058, first session), 1 to 8 (#9058, second
session about 4 weeks after the first session). In the second session, the participant’s speech
performance was tested with new material (HINT3). The performance increased from 26.3% to
45.6% after fitting. The test participant 2 ranked the improvement from 4 to 5 (#4573). The
speech performance remained the same after the fitting. Both test subjects describe the change in
listening experience as having less background noise, less raspiness, and richer sound.

Platform has been developed for improved fitting. A demo-version exists for normal
hearing subjects to determine robustness of the fitting and to demonstrate performance to an
outsider.

Music test: For two subjects, the participants were tested on the CAMP musical timbre
test; once with FMPC and once with their current processors. The preliminary results are shown
in a table in FIG. 22.

As shown in the above exemplary results, according to the invention, about 10 times less
electrical charge is delivered to the cochlea when compared to contemporary codes. Stimulation
rate is dynamic and varies between 0 and 3600 pps. The average stimulation rate for speech is
about 125 pps. Stimulation is allowed at all electrode contacts simultaneously. The invented
novel code uses frequency modulation to encode intensity. Performance just after switching the
code is below the performance after long-term use.

In the presently preferred embodiment of the invented novel code, the average pulse rate
per channel ranges from about 27 to 69 pps encoding speech without noise and 91 to 358 pps
encoding speech with noise. The pps for encoding music is comparable to encoding speech with
noise, but with an average rate extending into the 400 pps range.

In the presently preferred embodiment, the channel rate ranges from O pps to the device
maximum. With our current hardware limitations, the max is about 3,600 pps, but, ideally, the
maximum rate should be as fast as a cochlear processor allows.

The foregoing description of the exemplary embodiments of the present invention has

been presented only for the purposes of illustration and description and is not intended to be
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exhaustive or to limit the invention to the precise forms disclosed. Many modifications and

variations are possible in light of the above teaching.

The embodiments were chosen and described in order to explain the principles of the

invention and their practical application so as to activate others skilled in the art to utilize the

invention and various embodiments and with various modifications as are suited to the particular

use contemplated. Alternative embodiments will become apparent to those skilled in the art to

which the present invention pertains without departing from its spirit and scope. Accordingly,

the scope of the present invention is defined by the appended claims rather than the foregoing

description and the exemplary embodiments described therein.
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CLAIMS

What is claimed is:

1. A method of generating frequency-modulated electrical pulse trains in a cochlear

implant, comprising the steps of:

dividing data representing audio spanning a plurality of frequency bands into a
plurality of bins associated with each of the frequency bands, each bin representing an
energy level of the audio data within the frequency band within a period of time;

associating each frequency band with a phase probability that starts at an initial
phase probability value, resets to a minimum phase probability value after a pulse is
generated, and increases from the minimum phase probability value to a maximum phase
probability value over a period of time;

for each bin, assigning a power probability as a normalized intensity for each bin,
the normalized intensity being a number between a minimum power probability and a
maximum power probability representing the energy level of the bin; and

for each bin, generating a pulse in an electrode associated with the frequency
band associated with the bin when a random number generated is less than the power

probability divided by the phase probability.

2. The method of claim 1, wherein a pulse rate in the electrode associated with the
frequency band associated with the bin varies between zero pulses per second and a

maximum pulses per second.

3. The method of claim 1, wherein the minimum power probability is O.
4. The method of claim 1, wherein the maximum power probability is 1.
5. The method of claim 1, wherein the period of time is equal to one divided by a center

frequency of the frequency band.
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10.

11.

12.

13.

14.

15.

WO 2017/011396 PCT/US2016/041768

The method of claim 1, wherein the initial phase probability value is equal to the

maximum phase probability value.

The method of claim 1, wherein the initial phase probability value is 1.

The method of claim 1, wherein the minimum phase probability value is 0.

The method of claim 1, wherein the maximum phase probability value is 1.

The method of claim 1, wherein the phase probability increases linearly.

The method of claim 1, wherein the phase probability increases according to a Gaussian

function.

The method of claim 1, wherein the number of frequency bands corresponds to the

number of electrodes in the cochlear implant.

