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TRANSFORMING AUDIO CONTENT FOR SUBJECTIVE FIDELITY

FIELD

[0001] The present application relates generally to processing audio data using a
computer, and more particularly to transforming audio content for subjective fidelity

to an aural experience of the content producer or other person.

BACKGROUND

[0002] Analog and digital audio content is customarily originated, captured, stored, and
delivered to consumers via analog and digital media of various types. For example,
CDs, DVDs, BDs, magnetic tape, LP records, film prints, digital files and streams
are used with various inherent limitations and benefits to deliver sufficient fidelity to
be enjoyed by consumers. The benefits and drawbacks of many of the
aforementioned origination, capture, storage and transmission media and means are

well known.

[0003] Each listener brings a personal set of perceptual characteristics to his or her
experience of hearing. Because of natural differences between each listener’s
hearing acuity and perceptual apparatus, individual listeners may experience audio
content differently from the same content as it is experienced by another person, for
example by the content producer. Natural frequency, dynamic, and time domain
deviations may exist among different listeners, including between each ear among
listeners. These naturally occurring differences may include differences in apparent
sound intensity, pitch, thresholds such as ‘the threshold of audibility’ at different

frequencies, and sensitivity to positional cues.

[0004] Creative producer mixes of popular music and movie/episodic soundtracks are
available, each highlighting creative choices that may emphasize certain audio
characteristics such as frequency response curves and balance, dynamics, or single
channel, stereo or multichannel effects such as surround, echo, delay or other
positional cues. However, physical characteristics of each listener’s outer and inner
ears, and each listener’s perceptual biases, influence what each listener hears when
listening to the same audio recording, even when using identical sound reproduction

equipment in identical environments.  Such differences may cause subtle
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impediments to communication between the producer and listener, by preventing the

listener from subjectively perceiving what the creative producer intended.

[0005] The creative intent in presenting a particular audio recording — sometimes
referred to as a “mix” — may include offering listeners a particular listening
experience, for example a listening experience that includes a certain frequency
balance, dynamics, and surround sound field. Although origination, capture,
storage, and delivery systems for audio reproduction are often exactingly managed
in an attempt to provide high fidelity to the source content, each listener’s ears and
perceptual biases may nonetheless influence their hearing experience in uncontrolled
ways when listening to an audio recording using a player device. Thus, the
subjective experience of listeners may not match the acoustic experience intended
by the content producer, despite careful attention to high-fidelity reproduction in the

audio player and listening environment.

[0006] These and other limitations of prior methods for processing audio content for

high-fidelity may be overcome by the novel methods and apparatus disclosed herein.

SUMMARY

[0007] Methods, apparatus and systems for transforming audio content to achieve
subjective fidelity are described in detail in the detailed description, and certain
aspects are summarized below. This summary and the following detailed
description should be interpreted as complementary parts of an integrated disclosure,
which parts may include redundant subject matter and/or supplemental subject
matter. An omission in either section does not indicate priority or relative
importance of any element described in the integrated application. Differences
between the sections may include supplemental disclosures of alternative
embodiments, additional details, or alternative descriptions of identical
embodiments using different terminology, as should be apparent from the respective

disclosures.

[0008] Methods of delivering audio programming such as music to listeners may
include identifying, capturing and applying a reference listener’s (e.g. a content
producer’s) audio perception characteristics—sometimes referred to herein as the
listener’s Personal Waveform Profile (PWP)—to transform audio content so that

another listener perceives the content similarly to how the content would be
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perceived by the reference listener, such as a content producer. In a sense, the audio
signal may thus be custom-made for each listener, based on differences between a
PWP measured or assumed for the listener, and a PWP measured or assumed for

some other person such as the content producer.

[0009] Aspects of the method may include applying an audio testing tool and software
application to identify and capture a creative producer’s and each intended listener’s
respective, unique Personal Waveform Profiles. The method may further include
operation of an algorithm processing a source audio content using respective
listeners” Personal Waveform Profiles to provide audio output. The audio output is
configured for causing a second listener to subjectively experience the audio output
more like a subjective experience of a first listener of the source audio content.
Accordingly, the subjective listening experience of an audience member can be
made to better approximate that of any other person, for example of the audio
creative producer, so that such a listener shares a similar listening experience to the

other person.

[0010] In some embodiments, a digital signal processor coupled to an audio input and
audio output may perform a method for processing an audio signal. The method
may include receiving an audiometric reference profile, an audiometric listener
profile; and an encoded input audio signal. The method may further include
transforming the input audio signal using the signal processor into an output audio
signal, based on a difference between the reference profile or the preferred listener’s
profile and the other listener profiles so that the output audio signal compensates for
the difference. The transformation may be performed digitally on an encoded
signal, generating an encoded output signal. In an alternative, the transformation
may be performed using an amplifier and/or delay circuit operating on a decoded

analog audio signal, under the control of a digital processor.

[0011] In some embodiments, transforming the input audio signal may include altering
one or more frequencies of the input audio signal in proportion to the difference at
corresponding one or more frequencies of the reference and listener profiles. The
method may further include generating the audiometric reference profile based on
audiometric test results for a first person, and generating the audiometric listener
profile based on audiometric test results for a second person. In such case,

transforming the input audio signal may further include generating the output signal
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by boosting the input signal at one or more frequencies where the difference
indicates that the first person is more sensitive to sound than the second person and
attenuating the input signal at one or more frequencies where the difference
indicates that the first person is less sensitive to sound than the second person.
Boosting the input signal may include, for example, increasing the amplitude of the
signal over a defined frequency band portion of an audio spectrum. Likewise,
attenuating the input signal may include, for example, decreasing the amplitude of

the signal over a defined frequency band portion of an audio spectrum.

[0012] In an aspect, the encoded input audio signal may be indicated as having been
edited by the first person. For example, the first person may be a creative producer
of an audio track or program from which the audio signal is obtained. An audio
player may provide an indication of the producer so that the listener can appreciate
the basis for the transformation of the audio signal. The output audio signal may be
configured such that, when played by an audio player device and listened to by a
second person, a listening experience of the second person becomes more like a
listening experience for the first person, for sound generated from the output audio
signal. When the first person is the content producer, the second person (e.g., audio
consumer) may experience the audio content more as experienced and intended by

the producer.

[0013] In other aspects, generating the audiometric listener profile may be based on
audiometric data for a sample of a general population, so that the audiometric
listener profile represents an aggregate measure for a group of listeners. For
example, aggregate (e.g., average or median) audiometric profiles may be developed
for different genders and age ranges. These average profiles may be used to

approximate a listener profile when personal audiometric data is not available.

[0014] [0014] In addition to compensating for differences in sensitivity at different
frequencies, the method may also be used to compensate for differences in times
required for hearing response. Because of differences in the ecar canal and other
physical structures of the ear, individuals may perceive sounds at slightly different
times. Such differences may cause differences in perceiving positional cues or
dynamic effects. To compensate for these differences, transforming the input audio
signal may include altering a phase of the audio signal at one or more times of the

input audio signal in proportion to the difference at corresponding one or more times



WO 2014/028783 PCT/US2013/055217

of the reference and listener profiles. For example, altering the phase may be
performed for a defined sub-band of the audio signal to change a time at which a
sound encoded by the audio signal occurs. The time-shifting may change the times
at which sounds of different channels (for example, right or left channels), or bands

of frequencies in said channels, occur relative to one another.

[0015] In related aspects, an audio processing apparatus may be provided for
performing any of the methods and aspects of the methods summarized above. An
apparatus may include, for example, a processor coupled to a memory, wherein the
memory holds instructions for execution by the processor to cause the apparatus to
perform operations as described above, an audio input coupled to the processor for
providing a source audio signal, and an audio output coupled to the processor for
outputting a transformed audio signal. Certain aspects of such apparatus (e.g.,
hardware aspects) may be exemplified by equipment such as media players, mp3
players, computer servers, personal computers, network-enabled televisions, set-top
boxes, smart phones, notepad or tablet computers, laptop computers, and other
computing devices of various types used for accessing audio content. Similarly, an
article of manufacture may be provided, including a non-transitory computer-
readable medium holding encoded instructions, which when executed by a
processor, may cause a computing apparatus adapted for audio signal processing to

perform the methods and aspects of the methods as summarized above.

