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ACOUSTIC SIGNAL MODIFICATION

TECHNICAL FIELD

This disclosure generally relates to acoustic signals, and in particular to modi fying

acoustic signals.

BACKGROUND

Speech recognition technology can generate text from acoustic signals collected by

a microphone actuated by sound. Speech recognition may rely on a speech recognition

engine that interprets the acoustic signals from one or more microphones and interprets the

signals as words by applying known algorithms or models, for example, Hidden Markov

Models (HMM). Such technology has been increasingly deployed for a variety of

purposes, including electronic dictation, voice command recognition, and telephone-based

interactive voice response customer service engines.

Vehicular environments may particularly benefit from speech recognition

technology, because it is desirable for drivers of vehicles to provide instructions and

control the vehicle and other peripherals in a hands-free manner, such as with the use of

voice commands recognized by a speech recognition engine. Therefore, deployment of

speech recognition technology in automotive applications may provide for improved road

safety and an improved driver experience.

The performance of speech recognition technology has improved with the

development of faster processors and improved speech recognition methods. In particular,

there have been improvements in the accuracy of recognizing words by the speech

recognition engines. In other words, there have been improvements in accuracy-based

metrics for speech recognition, such as word error rates (WERs).

Despite improvements and advances in the performance of speech recognition

technology, accuracy of speech recognition in certain environments, such as vehicular

environments, may still be relatively error prone. For example, speech recognition



engines may be suboptimal, or otherwise degraded, in relatively noisy environments or in

a closed chamber, such as a vehicle cockpit, where sound waves may arrive at a

microphone via multiple paths and in the presence of other noises, such as engine noises,

road noises, and the like.

BRIEF DESCRIPTION OF THE FIGURES

Reference ill now be made to the accompanying drawings, which are not

necessarily drawn to scale, and wherein:

FIG. I is a simpli fied diagram illustrating an example method associated with a

vehicle for modifying acoustic signals in accordance with embodiments of the disclosure.

FIG. 2 is a flow diagram illustrating an example method of providing modified

acoustic signals to a speech recognition engine in accordance with embodiments of the

disclosure.

FIG. 3 is a simplified schematic top down view diagram illustrating an example

cockpit of the vehicle of FIG. 1, wherein an example acoustic model may be generated in

accordance with embodiments of the disclosure.

FIG. 4 is a simpli fied schematic side view diagram illustrating the example cockpit

of FIG. 3, wherein an example acoustic model may be generated in accordance with

embodiments of the disclosure.

FIG. 5 is a simplified schematic top down view diagram illustrating the example

cockpit of FIG. 3, wherein an example audio element may generate sound and produce

acoustic signals from one or more microphones in accordance with embodiments of the

disclosure.

FIG. 6 is a simplified block diagram illustrating an example system for modifying

acoustic signals in accordance with embodiments of the disclosure.



FIG. 7 is a simplified schematic view illustrating an example audio element that is

tracked to modi fy acoustic signals in accordance with embodiments of the disclosure.

FIG. 8 is a simplified schematic view illustrating the cockpit of FIG. 3, wherein

example sound paths are transmitted from an audio element to one or more microphones

in accordance with embodiments of the disclosure.

FIG. 9 is a simplified block diagram illustrating an example estimation of audio

transfer functions in accordance with embodiments of the disclosure.

FIG. 1 is a schematic diagram illustrating modi fying the audio signal from each

of the one or more microphones and providing an example modified audio signal to a

speech recognilion engine in accordance with embodiments of the disclosure.

DETAILED DESCRIPTION

Embodiments of the disclosure are described more fully hereinafter with reference

to the accompanying drawings, in which embodiments of the disclosure 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 those skilled in the art. Like numbers refer to like elements

throughout.

Embodiments of the disclosure may provide systems, methods, and apparatus for

modi fying audio signals corresponding to sounds generated at one or more microphones.

In one aspect, the microphones may be provided in a closed volume or environment that

may be prone to acoustic echoing and/or that may be a noisy acoustic environment, such

as the cockpit o f a vehicle. The modified audio signals from the one or more microphones

may be combined and provided to a speech recognition engine to enable improved speech

recognition for various applications, including the recognition of voice commands or

textual input within a vehicle. The modified audio signals may be less corrupted by

echoes and noise than the non-modified audio signals generated by the microphones. In



one aspect, the modified audio signals provided to a speech recognition engine may result

in relatively lower word error rates (WERs). Embodiments of the disclosure may further

entail determining an acoustic transfer function for each of the one or more microphones

based in part upon the location of the sound producing element. In addition, an acoustic

model of the volume or environment, such as the cockpit of the vehicle, may be used to

determine the acoustic transfer function of each of the one or more microphones. In one

aspect, the acoustic model of the volume or environment may be determined by a third

party, such as a manufacturer of a vehicle or a suitable service provider.

Example embodiments of the disclosure will now be described with reference to

the accompanying figures.