The method of claim 1, wherein the random number generated is a random number
between a minimum modified power probability and a maximum modified power
probability; the minimum modified power probability defined as a smallest possible
value of the power probability divided by the phase probability and the maximum
modified power probability defined as a largest possible value of the power probability

divided by the phase probability.

The method of claim 13, wherein the minimum modified power probability is 0.

The method of claim 13, wherein the maximum modified power probability is 1.
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16.

17.

18.

19.

A cochlear implant providing frequency-modulated electrical pulse trains, comprising:

a plurality of electrodes; and

a processor in communication with the plurality of electrodes, the processor

generating frequency-modulated electrical pulse trains in one or more of the plurality of

electrodes in response to:

dividing data representing audio spanning a plurality of frequency bands
into a plurality of bins associated with each of the frequency bands, each bin
representing an energy level of the audio data within the frequency band within a
period of time;

associating each frequency band with a phase probability that starts at an
initial phase probability value, resets to a minimum phase probability value after
a pulse is generated, and increases from the minimum phase probability value to a
maximum phase probability value over a period of time;

for each bin, assigning a power probability as a normalized intensity for
each bin, the normalized intensity being a number between a minimum power
probability and a maximum power probability representing the energy level of the
bin; and

for each bin, generating a pulse in an electrode associated with the
frequency band associated with the bin when a random number generated is less

than the power probability divided by the phase probability.

The cochlear implant of claim 16, wherein a pulse rate in the electrode associated with
the frequency band associated with the bin varies between zero pulses per second and a

maximum pulses per second.

The cochlear implant of claim 16, wherein the period of time is equal to one divided by

the center frequency of the frequency band.

The cochlear implant of claim 16, wherein the initial phase probability value is equal to

46



20.

21.

22.

23.
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the maximum phase probability value.

The cochlear implant of claim 16, wherein the phase probability increases linearly, or

increases according to a Gaussian function.

The cochlear implant of claim 16, wherein the number of frequency bands corresponds to

the number of electrodes in the cochlear implant.

The cochlear implant of claim 16, wherein the random number generated is a random
number between a minimum modified power probability and a maximum modified
power probability; the minimum modified power probability defined as a smallest
possible value of the power probability divided by the phase probability and the
maximum modified power probability defined as a largest possible value of the power

probability divided by the phase probability.

A non-transitory computer-readable medium storing instructions which, when executed
by one or more processors, cause a cochlear implant to perform a method for generating
frequency-modulated electrical pulse trains in one or more of a plurality of electrodes of
the cochlear implant, the method comprising:

dividing data representing audio spanning a plurality of frequency bands into a
plurality of bins associated with each of the frequency bands, each bin representing an
energy level of the audio data within the frequency band within a period of time;

associating each frequency band with a phase probability that starts at an initial
phase probability value, resets to a minimum phase probability value after a pulse is
generated, and increases from the minimum phase probability value to a maximum phase
probability value over a period of time;

for each bin, assigning a power probability as a normalized intensity for each bin,
the normalized intensity being a number between a minimum power probability and a

maximum power probability representing the energy level of the bin; and
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28.

29.
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for each bin, generating a pulse in an electrode associated with the frequency
band associated with the bin when a random number generated is less than the power

probability divided by the phase probability.

The non-transitory computer-readable medium of claim 23, wherein a pulse rate in the
electrode associated with the frequency band associated with the bin varies between zero

pulses per second and a maximum pulses per second.

The non-transitory computer-readable medium of claim 23, wherein the period of time is

equal to one divided by the center frequency of the frequency band.

The non-transitory computer-readable medium of claim 23, wherein the initial phase

probability value is equal to the maximum phase probability value.

The non-transitory computer-readable medium of claim 23, wherein the phase

probability increases linearly, or increases according to a Gaussian function.

The non-transitory computer-readable medium of claim 23, wherein the number of

frequency bands corresponds to the number of electrodes in the cochlear implant.

The non-transitory computer-readable medium of claim 23, wherein the random number
generated is a random number between a minimum modified power probability and a
maximum modified power probability; the minimum modified power probability defined
as a smallest possible value of the power probability divided by the phase probability and
the maximum modified power probability defined as a largest possible value of the

power probability divided by the phase probability.
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