[0016] Further embodiments, aspects and details of methods, apparatus and systems for
transforming audio content for subjective fidelity are presented in the detailed

description that follows.

BRIEF DESCRIPTION OF THE DRAWINGS

[0017] The present technology, in accordance with one or more various embodiments,
is described in detail with reference to the following figures. The drawings are
provided for purposes of illustration only and merely depict typical or example
embodiments of the technology. Like element numerals may be used to indicate

like elements appearing in one or more of the figures.

[0018] Fig. 1 is a schematic diagram illustrating an embodiment of a system that may

be used to perform methods as described herein.
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[0019] Fig. 2 is a schematic block diagram illustrating an embodiment of an audio

player for supporting and executing the methods described herein.

[0020] Fig. 3 is a state diagram illustrating general aspects of transforming audio

content for subjective fidelity.

[0021] Fig. 4 is a block diagram illustrating data flows and processes for transforming

audio content for subjective fidelity.

[0022] Fig. 5 is a simplified screen shot illustrating an example of a graphical user

interface for audiometric testing of positional cue sensitivity.

[0023] Fig. 6A is an example of an audiogram illustrating hearing sensitivity at

different frequencies.

[0024] Fig. 6B is an example of an audiogram illustrating perception time lag at

different frequencies.

[0025] Fig. 7A-B are block diagrams illustrating aspects of a signal processor and
process for altering an audio signal based on PWP differences, in alternative

embodiments.

[0026] Figs. 8-11 are diagrams illustrating operations that may be performed by an
audio processing apparatus in connection with transforming audio content for

subjective fidelity.

[0027] Fig. 12 is a diagram illustrating an audio processing apparatus configured for

transforming audio content for subjective fidelity.

DETAILED DESCRIPTION

[0028] In the following description, for purposes of explanation, numerous specific
details are set forth in order to provide a thorough understanding of one or more
embodiments. It may be evident, however, that such embodiments may be practiced
without these specific details. In other instances, well-known structures and devices
are shown in block diagram form in order to facilitate describing one or more

embodiments.

[0029] Contrary to known methods for audio processing, the present technology does
not correct audio to make it flat or substantially distortion free in frequency,

dynamics, and time domains, nor does it correct for multiple listeners (i.e. at
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multiple listener positions within a room) using some form of general response
filtering. Instead, the present technology may be used to deliberately distort or
otherwise contour an audio signal to compensate for natural differences among
different listeners’ hearing capabilities. The audio may be contoured in accordance
with a previously determined Personal Waveform Profile so that a creative
producer’s mix, contoured according to his/her Personal Waveform Profile, can be

enjoyed by others.

[0030] This audio processing can be used to more widely share a particular experience
of the audio content in a manner that is consistent with the creative producer’s
original and personal experience of the audio content. Either the creative producer’s
PWP can be used to transform other content for other listeners with reference to a
default or assumed PWP, or the creative producer’s PWP can be used to manipulate,

effectively to replace, the downstream listener’s PWP.

[0031] In an aspect of the technology, some of the basic and influential characteristics
of each listener’s hearing response acuity and perceptual characteristics or biases,
¢.g. the hearing and audio perception characteristics of a creative audio producer, are
characterized by identifying and capturing each listener’s PWP in a consistent,
interactive manner in the form of parameters. For example, an interactive,
audiometric-like application may be executed on a personal computer, smartphone,
tablet, or notepad computer. The application may generate audiometric tones that
can be heard through headphones or ear buds, with testing protocol managed
through a visual user interface. Each listener’s different hearing response biases or
deviations from norms can be identified and recorded as a set of audiometric test
data or hearing parameters. Examples of the basic and influential characteristics of
each listener’s hearing and perceptual biases that can be identified and captured as
parameters may include, for example, audiometric deviations from the norm in
frequency response acuity, frequency response acuity in relation to different volume
levels—i.e. a loudness curve, overall balance—i.e. frequency response tilt, and

sensitivities with respect to positioning cues.

[0032] In other aspects, an algorithm may be used to abstract from the interactive,
audiometric-style testing application and translate the PWP parameters into an
audiogram or other representation that can be used as a signal transform function, or

to drive software that transforms audio content. For example, a PWP of a creative
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producer may be plotted as an audiogram compared to reference value or values and
then used as the standard against which others’ measured audiometric parameter
PWPs can be compared and transformed, for example, by boosting or attenuating
the audio frequency, or time-shifting, at selected frequencies and/or channels. For
listeners other than the preferred creative producer, source material that has been
recorded by the creative producer who has certain measured hearing characteristics
may be ‘normalized’ or otherwise transformed—using equalization and filtering
techniques for example—to restore or otherwise emphasize/de-emphasize the
frequency response, dynamics, positioning cues and other relevant characteristics
that govern the creative producer’s hearing perception, even though other listeners’
hearing characteristics as represented by audiometric parameters are different from

the creative producer.

[0033] In other aspects, a system of distributed and host computing resources may be
used to store and make accessible the captured PWP transforms, for example,
storing and providing access to stored data via cloud storage. This data can later be
selected and applied to audio content to transform it in ways consistent with the
biases captured in the PWPs. One person’s PWP can be swapped out for another’s,
for example by selective frequency emphasis/de-emphasis, frequency-sensitivity at
different volume balancing, and positioning cue emphasis/de-emphasis, based on

differences between PWP parameters.

[0034] In one mode, a creative producer’s PWP transform can be applied to any
content, not just content already mixed by this creative producer. In another mode,
the creative producer’s PWP transform can be compared to a second, different
listener’s PWP so that the downstream listener’s PWP transform can be normalized
using reverse transform parameters that better convey the audio characteristics of the
creative producer’s PWP transform so that the desired audio characteristics are
boosted or attenuated in light of the preferred, creative producer’s PWP transform
vs. the downstream listener’s. For example, filtering or other PWP-related
emphasis/de-emphasis may restore certain frequencies, bands of frequencies,
dynamics, or balance characteristics that are intended by the creative producer but
are not perceived with the intended fidelity by the downstream listener. In another
mode the PWP first or second modes can be switched off, e.g. for comparison

purposes.
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[0035] There are different environments in which PWP transform characteristics can be
identified and captured using the aforementioned interactive, audiometric-style
testing. For example, testing may be performed in the ear canal via ear-bud testing,
on the ear or over the ear using headphones, or in spaces such as rooms or open
areas using loudspeakers. Different layers of interpretation may be involved in these
cases, because rooms and headphones ‘load’ the sound reproduced by an audio
system (e.g. conventional speakers or headphones) in manners differently from how

the ear canal influences sound delivered via ear-buds.

[0036] Likewise, there are different environments in which audio content may be
enjoyed, for example via headphones or ear-buds, or in rooms or open space using
loudspeakers. In addition, the ability or inability of different sound reproduction
systems to reproduce some frequencies, bands of frequencies, dynamics, and
positioning cues varies according to the specifics of the equipment and these

environments.

[0037] To account for such differences, different modes of application testing to
develop PWPs may be developed depending upon whether the audiometric testing
or listening environments are, respectively, an in-ear ear bud, over-ear or on-ear
headphone, or other ‘enclosure’ environment. Such wvariations in playback

environment may be taken into account when applying the PWP transforms.

[0038] An interactive application for audiometric testing may be developed with a
different and more entertaining user interface than standard audiometry testing. For
example, an interface may be configured to enable a user to choose what is ‘more or
less pleasing’ using content that highlights certain frequency, frequency band,
dynamics, and positioning cue material to identify and capture the relevant

parameters of a PWP.

[0039] The additive and/or subtractive audio characteristics of a PWP transform applied
to content or substituted for another PWP transform thereby alters audio content
with the result that one person can hear and perceive audio content more like
another person. For example, a consumer can hear more like the creative producer
heard and intended, in spite of the two listener’s different inner/outer ear and

perception biases.
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[0040] Features and aspects as disclosed herein may be implemented within a system
100 as shown in Fig. 1, or in any other system capable of obtaining audiometric data
for listeners or groups of listeners, obtaining resource source audio content,
processing the audio content to obtain transformed content, and providing audio
output from the transformed content. The system 100 may include certain signaling
and processing components in communication via a Wide Area Network (WAN)
112, or in any other suitable manner. For example, the components may
communicate by one or more of an internal bus, a wireless network, a local area

network, or other communication network or line.