Referring now to FIG. 1, an example method 00 for interpreting acoustic signals

in a vehicle 102 in accordance with embodiments of the disclosure is discussed. For the

purposes of this discussion, a vehicle 1 2 can include, but is not limited to, a car, a truck, a

light-duty truck, a heavy-duty truck, a pickup truck, a minivan, a crossover vehicle, a van,

a commercial vehicle, a private vehicle, a tractor-trailer, an airplane, a jet, a helicopter a

space vehicle, a watercraft, or any other suitable vehicle having a relatively closed cockpit.

However, it will be appreciated that embodiments of the disclosure may also be utilized in

other environments in which a relatively closed area is provided.

At block 104, a three-dimensional (3-D) acoustic model of the vehicle 102 is

determined. In one aspect, the acoustic model of the vehicle may be determined prior to

the purchase of the vehicle 102 by an end consumer. For example, a manufacturer of the

vehicle or a service provider (e.g., a service provider acting on behalf of the manufacturer,

etc.) may determine the acoustic model of the vehicle 102 before the vehicle 102 is

provided to a vehicle dealership and subsequently purchased by an end user. Therefore, in

one aspect, the end consumer of a vehicle 1 2 does not have to determine the 3-D acoustic

model o f the vehicle 02. The 3-D acoustic model of the vehicle 102 may be stored in an

electronic memory associated with the vehicle 102. In particular, the electronic memory



may be provided within a system for modifying audio signals associated with the vehicle

102.

At block 106, the 3-D acoustic model may be used to interpret or modify acoustic

signals. The acoustic signals may be generated based upon compression waves or sound

produced within the vehicle 102. For example, the acoustic signals may be generated by

microphones that are actuated by sounds generated within the vehicle, such as by the

driver of the vehicle 102 or another user within a cockpit of the vehicle 102. Therefore, in

essence, an acoustic model of the vehicle 102 is generated and provided which can be used

in certain embodiments to more accurately and precisely interpret sounds generated within

the vehicle 02. In certain aspects, the acoustic signals may be interpreted by a speech

recognition engine to provide speech to text functionality.

Further details of interpreting audio signals using 3-D acoustic models will now be

explained with reference to FIG. 2. A method 120 o f providing a modified acoustic signal

to a speech recognition engine in accordance with embodiments o f the disclosure may

include, at block 122, generation of at least one acoustic model, such as a 3-D acoustic

model of the vehicle, as described with reference to FIG. 1. In certain embodiments, the

acoustic model may be generated by a manufacturer of the vehicle 102. In other

embodiments, the acoustic model may be generated by a dealership selling the vehicle

102. In yet other embodiments, the acoustic model may be generated by the end-user, for

example, a driver or owner of the vehicle. In one aspect, an acoustic model may be

generated for each vehicle 102 manu factured by a vehicle manufacturer. In other aspects,

an acoustic model may be provided for each type of vehicle. For example, all vehicles o f

a particular manufacturer, model, year, and/or trim may be provided with the same

acoustic model at block 122.

In certain embodiments, the acoustic model may include acoustic transfer functions

corresponding to any number of respective spatial locations within the volume where

sound is produced and the resulting acoustic signals are modified. In one aspect, the

spatial location may be defined in three-dimensional space resulting in a 3-D acoustic



model. Alternatively, the spatial location may be defined in two-dimensional space

resulting in a 2-D acoustic model. As a further alternative, the spatial location may be

defined in a single dimension resulting in a one-dimensional acoustic model. For the

purposes of the remainder o f the disclosure, we will consider a 3-D acoustic model;

however, it should be noted that the systems, methods, and apparatus described are

applicable to non-3-D acoustic models.

Next, at block 124, the location of a region of interest may be monitored. The

region of interest may include an acoustic element that produces sound. In one aspect, the

region of interest may be a person 's lip ring. The lip ring is the region of the face around a

person's lips and mouth and includes the lips. The location of the lip ring can, for

example, be monitored by an image sensor, such as a charge-coupled device (CCD) based

digital camera. In another aspect, the location of the ip ring may be determined using any

variety of known distance sensors, such as a range sensor. n certain embodiments, the

location of the region of interest may be monitored using both an image sensor and a range

sensor.

At block 126, an acoustic transfer function to at least one microphone may be

determined based at least in pa on the location of the region of interest, as monitored at

block 124, in conjunction with the at least one acoustic model of the vehicle 102, as

generated at block 22. For example, the acoustic transfer function may be determined by

volumetric extrapolation of data provided in the acoustic model of the vehicle 102. As

further examples, the acoustic transfer function may be determined by any combination of

aerial extrapolation, linear extrapolation, volumetric interpolation, aerial interpolation,

linear interpolation, and/or any other known methods of extrapolation or interpolation.

The mathematical manipulations, such as extrapolation or interpolation, used to determine

or estimate the acoustic transfer function corresponding to each of one or more

microphones may include linear, quadratic, nth order polynomial, logarithmic,

exponential, and/or any other known mathematical manipulations. In one aspect, an

acoustic transfer function may be generated for each of the at least one microphone based

at least partly on the location of the region of interest, such as the lip ring. For example, if



there are four microphones in the vehicle 102, then four different transfer functions may

be generated corresponding to each of the four microphones within the vehicle 102 The

four transfer functions may each be generated based upon the location of the lip ring as

detennined at block 124 and the acoustic model o f the vehicle as provided in block 122.

At block 28, sound is received at the at least one microphone, and an acoustic

signal corresponding to received sound waves is generated by the a least one microphone.

The output of the at least one microphone, therefore, is a non-modified acoustic signal

corresponding to each of the at least one microphone. In one aspect, the number of

acoustic signals generated may be equal to the number of microphones in the vehicle 102.

At block 130, each o f the acoustic signals are modified based on the respective

acousiic transfer function corresponding to each of the microphones, as detennined at

block 128. The non-modified acoustic signal output from each of the microphones may be

multiplied by the inverse of the determined corresponding acoustic transfer function to

generate a modified acoustic signal.

At block 132, each of the modified acoustic signals may be provided to a speech

recognition engine. The speech recognition engine, in turn, may use each of the modi fied

acoustic signals to generate text from speech. The text from speech functionality may be

used for various purposes including, but not limited to, voice commands, text message

dictation, electronic mail dictation, or the like. In certain embodiments, the modi fied

acoustic signals may optionally be summed prior to provision to the speech recognition

engine.

It should be noted that the method 120 may be modified in various ways in

accordance with certain embodiments of the disclosure. For example, one or more

operations o f the method 120 may be eliminated or executed out of order in other

embodiments of the disclosure. Additionally, other operations may be added to the

method 1 0 in accordance with other embodiments of the disclosure.



An example process of generating the acoustic model of the vehicle 102 may be

implemented within the cockpit 150 of the vehicle 102 as described with reference to

FIGS. 3 and 4. The cockpit 0 may include a driver's seat 152, a dashboard 6, and any

number of microphones, such as microphones 160A, 160B, 160C, and 160N. A

loudspeaker 170 or other suitable sound generation device may be provided in an

approximate location where sound may be generated during operation of the vehicle 102.

The loudspeaker 170 may emit sound or impulse waves depicted as waves or sound 172

during the generation of the acoustic model. The cockpit 150 may further include a

radiation emitter 174 emitting radiation 175 and/or a range sensor 76. The cockpit 150

may yet further include an image sensor 178. Although four microphones 1 0A-N are

depicted, there may be any number o f microphones. The microphones may be of any

known type including, but not limited to, condenser microphones, dynamic microphones,

capacitance diaphragm microphones, piezoelectric microphones, optical pickup

microphones, or combinations thereof. Furthermore, the microphones 1 A- may be of

any directionality and sensitivity. For example, the microphones 160A-N may be omni¬

directional, uni-directional, cardioid, or bi-directional. It should also be noted that the

microphones 160A-N may be of the same variety or of a mixed variety. For example,

some of the microphones 160A-N may be condenser microphones and others may be

dynamic microphones.

The loudspeaker 70 may be of any known variety that can produce sound 1 2. In

one aspect, the loudspeaker 170 may be provided with an electrical signal to generate the

sound 172. The sound 172 may be of a variety of tones, magnitude, and rhythm. Rhythm,

as used herein, is a succession of sounds and silences. In one aspect, the sound 72 may

be a white noise spanning a relatively wide range of frequencies with a relatively

consistent magnitude across the range of frequencies. Alternatively, the sound 172 may be

pink noise spanning a relatively wide range of frequencies with a variation in magnitude

across the range of frequencies. In yet other alternatives, the sound 1 2 may be an

impulse function, a sound spike, mono-tonal or may have a finite number of tones

corresponding to a finite number of frequencies of sound compression waves. In one



aspect, an impulse function sound may substantially simulate a full spectrum of sound

within the cockpit 50.

The range sensor 176 may be o any known variety, for example, an infrared

detector. The radiation emitter 174 may emit infrared radiation 175 that can reflect off of

an object, and the reflected radiation can be detected by the range sensor 176 to determine

a range or distance between the range sensor 176 and the object. For example, the

radiation emitter 174 may emit infrared radiation that may reflect off of the face of a

driver operating the vehicle 102 and seated in the driver's seal 152. The reflected

radiation may then be detected by the range sensor 176 to determine the distance between

the range sensor 176 and the driver's face or particularly to the region of interest on the

driver's face, such as the driver's lip ring. Although an infrared detector and radiation

emitter are described for determining a range to a driver of the vehicle 102, a wide variety

of other suitable devices may be utilized to determine a range to a driver, such as

ultrasonic sensors.

The image sensor 178 may be any known device that converts an optical image to

an electronic signal. The image sensor 178 may be of any known variety including a

charge-coupled device (CCD), complementary metal oxide semiconductor (CMOS)

sensors, or the like. The image sensor 178 may be of any pixel count and aspect ratio.