[0041] System 100 may include a component 102 for audio content production, which
may be operated by a video producer 104 who may have personal hearing and
perceptive characteristics that can be measured using an audiometric module 114.
The audio content production module 102 may therefore coordinate with the
audiometric module 114 to obtain an PWP or other audiometric profile through a
testing process with the video producer 104, or by retrieving a previously obtained
PWP or other profile from a data store, for example from cloud storage 106. The
audio content production module 102 may comprise any suitable audio mixing and
editing equipment as known in the art of audio production, and may include both
digital and analog components. Once a particular audio content is produced and
released, the content may be provided in digital form (e.g., in an mp3 or other audio
format) to a content server 108, which may arrange for storage of the audio content
in any suitable non-transitory computer-readable medium, for example in cloud

storage component 106, or other tangible medium.

[0042] The content server 108 may be configured as a computer server in
communication with the WAN 112. The server 108 may manage storage and
retrieval of audio content and PWPs or other audiometric data from the cloud
storage 106. It should be appreciated that the server 108 and cloud storage are an
example of one suitable mode for storing and distributing data, but other modes may
also be suitable. For example, audio content and PWP data may be stored and

distributed on a portable medium, for example on an optical disc or memory device.

[0043] The system 100 may include an intelligent audio player 110, which may be
configured as a special-purpose audio player, or special-purpose module of a more

general-purpose machine, by dedicated hardware and/or software. The audio player
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may also play video synchronized to an audio stream. The intelligent audio player
110 may be embodied, for example, in a personal computer, smart phone, notebook
computer, notepad computer, tablet computer, smart television, or other component.
The player 110 may communicate with the WAN 112 via a wired and/or wireless
interface. The player 110 may be operated by an audio consumer 116 having
personal hearing and perceptive characteristics that can be measured using the

audiometric module 114, or similar module.

[0044] The audiometric module 114 may be included as a component of the intelligent
audio player 110, or may be configured as a stand-alone component in separate
hardware. In the alternative, a first portion of the audiometric module 114 may be
implemented in the audio player 110, a second portion in a separate hardware
component, and the first and second portions may coordinate with one another via

the WAN 112 or other connection to perform an audiometric testing process.

[0045] Referring to Fig. 2, a diagrammatic view of an example intelligent audio player
200 is illustrated. The audio player 200 may be, or may include, a computer. In
selected embodiments, the computer 200 may include a processor 202 operatively
coupled to a processor memory 204, which holds binary-coded functional modules
for execution by the processor 202. Such functional modules may include an
operating system 206 for handling system functions such as input/output and
memory access, an audiometry module 208 for performing audiometric testing via a
user interface, e.g., display unit 228 and audio output port 218, a comparison
module for processing a PWP from the audiometry module 208 with a reference
PWP, and an audio processing module 212 for transforming input audio content
based on a comparison of the user PWP (or selected average group PWP) to a

reference PWP from the audio producer or other standard.

[0046] A bus 214 or other communication component may support communication of
information within the computer 200. The processor 202 may be a specialized or
dedicated microprocessor configured to perform particular tasks in accordance with
the features and aspects disclosed herein by executing machine-readable software
code defining the particular tasks. Processor memory 204 (e.g., random access
memory (RAM) or other dynamic storage device) may be connected to the bus 214

or directly to the processor 202, and store information and instructions to be
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executed by a processor 202. The memory 204 may also store temporary variables

or other intermediate information during execution of such instructions.

[0047] A computer-readable medium in a storage device 224 may be connected to the
bus 214 and store static information and instructions for the processor 202; for
example, the storage device 224 may store the modules 206, 208, 210 and 212 when
the audio player 200 is powered off, from which the modules may be loaded into the
processor memory 204 when the client 200 is powered up. The storage device 224
may include a non-transitory computer-readable medium holding information,
instructions, or some combination thereof, for example instructions that when
executed by the processor 202, cause the audio player 200 to perform one or more

operations of a method as described herein.

[0048] A communication interface 216 may also be connected to the bus 214. The
communication interface 216 may provide or support two-way data communication
between the audio player 200 and one or more external devices, e.g., the content
server 108, optionally via a router/modem 226 and a wired or wircless connection
(not shown). In addition, the audio player 200 may include an audio output port
218 for driving a suitable audio receiver/speaker system for generating audible
output to the user, for example ear buds 228, external headphones, external or
stereo/surround sound system. It should be appreciated that high-quality internal
earbuds inserted into the ear canal may be advantageous for eliminating
environmental or anatomical differences present when external headphones or
speaker are used. Therefore more consistent and predictable results may be
achieved by using ear buds instead of external systems for audiometric testing and

content listening.

[0049] The audio player 200 may be connected (e.g., via the bus 214 and graphics
processing unit 220) to a display unit 228. A display 228 may include any suitable
configuration for displaying information to a user of the audio player 200. For
example, a display 228 may include or utilize a liquid crystal display (LCD),
touchscreen LCD (e.g., capacitive display), light emitting diode (LED) display,
projector, or other display device to present information to a user of the audio player

200 in a visual display.
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[0050] One or more input devices 230 (e.g., an alphanumeric keyboard, microphone,
keypad, remote controller, game controller, camera or camera array) may be
connected to the bus 214 via a user input port 222 to communicate information and
commands to the client 200. In selected embodiments, an input device 230 may
provide or support control over the positioning of a cursor. Such a cursor control
device, also called a pointing device, may be configured as a mouse, a trackball, a
track pad, touch screen, cursor direction keys or other device for receiving or
tracking physical movement and translating the movement into electrical signals
indicating cursor movement. The cursor control device may be incorporated into the
display unit 228, for example using a touch sensitive screen. A cursor control
device may communicate direction information and command seclections to the
processor 202 and control cursor movement on the display 228. A cursor control
device may have two or more degrees of freedom, for example allowing the device
to specify cursor positions or other pointing/selection information in a plane or

three-dimensional space.

[0051] The audio player 200 may be used to receive, process and output one or more
source audio contents and associated audiometric reference profiles. In selected
embodiments, such receiving, processing and outputting may be in response to the
processor 202 executing one or more sequences of one or more instructions
contained in main memory 204. Such instructions may be read into main memory
204 from another non-transitory computer-readable medium (e.g., a storage device
224).

[0052] Execution of sequences of instructions contained in main memory 204 may
cause a processor 202 to perform one or more of the procedures or steps described
herein. In selected embodiments, one or more processors 202 in a multi-processing
arrangement may also be employed to execute sequences of instructions contained
in main memory 204. Alternatively, or in addition thereto, firmware may be used in
place of, or in combination with, software instructions to implement procedures or
steps in accordance with the features and aspects disclosed herein. Embodiments in
accordance with the features and aspects disclosed herein are not limited to any

specific combination of hardware circuitry and software.

[0053] Referring to Fig. 3, general aspects of an audio signal alteration process 300

based on a difference between audiometric profiles of different listeners or groups of



WO 2014/028783 PCT/US2013/055217

14

listeners are illustrated. The initial state 308 represents a source audio content as
configured by a creative producer. The initial state 308 may be represented in a
computer memory in various ways, for example by a digital audio file, for example
a file formatted in a mp3, AIFF, wav, wma, or other format. It should be apparent
that the initial state 308 may be defined by data that represents, among other things,
physical audio output from a transducer such as a speaker or earphone over a period
of time. As such, initial state data represents a specific pattern of changes in a
physical state (e.g., specific sounds) that was previously achieved or could have

resulted when the input digital audio file was played by an audio player.

[0054] The audio transformation process 300 is (or includes) an input-output
computation process performed by a computer processor, which operates on the
initial state 308 to output a final state 310. The final state 310 likewise represents
physical audio output from a transducer such as a speaker or earphone. The audio
transformation process 300 may therefore operate as a state machine that accepts the
initial state 308 and user input via an input device as inputs, and transforms the state
data representing a physical pattern of sound produced by an audio output device
into the final state 310. Subsequently, the final output state is realized in physical
output from an audio player, the output including output of a dynamic audio field
that is customized based on the PWP of a defined listener, to enable a subjective
perception approaching that of a real or hypothetical person defined by a reference

PWP.