During the process of generating the acoustic model of the vehicle 102, the

loudspeaker 170 may emit the sound 172 based upon an electronic signal provided to the

loudspeaker 170. Each of the microphones 160A-N may be actuated by the sound 1 2, and

an acoustic signal corresponding to each of the speakers 160A-N may be evaluated. By

comparing the acoustic signal of each o the microphones 60A-N with the electronic

signal provided to the loudspeaker 170, one can determine the physical acoustic transfer

function between the loudspeaker 170 and each of the microphones I60A-N. Therefore, it

is possible o determine the transfer function from a point in space where sound 172 is

emitted to the location of each of the microphones 160A-N. In certain embodiments, it

may be possible to determine the physical acoustic transfer function between the position



of the loudspeaker 170 and each of the microphones 160A-N by dividing the acoustic

signal generated by each o f the microphones I60A-N by the electronic signal provided to

the loudspeaker 170. In other embodiments, the physical acoustic transfer function

between the position of the loudspeaker 170 and each of the microphones 60A-N may be

determined using linear mathematical manipulations of both the electronic signal provided

to the loudspeaker 170, as well as the acoustic signals that are generated by each of the

microphones 160A-N. In yet other embodiments, the physical acoustic transfer function

between the position of the loudspeaker 170 and each of the microphones 60A-N may be

determined using non-linear mathematical manipulations of both the electronic signal

provided by the loudspeaker 70, as well as the acoustic signals that are generated by each

of the microphones 160A-N.

The determined physical acoustic transfer function between the position of the

loudspeaker 170 and each of the microphones 160A-N may be a function of the location of

the loudspeaker 70 in three-dimensional space, as well as a function of frequency of the

sound 172. Therefore, the physical acoustic transfer function may be represented in the

frequency domain as a function of frequency, such as by the notation H(co), where ω is the

frequency of the sound 172. From a physical standpoint, one can see that the transfer

function may be a function of frequency, because the frequency is inversely related to the

wavelength of the sound waves, and therefore, may have different characteristics during

transmission from one point to another related to the frequency. In one aspect, the

absorption, reflection, diffusion, or other properties of a particular sound with respect to a

particular material or object may be wavelength dependent.

The acoustic model may be generated by determining at least one physical acoustic

transfer function from at least one point in space to at least one of the microphones 160A-

N. The acoustic model, however, may include any number of physical acoustic transfer

functions corresponding to multiple locations within the cockpit 150 and to each of the

microphones 60A-N. Furthermore, the acoustic model may include one or more

noncontiguous segments of a transfer function corresponding to a particular location. For

example, the full frequency range to be represented by a transfer function may not be



represented by a single linear segment and may have to be partitioned into multiple

segments, thereby creating a nonlinear acoustic transfer function between a particular

location and a particular microphone 160A-N. Further yet, the acoustic model may

include one or more noncontiguous segments of a transfer function corresponding to a

particular location.

In certain embodiments, the acoustic model may be generated by moving the

loudspeaker 170 to various locations within the cockpit 150 to emit sound 172 from the

various locations and detennining a physical acoustic transfer function between each of

the various locations to each of the microphones 160A-N. In other words, the acoustic

model may have a physical transfer function corresponding to each of the microphones

60A-N from one or more locations within the cockpit 150.

In one embodiment, the loudspeaker 70 may be provided on a tripod (not shown)

within the cockpit 150 of the vehicle 02 to generate the acoustic model. A test

application may be run to receive the location of the loudspeaker 170 and associaie the

location with the acoustic sound detected at each of die microphones 60A-N. The

loudspeaker 170 may emit pink noise and white noise. Alternatively, the loudspeaker 70

may emit an impulse noise. The associated impulse response at that location of the

microphones 160A-N may be recorded and then mathematically manipulated to generate a

particular physical transfer function at the particular location of the loudspeaker 170. The

mathematical manipulation, in one aspect, may be an inversion operation. If the

loudspeaker 170 is moved by a predetermined distance from the previous location, such as

20 centimeters (cm), the process of determining a physical transfer function is repeated.

In other words, acoustic model generation incorporates physical transfer functions

associated with more than one location of the loudspeaker 1 0. This process may be

performed once during manufacturing time and may not need to be performed for each

particular driver or after-market configuration of the vehicle 102.

As a non-limiting example, consider that there are four microphones 160A-N

within the cockpit 150, and the loudspeaker 170 has been positioned in three different

1



locations within the cockpit 150 during the process o f generating the acoustic model. In

this case, one can generate four physical acoustic transfer functions corresponding to each

of the microphones 160A-N from each of the three different locations within the cockpit

150 for a total of 12 different physical acoustic transfer functions.

In certain embodiments, during the process of generating the acoustic model, the

range sensor 176 and the image sensor 178 may be used to determine the location of the

loudspeaker 170 to map determined transfer functions to respective locations in three-

dimensional space within the cockpit 150. In other embodiments, the range sensor 176

and the image sensor 178 may not be used, and the loudspeaker 170 may be placed in

predetermined locations to generate the acoustic model.

Referring now to FTG. 5, an example mechanism for an example audio element,

such as a human, generating acoustic signals transmitted to one or more microphones

within the cockpit of the vehicle 102 is described. n particular, a driver 179 may be

seated in the driver's seat 152 facing the dashboard 56 as well as the radiation emitter

174, the range sensor 176, and the image sensor 178. The radiation emitter 74 may emit

electromagnetic radiation, such as infrared radiation 175, toward the driver 179. The

radiation 75 may reflect from the driver's 179 face, and the reflection may be detected by

the range sensor 176. The range sensor 1 6 may produce range sensor signals based on

detecting reflected radiation off of the driver 1 9. Additionally, the image sensor 78 may

generate an image sensor signal corresponding to imaging the driver's 179 face.

Furthermore, if the driver 179 speaks, the generated sound may be captured by each of the

microphones 160A-N provided within the cockpit 150. Each of the microphones 60A-N

may generate the respective acoustic signal based on the detected sound from the driver

179.

Referring now to FIG. 6, an example system 1 0 is described for receiving image

sensor signals from the image sensor 78, range sensor signals from the range sensor 176,

and the acoustic signals from each of the microphones 160A-N in order to generate

modified acoustic signals and provide the signals to a speech recognition engine 186. The



system 1 0 may include one or more controllers 1 1. Each of the one or more controllers

181 may include one or more processors 1 2 communicatively coupled to any number of

suitable electronic memory devices 184 (generally referred to as memory 184). The one

or more processors 182 may directly receive each of the sensor signals including the

image sensor signals, the range sensor signals, and the non-modified acoustic signals. The

electronic memory 184 may have the acoustic model, with constituent physical acoustic

transfer functions mapped to particular locations within the cockpit 1 , stored thereon.

The one or more processors 1 2 may accept various sensor signals and determine

the location of a region of interest based upon the image sensor signal and the range sensor

signal. As stated earlier, the region of interest may include the ip ring of the driver 79.

The one or more processors 82 may furlher use the location of the region of interest

along with the acoustic model stored in the memory 84 to estimate a respective acoustic

transfer function for each of the microphones 160A-N. In one aspect, the one or more

processors 82 may implement various mathematical manipulations of the sensor signals

as wel as the physical transfer functions that are part of the acoustic model to estimate

respective acoustic transfer functions for each of the microphones 160A-N. As stated

earlier in conjunction with FIG. 2, the mathematical manipulations may entail one or more

of extrapolations or interpolations. Once the one or more processors 182 determine or

estimate the acoustic transfer functions for each of the microphones 60A-N, the acoustic

signals received by the one or more processors 1 2 from the microphones 160A-N may be

processed utilizing the acoustic transfer functions. In certain embodiments, the one or

more acoustic signals received from each of the microphones 160A-N may be multiplied

by the inverse of the respective acoustic transfer function corresponding to each of the

microphones 60A-N. In other embodiments, a memory-based lag may be implemented

on the one or more acoustic signals prior to multiplication by the inverse of the respective

acoustic transfer function corresponding to the respective microphone 160A-N. The

modified acoustic signals, as generated by the one or more processors 82 based on the

acoustic signals provided by each of the microphones 160A-N, may be provided to a

speech recognition engine 186. The speech recognition engine 186 may use the modi fied

acoustic signals to provide speech to text functionality, such as for voice commands.



It should be noted that the respective acoustic transfer function corresponding to

each of the microphones 160A-N may be determined dynamically. In other words, the

acoustic transfer function of a particular microphone may vary with time. More

particularly, the acoustic transfer function of a particular microphone may vary as the

driver 79 moves his or her head; otherwise the location of the region of interest, such as

the lip ring, changes with time. To put it in yet other terms, each of the acoustic transfer

functions corresponding to each of the microphones 160A-N, as determined by the one or

more processors 182, may be varying with either time or movement of the driver's 179

head or both. In one aspect, an acoustic transfer function corresponding to each of the

microphones 160A-N may be determined by the one or more processors 1 2 with a

latency that is less than the time that it takes for sound to travel from a region of interest,

or the acoustic element to each of the microphones 1 0A-N. In other words, there may be

a phase difference between the determined respective acoustic transfer function

corresponding to each of the microphones 160A-N and the sound arriving at the

microphones 160A-N. Therefore, simply using the most recently determined acoustic

transfer function for each of the microphones 160A-N to modify the acoustic signals

generated by the microphones 160A-N may not provide the desired results. As a result, a

time lag may be implemented between a stream of near real time acoustic transfer

functions as generated by the one or more processors 2 and acoustic signals generated

by each of the microphones 160A-N to compensate for the relative phase difference

therebetween. Various mechanisms for implementing a relative time lag between two

signals are well-known in the art and will not be reviewed here for purposes of brevity.