[0055] The audio transformation process 300 may include several interactive modules,
for example, an audiometric profiling module 302, a profile comparing or
processing module 304 and an audio signal processing module 306. The module
300 may include other modules, for example, an audio content server module, audio
driver module, graphics module, etc., which for illustrative simplicity are not shown.
The audiometric profiling module 302 may obtain and manage audiometric test data
and related parameters, for example PWPs. The profile comparing or processing
module 304 may process two or more distinct PWPs or other audiometric profiles to
determine a difference that can be used for transforming an audio file. The audio
processing module 306 may determine the final state based on input from the profile

comparing or processing module 304.
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[0056] Fig. 4 is a block diagram illustrating an example of data flows and processing
blocks for transforming audio content for subjective fidelity. An audio content
production process 402 may output source audio content to a server 404, which may
store the source audio content on a computer-readable storage medium 406, ¢.g.,
magnetic or optical storage medium. An audiometric testing process 408 may
develop respective PWPs for a reference person (e.g., content producer) or group of
reference persons, and a listener (e.g. consumer) or aggregate profile for a group of
listeners. The server 404may identify the PWP for the reference person or group as
a standard for the source audio content, for example by relating identifiers for
corresponding data records using a database or table. The audiometric testing
process may output the PWPs to the server 404 for storage in the storage medium
406. Subsequently, an audio player device may transmit a request (not shown) for
the source audio content to the server 404. The request may include an identifier for
the source audio content and for a listener identified as originating the request via

the audio player.

[0057] In response to such a request, the server 404 may retrieve the source audio
content, the PWP for the reference person or group, based on a record associating
the content and the reference PWP. The server 404 may also retrieve a PWP for the
listener, and provide the PWPs and audio content as data objects to the signal
processor 410. In the alternative, the PWP for the reference person or listener may
be provided at an earlier or later time than the audio content; or if the audio player
has generated the listener PWP locally, the listener PWP may be retrieved instead
from a local memory. The signal processor 410 processes the audio content based
on the different PWPs for the reference person and listener to produce an altered or
transformed audio content. The signal processor 410 may be implemented as a
module of a client audio player device, or as a remote process on a separate
machine. The processor 410 provides the transformed audio content to an audio
transducer 412, for example ear buds, headphones or speakers, of an audio player.
In turn, the transducer outputs audio to the listener 414 generated from the

transformed audio content by an audio driver.

[0058] The audiometric testing module 408 may be implemented on an audio player or
server as a user-friendly application having a graphical user interface for operating

an audiometric test protocol. For example, Fig. 5 shows an example of a screen
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shot on an audio player 500 that includes a touch-sensitive display screen 502. The
touch-sensitive display screen may be used to guide the user during application of
an audiometric test. By connecting the player’s 500 audio out port to a set of ear
buds (internal ear phones) or external headphone, or less preferably, to an audio
receiver driving a set of speakers, and following audible and graphical instructions
generated by an audiometric measuring program operating on the player 500, the
user may administer an audiometric test to herself. Such an audiometric testing
module may be an application made available via an associated audio device’s ‘app

store,” for example available for an iPod™ or iPad™ via the Apple™ App Store™,

[0059] In more conventional frequency sensitivity testing, the audiometric application
may generate a set of tones at various frequencies and power levels. By touching
the screen, the user provides feedback whenever a tone is heard, and the player can
thereby determine the threshold of hearing at each frequency. Optionally, the
program may maintain and display a score or progress indicator to make the testing
process more engaging. In other testing, the audiometric application may test
dynamic effects and sensitivity to positional cues. Fig. 5 shows an example of a
screen 502 for testing sensitivity to positional cues. The audiometric tester may
gencrate a sequence of sounds with a various levels of positional cues. The user
listens until able to distinguish an apparent 3D origin of the sound, for example by
selecting a 3D location node 504 from a plurality of nodes positioned around a
person icon 506 representing a relative position of the listener. Thus, the player can
determine a listener’s sensitivity to positional cues in the audio content. Other
hearing perception tests may also be administered by the player 500, for example

differences in time sensitivity between the right and left ear.

[0060] Frequency sensitivity data may conventionally be represented as a frequency
response table 600, as shown in Fig. 6A. Threshold sensitivity is represented in
decibels on the vertical scale 604 and selected test frequencies in Hertz (Hz) on the
horizontal scale 602. In the illustrated example, the upper curve 606 represents a
first (e.g., right) ear and the lower curve 608 may represent a less sensitive second
(e.g., left) ear for a particular listener. Data representing the curves 606 and 608
may be encoded in any suitable numerical format (e.g., as a number sequence) and

stored as part of a listener’s PWP.
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[0061] Fig. 6B shows a non-conventional audiogram 650, merely as an example of non-
conventional test data that may be included in a PWP. The audiogram includes time
(e.g., milliseconds or tens of milliseconds) on the vertical axis 654 and selected test
frequencies in Hertz on the horizontal scale 652. The curve 656 represents, for
example, a difference in time sensitivity between the right and left ears of the
listener. For further example, at 250 Hz, the curve indicates that the right ear hears a
tone about 1.4 time units before the left ear. Such differences may be important in
perceiving positional cues or other dynamic effects. The curve 656 may be encoded

in any suitable format and stored as a second part of a listener PWP.

[0062] Fig. 7A illustrates aspects of a signal processor and process 700 for altering an
audio signal based on PWP differences, wherein an encoded audio signal is re-coded
to produce another digital signal in the same format, transformed to compensate for
the difference between a reference PWP and a listener PWP. It should be
appreciated that a generic or aggregate listener PWP may be substituted for a PWP
determined for a particular listener, if a particular listener PWP is not available.
Digital encoded data 704 is input to a digital re-coding process 706 controlled by a
control circuit 702 including a processor and algorithm for re-coding. Re-coding
may include boosting gain as a function of frequency, in proportion to a difference
between the reference and listener profile, and/or phase/time shifting. The re-
encoded audio data 708 may be decoded by a decoder 710 in a conventional fashion,
producing decoded digital audio data 712. The decoded data may be provided to a
digital-to-analog converter 714, which processes the digital data, preparing an
analog audio signal 716. The analog audio signal 716 may be provided to an
amplifier 718, which amplifies the signal and provides the amplified analog signal
720 to an audio transducer 722. The audio transducer 722 produces sound 724

which may be heard by a listener 726.

[0063] Fig. 7B illustrates aspects of a signal processor and process 750 for altering an
audio signal based on PWP differences, wherein an encoded audio signal is first
decoded and converted to analog form, and the analog signal is transformed
(adjusted) based on a difference between a reference PWP and a listener PWP.
Original encoded audio data 752 may be provided to a decoder 754 that prepares a

decoded audio signal 756 in a conventional fashion. The decoded audio signal 756
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may be provided to a digital-to-analog converter 758 that produces an analog audio

signal 760.

[0064] Optionally, the analog audio signal 760 may be provided to a channel
delay/filter module 762. Under control of a control circuit 770 including a processor
operating a control algorithm, the delay/filter module 762 may delay separate
channels (e.g., right and left channels) in proportion to a time sensitivity difference
defined by the reference and listener PWP profiles. For example, if the comparing
the PWPs for a right channel shows that the reference person responds more quickly
than the listener in the right ear that the left ear, the delay/filter module 762 may
delay the left channel to compensate. For further example, the delay/filter module
may delay the left channel by an amount in proportion to the difference, allowing
the slower right ear of the listener to “catch up” to the perception in the left ear.
Such differences may, among other things, affect individual perception of positional

cucs.

[0065] In the alternative, or in addition, the delay/filter module 762 and control circuit
770 may filter the decoded audio signal 760 using a filter derived from a PWP, or
portion of a PWP. For example, a PWP may include a Head-Related Transfer
Function (HRTF). HRTFs are known in the art, and may be understood as a set of
functions that describe reflection and diffraction effects on sound caused by the
outer ear (the pinna). Reflection and diffraction of sound caused by the pinna, alone
or in combination with the structure of the inner ear, may play an important role in
localizing sound, i.e., perception of a location from where the sound originates.
Therefore, filtering using an HRTF may be used to change the listener’s perception
of sound origin in a three-dimensional (3D) space. To the extent the HRTF is
included in the reference and listener’s respective PWPs, the module 762 may filter
the audio signal 760 so that positional cues as perceived by the listener will more
closely match those experienced by the reference person. HRTF filtering may
compensate for differences between pinna/inner ear geometries of different
individuals. For further example, where an in-the-car transducer (e.g. earbud or
cochlear implant) is being used only by the listener and not by the reference person,
HRTF filtering may be used to compensate for the absence of the pinna in the audio

path of the listener. It should be appreciated that the HRTF or other filtering may, in
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an alternative, be applied using digital processing as illustrated at module 706 of

Fig. 7A.

[0066] HRTF may differ significantly between different individuals, and accurate
measurement of HRTF may require a more rigorous and tedious testing process than
individuals will generally tolerate. Therefore, an audio signal transformation
process such as the processes 700 or 750 may enable a user to select a generic
HRTF based on some external marker, for example a size and shape of the pinna. In
an alternative, or in addition, the system may select an assumed HRTF, based on
user feedback from a positional cue testing process. For example, using a user
interface as shown in Fig. 5 to obtain information about a user’s positional sense for
defined audio signals, the system may correlate the user to one of several assumed

HRTFs, or generate an assumed HRTF using an algorithm.

[0067] In addition, the analog audio signal 764 may be provided to an amplifier 766
under the control of the control circuit 770. The amplifier 766 may boost or
attenuate gain of the analog signal 764 to compensate for frequency sensitivity
differences between the PWPs, under control of the circuit 770. The amplifier may
provide the amplified audio signal 768 to an audio transducer 772, which produces a
sound 774 for the listener 776. Figs. 7A and 7B are merely by way of illustration,
and should not be understood as limiting adjustment of a digital or analog signal to

the particular illustrated modes or modules.

[0068] Thus, embodiments of the present technology may include gathering of Personal
Waveform Profiles of listeners via an interactive, audiometric-like testing
application that identifies and captures listeners’ relevant audio perception
characteristics in a consistent manner as parameters, and then memorializes these
parameters as a transform, e.g. a set of filters or other emphasis/de-emphasis
functions that can be applied to audio content using an algorithm. In this manner, a
user’s PWP transform can be applied to audio content or substituted for another’s
PWP before audio content is presented to the listener. So, audio content that was
developed, mixed or otherwise contoured as heard by the creative producer—whose
PWP transform can be accessed as mentioned above—can be transformed to sound
more like the producer intended it to be heard, by using the creative producer’s PWP
to transform the content in ways that mitigate effects of the subsequent listener’s

different PWP.
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AUDIO PROCESSING OPERATIONS AND APPARATUS

[0069] The foregoing examples may be embodied in one or more methodologies
performed by a computer, for example an audio player, server, or some combination
of an audio player and server. Methodologies that may be implemented in
accordance with the disclosed subject matter will be better appreciated with
reference to various flow charts. Although methodologies are shown and described
as a series of acts/blocks for simplicity of illustration, it is to be understood and
appreciated that the claimed subject matter is not limited by the number or order of
blocks, as some blocks may occur in different orders and/or at substantially the same
time with other blocks from what is depicted and described herein. Moreover, not
all illustrated blocks may be required to implement methodologies described herein.
It is to be appreciated that functionality associated with blocks may be implemented
by software, hardware, a combination thereof or any other suitable means (e.g.,
device, system, process, or component). Additionally, it should be further
appreciated that methodologies disclosed throughout this specification are capable
of being stored as encoded instructions and/or data on an article of manufacture, for
example, a non-transitory computer-readable medium, to facilitate storing,
transporting and transferring such methodologies to various devices. Those skilled
in the art will understand and appreciate that a method could alternatively be

represented as a series of interrelated states or events, such as in a state diagram.

[0070] As shown in Fig. 8, an audio processing apparatus may perform a method 800
for transforming an audio signal for subjective fidelity to a reference audiometric
profile. The method 800 may include at 810, receiving an audiometric reference
profile by a signal processor. For example, the signal processor may receive a PWP
for a creative producer in audio metadata, or request and receive the reference from

a server using a reference identifier obtained from audio metadata.

[0071] The method 800 may further include, at 820, the signal processor receiving an
audiometric listener profile. For example, the signal processor may retrieve a
listener profile from a computer memory, derived from earlier audiometric
measurements by an application executing on the same player device as the signal

Processor.
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[0072] The method 800 may further include, at 830, receiving an encoded input audio
signal. For example, an audio player including the signal processor may read an
encoded audio file from a computer readable media, may download the file over a

network, or may receive the file via streaming audio.

[0073] The method 800 may further include, at 840, the signal processor may perform
transforming the input audio signal into an output audio signal, based on a
difference between the reference profile and the listener profile so that the output
audio signal compensates for the difference. The transformation may be performed
digitally on an encoded signal, generating an encoded output signal. In the
alternative, the transformation may be performed using an amplifier and/or delay
circuit operating on a decoded analog audio signal, under the control of a digital
processor. The signal processor may determine the difference between the reference
profile and the listener profile, prior to the transforming. The transforming does

neither requires not excludes a change in data format.

[0074] With reference to Figs. 9-11, several additional operations 900, 1000 and 1100
are depicted for an audio transformation process, which may be performed by a
computer server, alone or in combination with an audio player and/or another server.
One or more of operations 900, 1000 and 1100 may optionally be performed as part
of method 800. The elements of these operations may be performed in any
operative order, or may be encompassed by a development algorithm without
requiring a particular chronological order of performance. Operations can be
independently performed and are not mutually exclusive. Therefore any one of such
operations may be performed regardless of whether another downstream or
upstream operation is performed. For example, if the method 800 includes at least
one of the operations 900, 1000 and 1100, then the method 800 may terminate after
the at least one operation, without necessarily having to include any subsequent

downstream operation(s) that may be illustrated.

[0075] In an aspect, with reference to Fig. 9, the method 800 may further include, at
910, altering one or more frequencies of the input audio signal in proportion to the
difference at corresponding one or more frequencies of the reference and listener
profiles. For example, the signal processor may calculate a difference at each
frequency by interpolating from audiometric measurements at specific discrete

frequencies. Then, the signal processor may boost or reduce the gain in proportion
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to differences at each frequency. For example, the method 800 may further include,
at 920, boosting the input signal at one or more frequencies at where the difference
indicates that the first person is more sensitive to sound than the second person, and
attenuating the input signal at one or more frequencies where the difference
indicates that the first person is less sensitive to sound than the second person.
Boosting the input signal may include increasing the amplitude of the signal over a
selected portion of an applicable audio spectrum at one or more selected frequency
bands. Attenuating the input signal may include decreasing the amplitude of the
signal over a selected portion of an applicable audio spectrum at one or more

selected frequency bands.

[0076] In the alternative, or in addition, the method 800 may further include, at 930,
altering a phase of the audio signal at one or more times of the input audio signal in
proportion to the difference at corresponding one or more times of the reference and
listener profiles. For example, the method 800 may further include, at 940, altering
the phase for a defined sub-band of the audio signal to change a time at which a

sound encoded by the audio signal occurs.

[0077] In another aspect, with reference to Fig. 10, the method 800 may further include,
at 1010, generating the audiometric reference profile based on audiometric test
results for a first person. For example, the first person may be an audio creative
producer, whose personal perceptual characteristics determined or influenced the
production of the audio product. In such case, the method may include, at 1020,
determining that the encoded input audio signal is indicated as having been edited
by the first person. Similarly, the method 800 may, at 1030, may include generating
the audiometric listener profile based on audiometric test results for a second person.
Thus, the method 800 may further include, at 1040, playing the output audio signal
for a second person, whereby a second listening experience of the second person
becomes more like a first listening experience for the first person, for sound

generated from the output audio signal.

[0078] In other aspects, with reference to Fig. 11, the method 800 may further include,
at 1110, generating the audiometric listener profile based on audiometric data for a
sample of a general population. For example, population data may be collected for
specific groups for use in cases where individual audiometric profile data is not

available. For example, the method 800 may further include, at 1120, generating the
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audiometric listener profile representing an aggregate measure for a group of
listeners. The aggregate measure may include, for example, average or median
values. The method 800 may further include, at 1130, playing the output audio
signal for a person identified as a member of the group of listeners, whercby a
listening experience of the person becomes more like a reference listening

experience represented by the audiometric reference profile.

[0079] With reference to Fig. 12, there is provided an exemplary apparatus 1200 that
may be configured as an audio player, or combination of audio player and server, for

implementing an audio transformation process for subjective fidelity.