The processors) 182 may include, without limitation, a central processing unit

(CPU), a digital signal processor (DSP), a reduced instruction set computer (RISC), a

complex instruction set computer (CISC), a microprocessor, a microcontroller, a field

programmable gate array (FPGA), or any combination thereof. The system 180 may also

include a chipset (not shown) for controlling communications between the processor(s)

182 and one or more of the other components of the system 1 0. In one embodiment, the

system 80 may be based on an Intel® Architecture system, and the processor(s) 82 and

chipset may be from a family of Intel® processors and chipsets, such as the Intel® Atom®



processor family. The processor(s) 182 may also include one or more processors as part

of one or more application-specific integrated circuits (ASICs) or application-specific

standard products (ASSPs) for handling specific data processing functions or tasks.

The memory 1 4 may include one or more volatile and/or non-volatile memory

devices including, but not limited to, random access memory (RAM), dynamic RAM

(DRAM), static RAM (SRAM), synchronous dynamic RAM (SDRAM), double data rate

(DDR) SDRAM (DDR-SDRAM), RAM-BUS DRAM (RDRAM), flash memory devices,

electrically erasable programmable read-only memory (EEPROM), non-volatile RAM

(NVRAM), universal serial bus (USB) removable memory, or combinations thereof.

Referring now to FIG. 7, an example analysis of the region of interest based on the

image sensor 178 signal corresponding to an image 90, as displayed on an electronic

display 192, by the one or more processors 182 is described. An image of a person 196,

such as the user of the vehicle or the driver, may be provided. The one or more processors

182 may analyze the overall image 190 and identify the image of a person 196. The one

or more processors 1 2 may further process the image of a person 196 to identi y a region

of interest 198 further containing the sound producing acoustic element, such as the

person's lip ring 200. n one aspect, based on the size of the person's lip ring 200 and the

region of interest 98 in the image 190, the one or more processors 182 may be able to

ascertain the location of the lip ring 200. In another aspect, the image 1 0, in conjunction

with information provided by the range sensor 176, may be used to determine the location

of the lip ring 200 by the one or more processors 182. In other words, the one or more

processors 182 may analyze the image 190 as provided by the image sensor 78 and,

based on various aspects of the region of interest 198, the one or more processors 1 2 may

be able to determine the location of the source of sound, such as the lip ring 200, for

subsequent use in determining or selecting an acoustic transfer function corresponding to

each of the microphones 160A-N.

Referring now to FIG. 8, a simplified schematic view illustrating an example

transmission of sound from an acoustic element, such as the lip ring 200, to the one or



more microphones 160A-N is described. For the purposes of illustrating the respective

paths 2 10, 2 12, 2 14, 216, 2 18 and 220 of various sound waves, side windows 224 and a

windshield 226 of the cockpit 50 are shown. It can be seen that some of the sound waves

may travel a direct path 2 10, 2 12, 2 4, and 2 16 between the lip ring 200 and one or more

the microphones 160A-N. Additionally, some o f the sound waves may travel via an

indirect path, 2 1 and 220, reflecting off of one or more objects within the cockpit 1 0 of

the vehicle 102. For example, as depicted sound traversing the path 2 18 is shown to

reflect off of the side window 224 prior to reaching the microphone 160A. Similarly,

sound traversing the path 220 is shown to reflect off of the windshield 226 prior to

arriving at the microphone 160B. Therefore, a microphone 1 0A, sound is arriving via

paths 2 10 and 2 1 , where there may be a relative phase difference between the sound

arriving from each of these paths 2 10 and 2 18 due to a path length difference between the

paths 2 10 and 2 1 . As a result, the microphone 160A may be actuated in a manner such

that the resulting non-modi fied acoustic signal may include any number of arti facts, such

as echoes. In one aspect, the sound generated by microphones 160A and 160B may be

garbled, difficult to understand, or unintelligible due to the multiple paths 2 10, 2 18, 212,

and 220 by which sound arrives from the lip ring 200. The non-modified acoustic signals

generated by the one or more microphones 160A-N are provided to the one or more

processors 182. Therefore, it can be seen that prior to modification by the one or more

processors 182, the non-modified acoustic signals may contain various artifacts and noise.

Referring to FIG. 9, a simplified block diagram 230 depicting the determination of

an acoustic transfer function corresponding to each of the microphones 160A-N is

illustrated. The lip ring or region of interest location 252, as determined at block 124, as

well as the acoustic model 254 as determined at block 1 2 and stored in the memory 4,

are provided to the one or more processors 182. As discussed in reference to FIGS. 3 and

4, the acoustic model 254 may include one or more physical acoustic transfer functions

depicted as Η ,ν (Ζ ) at a particular location (x y , within the cockpit 50. In the

notation used, H is a mathematical function of a discretized frequency Z and Mi is the i'h

microphone. For example, the microphone 1 0B may have a designation M2 indicating

the microphone 160B as the second microphone, and (xi , y , Z defines a particular point



in space using Cartesian coordinates, where the acoustic model 254 provides a physical

transfer function HMI(Z ) for a particular microphone Mi. Points in space, such as within

the cockpit 150 o f the vehicle 102, may be defined in non-Cartesian coordinate systems,

such as spherical or cylindrical coordinates in certain embodiments of the invention. The

one or more processors 182 may perform a volumetric interpolation 270 based upon the

region of interest location 252 and the acoustic model 254 to determine an acoustic

transfer function H,Mi.ex(Z) corresponding to microphone Mi at a particular location (x , y ,

z ) .