[0080] As illustrated, in one embodiment, the apparatus 1200 may include an electrical
component or means 1202 for receiving an audiometric reference profile. For
example, the electrical component or means 1202 may include at least one control
processor 1210 coupled to a memory component 1216. The control processor may
operate an algorithm, which may be held as program instructions in the memory
component. The algorithm may include, for example, providing a profile identifier
obtained from audio metadata to a server, and receiving profile data from the server

in response.

[0081] The apparatus 1200 may further include an electrical component or module
1204 for receiving an audiometric listener profile. For example, the electrical
component or means 1204 may include at least one control processor 1210 coupled
to @ memory component 1216. The control processor may operate an algorithm,
which may be held as program instructions in the memory component. The
algorithm may include, for example, obtaining a user identifier from a local
memory, and retrieving a stored listener profile from a local data table based on the
user identifier. In the alternative, the algorithm may include providing the user
identifier to a server, and receiving a listener profile from the server in response to

providing the user identifier.

[0082] The apparatus 1200 may further include an electrical component or module 1206
for receiving an encoded input audio signal. For example, the electrical component
or means 1206 may include at least one control processor 1210 coupled to a memory
component 1216. The control processor may operate an algorithm, which may be

held as program instructions in the memory component. The algorithm may
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include, for example, reading an encoded audio file from a computer-readable
medium, downloading the file from a server, or receiving a streaming audio fie from

the server.

[0083] The apparatus 1200 may further include an electrical component or module 1208
for transforming the input audio signal into an output audio signal, based on a
difference between the reference profile and the listener profile so that the output
audio signal compensates for the difference. For example, the electrical component
or means 1208 may include at least one control processor 1210 coupled to a memory
component 1216. The control processor may operate an algorithm, which may be
held as program instructions in the memory component. The algorithm may
include, for example, boosting the input signal at one or more frequencies at where
the difference indicates that the first person is more sensitive to sound than the
second person, and attenuating the input signal at one or more frequencies where the
difference indicates that the first person is less sensitive to sound than the second
person. In the alternative, or in addition, the algorithm may include altering a phase
of the audio signal at one or more times of the input audio signal in proportion to the

difference at corresponding one or more times of the reference and listener profiles.

[0084] The apparatus 1200 may include similar electrical components for performing
any or all of the additional operations 800-1100 described in connection with Figs.

8-11, which for illustrative simplicity are not shown in Fig. 12.

[0085] In related aspects, the apparatus 1200 may optionally include a processor
component 1210 having at least one processor. The processor 1210 may be in
operative communication with the components 1202-1208 or similar components
via a bus 1212 or similar communication coupling. The processor 1210 may effect
initiation and scheduling of the processes or functions performed by electrical

components 1202-1208.

[0086] In further related aspects, the apparatus 1200 may include a network interface
component 1214 enabling communication between a client and a server. The
apparatus 1200 may optionally include a component for storing information, such
as, for example, a memory device/component 1216. The computer readable
medium or the memory component 1216 may be operatively coupled to the other

components of the apparatus 1200 via the bus 1212 or the like. The memory
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component 1216 may be adapted to store computer readable instructions and data
for implementing the processes and behavior of the components 1202-1208, and
subcomponents thercof, or the processor 1210, or the methods disclosed herein. The
memory component 1216 may retain instructions for executing functions associated
with the components 1202-1208. While shown as being external to the memory
1216, it is to be understood that the components 1202-1208 can exist within the

memory 1216.

[0087] It is understood that the specific order or hierarchy of steps in the processes
disclosed are merely examples. Based upon design preferences, it is understood that
the specific order or hierarchy of steps in the processes may be rearranged while
remaining within the scope of the present disclosure. The accompanying method
claims present elements of the various steps in a sample order, and are not meant to

be limited to the specific order or hierarchy presented.

[0088] Those of skill in the art would understand that information and signals may be
represented using any of a variety of different technologies and techniques. For
example, data, instructions, commands, information, signals, bits, symbols, and
chips that may be referenced throughout the above description may be represented
by voltages, currents, electromagnetic waves, magnetic fields or particles, optical

fields or particles, or any combination thereof.

[0089] Those of skill would further appreciate that the various illustrative logical
blocks, modules, circuits, and algorithm steps described in connection with the
embodiments disclosed herein may be implemented as electronic hardware,
computer software, or combinations of both. To clearly illustrate this
interchangeability of hardware and software, various illustrative components,
blocks, modules, circuits, and steps have been described above generally in terms of
their functionality. Whether such functionality is implemented as hardware or
software depends upon the particular application and design constraints imposed on
the overall system. Skilled artisans may implement the described functionality in
varying ways for each particular application, but such implementation decisions
should not be interpreted as causing a departure from the scope of the present

disclosure.
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[0090] The various illustrative logical blocks, modules, and circuits described in
connection with the embodiments disclosed herein may be implemented or
performed with a general purpose processor, a digital signal processor (DSP), an
application specific integrated circuit (ASIC), a field programmable gate array
(FPGA) or other programmable logic device, discrete gate or transistor logic,
discrete hardware components, or any combination thereof designed to perform the
functions described herein. A general purpose processor may be a microprocessor,
but in the alternative, the processor may be any conventional processor, controller,
microcontroller, or state machine. A processor may also be implemented as a
combination of computing devices, e.g., a combination of a DSP and a
microprocessor, a plurality of microprocessors, one or more micCroprocessors in
conjunction with a DSP core, a System On a Chip (SOC), or any other such

configuration.

[0091] The previous description of the disclosed embodiments is provided to enable any
person skilled in the art to make or use the present disclosure. Various
modifications to these embodiments will be readily apparent to those skilled in the
art, and the generic principles defined herein may be applied to other embodiments
without departing from the spirit or scope of the disclosure. Thus, the present
disclosure is not intended to be limited to the embodiments shown herein but is to be
accorded the widest scope consistent with the principles and novel features disclosed

herein. WHAT IS CLAIMED IS:
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1. A method for processing an audio signal, the method comprising:
receiving an audiometric reference profile;
receiving an audiometric listener profile;
providing an encoded input audio signal to a signal processor; and

transforming the input audio signal using the signal processor into an
output audio signal, based on a difference between the reference profile and the listener

profiles so that the output audio signal compensates for the difference.

2. The method of claim 1, wherein transforming the input audio signal
comprises altering one or more frequencies of the input audio signal in proportion to the
difference at corresponding one or more frequencies of the reference and listener

profiles.

3. The method of claim 1, further comprising generating the audiometric

reference profile based on audiometric test results for a first person.

4. The method of claim 3, further comprising generating the audiometric

listener profile based on audiometric test results for a second person.

5. The method of claim 4, wherein the transforming further comprises
generating the output signal by boosting the input signal at one or more frequencies at
where the difference indicates that the first person is more sensitive to sound than the
second person and attenuating the input signal at one or more frequencies where the
difference indicates that the first person is less sensitive to sound than the second

person.

6. The method of claim 5, wherein boosting the input signal comprises
increasing amplitude of the signal over a defined frequency band portion of an audio

spectrum.

7. The method of claim 4, wherein the encoded input audio signal is

indicated as having been edited by the first person.
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8. The method of claim 4, wherein the output audio signal is configured
such that, when played by an audio player device and listened to by a second person, a
listening experience of the second person becomes more like a listening experience for

the first person, for sound generated from the output audio signal.

9. The method of claim 3, further comprising generating the audiometric
listener profile based on audiometric data for a sample of a general population, so that

the audiometric listener profile represents an aggregate measure for a group of listeners.

10.  The method of claim 1, wherein transforming the input audio signal
comprises altering a phase of the audio signal at one or more times of the input audio
signal in proportion to the difference at corresponding one or more times of the

reference and listener profiles.

11.  The method of claim 10, wherein altering the phase is performed for a
defined sub-band of the audio signal to change a time at which a sound encoded by the

audio signal occurs.

12.  An apparatus, comprising at least one processor configured for:
receiving an audiometric reference profile;
receiving an audiometric listener profile;
receiving an encoded input audio signal;

transforming the input audio signal into an output audio signal, based on
a difference between the reference profile and the listener profiles so that the output

audio signal compensates for the difference; and

a memory coupled to the at least one processor for storing data.