The volumetric interpolation 270, as performed by the one or more processors, will

now be described by way of a non-limiting example. Consider, for example, that the

acoustic model 254 provides a physical transfer function H i . yi, for microphone Mi

at location (xi, y and a physical transfer function H i(X . , y , . for the same

microphone Mi at location x , y , 7i . Further consider that the region of interest location

indicates a location of the region o f interest at ( , y . ¾), where 2 is within the range o f

x and . , y is within the range o f y and y , and is within the range of i and ¾ · In

such a case, a linear volumetric interpolation 270 may be performed by the one or more

processors 182 in accordance with equation ( 1) below:

( 1)

Although an example of linear volumetric interpolation is shown, it should be

noted that any interpolation method may be used including, but not limited to, quadratic,

nth order polynomial, logarithmic, exponential, or any other known mathematical

manipulations. Furthermore, extrapolation or other mathematical techniques may be used

by the one or more processors 82 to arrive at the determined acoustic transfer function



Referring now to FIG. 10, a schematic diagram 280 illustrating the one or more

processors 182 providing an example modified acoustic signal to the speech recognition

engine 6 is depicted. As shown, the acoustic element, such as the lip ring 200, provides

sound to each of the microphones 160A-N. Each of the pathways to the microphones

160A-N may have a respective physical acoustic transfer function 282, 284, 286, and 288

associated therewith from the location (x, y, z) of the lip ring 200. Using the procedures

described in conjunction with FIG. 9, the one or more processors 182 may generate an

estimated transfer function corresponding to the physical acoustic transfer functions to

282, 284, 286, 288. The one or more processors 1 2 may further lake the inverse of each

of the determined transfer functions 290, 292, 294, and 296 and multiply the inverse of

each of the determined transfer functions 274 with the non-modified acoustic signals

generated by the respective microphones 16 A-N to generate modi fied acoustic signals.

The modified acoustic signals may further be summed using a summation 300, and the

sum may be provided to the speech recognition engine 1 6.

I should be noted that, in certain embodiments, the modified acoustic signals from

each of the microphones may not be summed. Instead, a subset of the modified acoustic

signals may be summed and provided to the speech recognition engine 1 6. As a further

alternative, the one or more processors 182 may determine which of the modified acoustic

signals are most likely to provide the best performance in conjunction with the speech

recognition engine 186 for purposes of speech-to-text functionality. As yet a further

possibility, each of the modified acoustic signals may be provided to a respective speech

recognition engine, and the speech-to-text output of each of the speech recognition engines

may be post-processed to provide improved speech-to-text functionality.

Embodiments described herein may be implemented using hardware, software,

and/or firmware, for example, to perform the methods and/or operations described herein.

Certain embodiments described herein may be provided as a tangible machine-readable

medium storing machine-executable instructions that, if executed by a machine, cause the

machine to perform the methods and/or operations described herein. The tangible

machine-readable medium may include, but is not limited to, any type of disk including



floppy disks, optical disks, compact disk read-only memories (CD-ROMs), compact disk

rewritables (CD-RWs), magneto-optical disks, semiconductor devices such as read-only

memories (ROMs), random access memories (RAMs) such as dynamic and static RAMs,

erasable programmable read-only memories (EPROMs), electrically erasable

programmable read-only memories (EEPROMs), flash memories, magnetic or optical

cards, or any type of tangible media suitable for storing electronic instructions. The

machine may include any suitable processing or computing platform, device or system and

may be implemented using any suitable combination of hardware and/or software. The

instructions may include any suitable type of code and may be implemented using any

suitable programming language. In other embodiments, machine-executable instructions

for performing the methods and/or operations described herein may be embodied in

firmware.

Various features, aspects, and embodiments have been described herein. The

features, aspects, and embodiments are susceptible to combination with one another as

well as to variation and modification, as will be understood by those having skill in the art.

The present disclosure should, therefore, be considered to encompass such combinations,

variations, and modifications.

The terms and expressions which have been employed herein are used as terms of

description and not of limitation. In the use of such terms and expressions, there is no

intention of excluding any equivalents of the features shown and described (or portions

thereof), and it is recognized that various modifications are possible within the scope of

the claims. Other modifications, variations, and alternatives are also possible.

Accordingly the claims are intended to cover all such equivalents.