13.  The apparatus of claim 12, wherein the processor is further configured
for transforming the input audio signal by altering one or more frequencies of the input
audio signal in proportion to the difference at corresponding one or more frequencies of

the reference and listener profiles.

14.  The apparatus of claim 12, wherein the processor is further configured
for generating the audiometric reference profile based on audiometric test results for a

first person.
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15.  The apparatus of claim 14, wherein the processor is further configured
for generating the audiometric listener profile based on audiometric test results for a

second person.

16.  The apparatus of claim 15, wherein the processor is further configured
for transforming the input audio signal into the output signal by boosting the input
signal at one or more frequencies at where the difference indicates that the first person is
more sensitive to sound than the second person, and attenuating the input signal at one
or more frequencies where the difference indicates that the first person is less sensitive

to sound than the second person.

17.  The apparatus of claim 16, wherein the processor is further configured
for boosting the input signal by increasing amplitude of the signal over a defined

frequency band portion of an audio spectrum.

18.  The apparatus of claim 15, wherein the processor is further configured
determining that the encoded input audio signal is indicated as having been edited by

the first person.

19.  The apparatus of claim 15, wherein the processor is further configured
for playing the output audio signal for a second person, whereby a second listening
experience of the second person becomes more like a first listening experience for the

first person, for sound generated from the output audio signal.

20.  The apparatus of claim 12, wherein the processor is further configured
for generating the audiometric listener profile based on audiometric data for a sample of
a general population, so that the audiometric listener profile represents an aggregate

measure for a group of listeners.

21.  The apparatus of claim 12, wherein the processor is further configured
for transforming the input audio signal by altering a phase of the audio signal at one or
more times of the input audio signal in proportion to the difference at corresponding one

or more times of the reference and listener profiles.

22.  The apparatus of claim 21, wherein the processor is further configured
for altering the phase for a defined sub-band of the audio signal to change a time at

which a sound encoded by the audio signal occurs.
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23. A non-transitory computer-readable medium comprising encoded
instructions, that when executed by a processor, cause a signal processing device to

perform the operations of:
receiving an audiometric reference profile;
receiving an audiometric listener profile;
receiving an encoded input audio signal; and

transforming the input audio signal into an output audio signal, based on
a difference between the reference profile and the listener profiles so that the output

audio signal compensates for the difference.



PCT/US2013/055217

WO 2014/028783

1/10
f,1@0
108\\ 106
104
CLOUD
CONTENT STORAGE VIDED
SERVER PRODUCER
102 t
~N
AUDIO CONTENT
PRODUCTION

!
I
]
]
i
]

,I

110

A /

/

//

INTELLIGENT | | AUDIOMETRIC |/

AUDIO PLAYER MODULE
CONSUMER

FIG. 1




WO 2014/028783 PCT/US2013/055217

210
FiG, 2
200
202\ 294\ 206\ 208\ 210 212\v/
____________ AU U W W V. AN
: | 1 \K\ 1 :
|
. AUDIO ||
op. | | aubio- || com- .
' CPU .
! svs | | METRY || parg ||PROCES-
: SING |
— ’
. BUS 214 |
! |
i | | | | |
. NET-
! AUDIO '
WORK USER !
! TPUT P
|| INTER- Ogmg GPU L | inpuT |
| FACE 220 PORT !
I__j _______ _(_'I ﬁ :
216 218 : :
| |
| |
ROUTER | |
MODEM || DISPLAY INPUT :
226 b0 . UNIT DEVICE ||
| 228 230 .
| |
| e e e e e e e e e e e |
FiIG. 3
302 300
Ir___} ___________ Jf__]
s0s | |AUDIOMETRIC ﬁg% 310
4 || PROFILING |
! PROCESS ||
INITIAL || AUDIO I gifjﬁé
STATE | SIGNAL i
| |
|| PROFILE |
| |COMPARISON i
| |




WO 2014/028783 PCT/US2013/055217

3/10
FiG. 4
402
- SOURCE AUDIO
AUDIO CONTENT
CONTENT
FRODUCTION
408 COMPUTER-
READABLE
PWPRs %’iﬁ STORAGE
AUDIOMETRIC = MEDIUM
TESTING =
A
F 410
PWPs + CONTENT
SIGNAL
PROCESSOR
| ANALOG 414
AUDIO -
TRANSDUCER > LISTENER
a2~
FiG. 5 ¥y~ 500
502
7
SELECTTONE Q.. /
o 0
AUDIO :
OuUT : A :
- : :
/@ O
| ‘ . .

504



WO 2014/028783 PCT/US2013/055217

4/10

FIG. 6A y~ o

250 600 1K 2K 4K 6K 8K 10K e-— 602

-10

0
10 ZHL/ZH\\
‘A\A\ _— 606

20 A

B\

;

30
40 N
50 \
60
88
80
80
100
110
120

130

— 608

i
i
i
;

604
'/ 650

250 500 1K 2K 4K 8K 8K 10K =652

f . }(656
LTSN T T A

FiG. 6B

L S O\ (SO TR AN



WO 2014/028783

5/10

PCT/US2013/055217

700
702 CONTROL
N cireunT V/
mEE DIGITAL RE- | REEne
ENCODED RE-ENCODED
AUDIO CODER AUDIO DECODER
o
285
SR
718 ~
FIG. 7A 4 - 716
AMP ANALOG DA
AUDIO CONVERTER
o \_
720 - Q8 714
< =
§ <
722 ~~ / 724 s 726
AUDIO SOUND o
TRANSDUCER -
s 752 4 s 756 f
ENCODED DECODER . DA
AUDIO DECODED AUDIO | oy p ey
> 2
760_~5 3
S 0
o
FIG. 78 766 7o
AMP ANALOG  [DELAY/FILTER
AUDIC
o 770 L
768 0% - 762
~ Iz Y CONTROL
Z< CIRCUIT 776
772~ 774~
AULIO SOUND

TRANSDUCER




WO 2014/028783 PCT/US2013/055217

6/10

FiG. 8

800
\W\ 810

RECEIVING AN AUDIOMETRIC REFERENCE

PROFILE

l 820

RECEIVING AN AUDIOMETRIC LISTENER
PROFILE

l 830

RECEIVING AN ENCODED INPUT AUDIO SIGNAL

l 840

TRANSFORMING THE INPUT AUDIO SIGNAL INTO
AN OQUTPUT AUDIO SIGNAL, BASED ON A
DIFFERENCE BETWEEN THE REFERENCE

PROFILE AND THE LISTENER PROFILE 5O THAT

THE OUTPUT AUDIO SIGNAL COMPENSATES
FOR THE DIFFERENCE




WO 2014/028783 PCT/US2013/055217

7110
FIG. 9

900 @ANSFQRMENG THE INPUT SiGN;@

\v\\

910

ALTERING ONE OR MORE FREQUENCIES OF
THE INPUT AUDIO SIGNAL IN PROPORTION TO
THE DIFFERENCE AT CORRESPONDING ONE OR
MORE FREQUENCIES OF THE REFERENCE AND
LISTENER PROFILES

¢ 920

BOOSTING THE INPUT SIGNAL AT ONE OR
MORE FREQUENCIES AT WHERE THE
DIFFERENCE INDICATES THAT THE FIRST
PERSON IS MORE SENSITIVE TO SOUND THAN
THE SECOND PERSON, AND ATTENUATING THE
INPUT SIGNAL AT ONE OR MORE FREQUENCIES
WHERE THE DIFFERENCE INDICATES THAT THE
FIRST PERSON IS LESS SENSITIVE TO SOUND
THAN THE SECOND PERSON