While certain embodiments of the invention have been described in connection

with what is presently considered to be the most practical implementations, il is to be

understood that the invention is not to be limited to the disclosed embodiments, but on the

contrary, is intended to cover various modifications and equivalent arrangements included



within the scope of the claims. Although specific terms are employed herein, they are

used in a generic and descriptive sense only, and not for purposes of limitation.

This written description uses examples to disclose certain embodiments o f the

invention, including the best mode, and also to enable any person skilled in the art to

practice certain embodiments of the invention, including making and using any devices or

systems and performing any incorporated methods. The patentable scope of certain

embodiments of the invention is defined in the claims, and may include other examples

that occur to those skilled in the art. Such other examples are intended to be within the

scope of the claims if they have stniciural elements that do not differ from the literal

language of the claims, or if they include equivalent structural elements with insubstantial

differences from the literal language of the claims.



CLAIMS

The claimed invention is:

1. A method comprising:

receiving, by one or more processors, an acoustic model;

monitoring the location of at least one acoustic element;

determining, by the one or more processors, a respective acoustic transfer function

corresponding to each of at least one microphone based at least in part on the acoustic

model and the location of the at least one acoustic element;

receiving an acoustic signal from each of the at least one microphone; an

modifying, by one or more processors, each of the received acoustic signals based

at least in part on the corresponding acoustic transfer function.

2 . The method of claim 1, wherein the acoustic model comprises at least one initial

transfer function, each of the at least one initial transfer function corresponding to at least

one predetermined location.

3. The method of claim 1, wherein the a least one acoustic element is a lip ring

associated with an individual.

4. The method of claim 1, wherein monitoring the location of at least one acoustic

element comprises imaging the at least one acoustic element using an image sensor.

5 . The method of claim 1, wherein monitoring the location of the at least one acoustic

element comprises determining a distance between the at least one acoustic element and a

range sensor using the range sensor.

6. The method of claim 1, wherein the location of the at least one acoustic element is

defined as a point in three-dimensional space.



7. The method of claim , wherein determining the acoustic transfer function

comprises at least one of: (i) a volumetric inlerpolation; (ii) a volumetric extrapolation;

(iii) a two dimensional inlerpolation; (iv) a two-dimensional extrapolation; (v) a single

dimensional interpolation; or (vi) a single dimensional extrapolation.

8. The method of claim 1, wherein each of the acoustic signals is an electrical signal

corresponding to a sound generated by the at least one acoustic element.

9. The method of claim 1, wherein modi fying each of the acoustic signals comprises

multiplying each of the acoustic signals by an inverse of its corresponding acoustic

transfer function.

10. The method of claim 1, further comprising providing at least one of the modified

acoustic signals to a speech recognition engine.

11. The method of claim , further comprising determining, by the one or more

processors, the acoustic model.

12. The method of claim 11, wherein determining the acoustic model comprises

determining at least one physical transfer function, each physical transfer function

corresponding to a respective location.

13. The method of claim 12, wherein determining the a least one physical transfer

function further comprises determining an acoustic response at each of the at least one

microphones from a sound provided at each of the respective locations.

14. A system comprising:

at least one sensor configured to provide information of a region of interest

associated with a user:

at least one computer-readable medium with an acoustic model stored thereon;



one or more microphones, each microphone configured to generate an acoustic

signal based upon a detected sound; and

at least one processor communicatively coupled to the at least one sensor, the

computer-readable medium, and the one or more microphones and configured to modify

each of the acoustic signals based at least in part on the information of the region of

interest and the acoustic model.

1 . The system of claim 1 , wherein the at least one sensor comprises at least one of a

range sensor or an image sensor.

1 . The system of claim 14, wherein the information of the region of interest

comprises a spatial location of a lip ring for the user.

17. The system of claim 14, wherein the detected sound is a human voice.

1 . The system of claim 1 , wherein each of the acoustic signals is an electrical signal

corresponding to the detected sound.

1 . The system of claim 4, wherein the at least one processor is configured to modify

each of the acoustic signals by determining an acoustic transfer function corresponding to

each of the at least one microphone based on the information of the region of interest and

the acoustic model.

20. The system of claim 14, further comprising a speech recognition engine receiving

at least one of each of the modi fied acoustic signals.

21. At least one computer-readable medium comprising computer-executable

instructions that, when executed by one or more processors, execute a method comprising:

identifying an acoustic model;

monitoring the location of at least one acoustic element;



determining a respective acoustic transfer function corresponding to each of at

least one microphone based at least in part on the acoustic model and the location of the at

least one acoustic element;

receiving an acoustic signal from each of the at least one microphone; and

modifying each of the acoustic signals based at least in part on the corresponding

acoustic transfer function.

22. The computer-readable medium of claim 2 1, wherein the acoustic model comprises

at least one initial transfer function, each of the at least one initial transfer function

corresponding to a location.

23. The computer-readable medium of claim 2 1, wherein modi fying each of the

acoustic signals comprises multiplying each of the acoustic signals by an inverse of its

corresponding acoustic transfer function.
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