930

ALTERING A PHASE OF THE AUDIO SIGNAL AT
ONE OR MORE TIMES OF THE INPUT AUDIO
SIGNAL IN PROPORTION TO THE DIFFERENCE  [e—
AT CORRESPONDING ONE OR MORE TIMES OF
THE REFERENCE AND LISTENER PROFILES

l 940

ALTERING THE PHASE FOR A DEFINED SUB-

BAND OF THE AUDIO SIGNAL TO CHANGE A

TIME AT WHICH A SOUND ENCQDED BY THE
AUDIO SIGNAL OCCURS




WO 2014/028783 PCT/US2013/055217

8/10
FIG. 10

’E@@K\ ~1010
GENERATING THE AUBDIOMETRIC REFERENCE
PROFILE BASED ON AUDIOMETRIC TEST
RESULTS FOR A FIRST PERSON

l 1020

DETERMINING THAT THE ENCODED INPUT
AUDIO SIGNAL 1S INDICATED AS HAVING BEEN
EDITED BY THE FIRST PERSON

l 1030

GENERATING THE AUDIOMETRIC LISTENER
PROFILE BASED ON AUDIOMETRIC TEST
RESULTS FOR A SECOND PERSON

Y 1040

PLAYING THE OUTPUT AUDIO SIGNAL FOR A
SECOND PERSON, WHEREBY A SECOND
LISTENING EXPERIENCE OF THE SECOND
PERSON BECOMES MORE LIKE A FIRST
LISTENING EXPERIENCE FOR THE FIRST
PERSON, FOR SOUND GENERATED FROM THE
OUTPUT AUDIO SIGNAL




WO 2014/028783 PCT/US2013/055217

9/10

FiG. 11

‘E’i@(\/\ A0

GENERATING THE AUDIOMETRIC LISTENER
PROFILE BASED ON AUDIOMETRIC DATAFOR A
SAMPLE OF A GENERAL POPULATION

l 1120

GENERATING THE AUDIOMETRIC LISTENER
PROFILE REPRESENTING AN AGGREGATE
MEASURE FOR A GROUP OF LISTENERS

l 1130

PLAYING THE OQUTPUT AUDIO SIGNAL FOR A
PERSON IDENTIFIED AS A MEMBER OF THE
GROUP OF LISTENERS, WHEREBY A LISTENING
EXPERIENCE OF THE PERSON BECOMES MORE
LIKE A REFERENCE LISTENING EXPERIENCE
REPRESENTED BY THE AUDIOMETRIC
REFERENCE PROFILE




WO 2014/028783

10/10

1200

PCT/US2013/055217

1212 /“i 206

1202
/

COMPONENT FOR RECEIVING
AN AUDIOMETRIC

COMPONENT FOR
RECEIVING AN ENCODED
INPUT AUDIO SIGNAL

REFERENCE PROFILE

1208
/

1204

COMPONENT FOR RECEIVING
AN AUDIOMETRIC LISTENER
PROFILE

COMPONENT FOR
TRANSFORMING THE INPUT
AUDIO SIGNAL INTO AN
OUTPUT AUDIO SIGNAL,
BASED ON A DIFFERENCE
BETWEEN THE REFERENCE
PROFILE AND THE LISTENER
PROFILE 50 THAT THE
CUTRPUT AUDIO SIGNAL
COMPENSATES FOR THE

DIFFERENCE

—— (1210

|

| PROCESSOR }-----1 121

_______________ | P fE——

______ T NETWORK |

1216 ! INTERFACE |

| et ----I _______________

| MEMORY  F----n-

|

FiG. 12




INTERNATIONAL SEARCH REPORT International application No.
PCT/US2013/055217

A. CLASSIFICATION OF SUBJECT MATTER
G11B 20/10(2006.01)i

According to International Patent Classification (IPC) or to both national classification and IPC

B. FIELDS SEARCHED

Minimum documentation searched (classification system followed by classification symbols)
G11B 20/10; GO6F 17/10; GO6G 7/48; HO4R 29/00; GO6F 17/30; GO6F 7/00; GO6Q 10/00; HO4S 7/00; A61B 5/00

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched
Korean utility models and applications for utility models
Japanese utility models and applications for utility models

Electronic data base consulted during the international search (name of data base and, where practicable, search terms used)
eKOMPASS(KIPO internal) & keywords: audio, profile, listener, reference and similar terms

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category* Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.

Y US 2010-0191143 A1 (DECLAN B. GANTER et al.) 29 July 2010 1-23
See abstract; paragraph [51]; and figure 5.

Y US 2012-0089437 A1 (BRIAN AMENTO et al.) 12 April 2012 1-23
See paragraphs [24]; [37]-[42]; and figures 2, 3, 7, 8.

A US 2008-0275904 A1 (DIRK JEROEN BREEBAART et al.) 6 November 2008 1-23
See paragraphs [77]1-182]; and figure 6.

A WO 2007-078347 A1l (SONY ERICSSON MOBILE COMMUNICATIONS AB. et al.) 1-23
12 July 2007
See page 2, line 11 — page 3, line 23; and figure 1.

A US 2012-0197604 A1 (MOHSEN BADIEY et al.) 2 August 2012 1-23
See paragraphs [31]-[40]; and figures 1, 5.

|:| Further documents are listed in the continuation of Box C. See patent family annex.
* Special categories of cited documents: "T" later document published after the international filing date or priority
"A" document defining the general state of the art which is not considered date and not in conflict with the application but cited to understand
to be of particular relevance the principle or theory underlying the invention
"E" eatlier application or patent but published on or after the international "X" document of particular relevance; the claimed invention cannot be
filing date considered novel or cannot be considered to involve an inventive
"L"  document which may throw doubts on priotity ¢claim(s) or which is step when the document is taken alone
cited to establish the publication date of citation or other "Y" document of particular relevance; the claimed invention cannot be
special reason (as specified) considered to involve an inventive step when the document is
"O"  document referring to an oral disclosure, use, exhibition or other combined with one or more other such documents, such combination
means being obvious to a person skilled in the art
"P"  document published prior to the international filing date but later "&" document member of the same patent family
than the priority date claimed
Date of the actual completion of the international search Date of mailing of the international search report
27 November 2013 (27.11.2013) 27 November 2013 (27.11.2013)
Name and mailing address of the ISA/KR Authorized officer

Korean Intellectual Property Office
N 189 Cheongsa-ro, Seo-gu, Dacjeon Metropolitan City, HWANG, Yun Koo
' 302-701, Republic of Korea
Facsimile No. +82-42-472-7140 Telephone No. +82-42-481-5715

Form PCT/ISA/210 (second sheet) (July 2009y




INTERNATIONAL SEARCH REPORT International application No.

Information on patent family members PCT/US2013/055217
Patent document Publication Patent family Publication
cited in search report date member(s) date
US 2010-0191145 Al 29/07/2010 CA 2653767 Al 11/10/2007
EP 2005792 Al 24/12/2008
EP 2005792 Bl 30/05/2012
JP 2009-532148 A 10/09/2009
US 8437479 B2 07/05/2013
WO 2007-112918 Al 11/10/2007
US 2012-0089437 Al 12/04/2012 US 2008-306807 Al 11/12/2008
US 2013-138743 Al 30/05/2013
US 8099315 B2 17/01/2012
US 8392238 B2 05/03/2013
US 2008-0275904 Al 06/11/2008 CN 101310278 A 19/11/2008
EP 1952281 A2 06/08/2008
JP 2009-516286 A 16/04/2009
WO 2007-057800 A2 24/05/2007
WO 2007-057800 A3 02/08/2007
WO 2007-078347 Al 12/07/2007 US 2007-0142942 Al 21/06/2007
US 2012-0197604 Al 02/08/2012 WO 2012-128798 A2 27/09/2012
WO 2012-128798 A3 27/12/2012

Form PCT/ISA/210 (patent family annex) (July 2009)



	Page 1 - front-page
	Page 2 - front-page
	Page 3 - description
	Page 4 - description
	Page 5 - description
	Page 6 - description
	Page 7 - description
	Page 8 - description
	Page 9 - description
	Page 10 - description
	Page 11 - description
	Page 12 - description
	Page 13 - description
	Page 14 - description
	Page 15 - description
	Page 16 - description
	Page 17 - description
	Page 18 - description
	Page 19 - description
	Page 20 - description
	Page 21 - description
	Page 22 - description
	Page 23 - description
	Page 24 - description
	Page 25 - description
	Page 26 - description
	Page 27 - description
	Page 28 - description
	Page 29 - claims
	Page 30 - claims
	Page 31 - claims
	Page 32 - claims
	Page 33 - drawings
	Page 34 - drawings
	Page 35 - drawings
	Page 36 - drawings
	Page 37 - drawings
	Page 38 - drawings
	Page 39 - drawings
	Page 40 - drawings
	Page 41 - drawings
	Page 42 - drawings
	Page 43 - wo-search-report
	Page 44 - wo-search-report

