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ACOUSTIC DAMPENING COMPENSATION 
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This application is a continuation in part of U.S. patent 
application Ser. No. 16/662,505, filed on 24 Oct. 2019, 
which is a continuation of U.S. patent application Ser. No. 
16/179,171, filed on Nov. 2, 2018, which is an application 
that is a continuation of and claims priority to U.S. patent 
application Ser. No. 14/109,987, filed on Dec. 18, 2013, now 
U.S. Pat. No. 10,123,110, which is a continuation of and 
claims priority to U.S. patent application Ser. No. 12/044, 
727, filed on Mar. 7, 2008, now U.S. Pat. No. 8,625,812, 
which claims priority to and the benefit of Provisional 
Application No. 60/893,617, filed on Mar. 7, 2007, all of 
which are hereby incorporated by reference in their entire­
ties. 

FIELD OF THE INVENTION 

The present invention relates to acoustic signal manipu­
lation, and more particularly, though not exclusively, to the 
acoustic compensation of acoustic dampening by headwear 
on detected acoustic signals. 

BACKGROUND OF THE INVENTION 

Some acoustic detecting and/or measuring devices ( e.g., 
earpieces, room microphones), that measure ambient acous­
tic signals can be adversely affected when an acoustic 
dampening occurs between the source of an acoustic signal 
in an environment and the detecting and/or measuring 
device. The effect can be frequency dependent and can 
adversely effect the quality (e.g., spectral characteristics) of 
the measured acoustic signal. 

SUMMARY OF THE INVENTION 

In a first embodiment, a communication device includes 
a microphone configured to detect an acoustic signal from an 
acoustic environment, and a processor, configured to detect 

2 
signal and responsive to the detected onset of the acoustical 
dampening applies the compensation filter. The communi­
cation device can be a portion of one of a computer system, 
a personal digital assistant, a cellular phone, a mobile phone, 

5 an earpiece or a head-worn communication device. 
In a second embodiment, a method of compensating for 

acoustical dampening includes the steps of detecting an 
acoustic signal from an acoustic environment via a micro­
phone, and detecting an acoustical dampening between the 

10 acoustic environment and the microphone based on a change 
in a characteristic of the acoustic signal, and, responsive to 
the acoustical dampening, filtering the acoustic signal using 
a compensation filter approximating an inverse of the acous-

15 tical dampening between the acoustic environment and the 
microphone. The microphone can be operatively coupled to 
headwear, and the processor, responsive to the change in the 
characteristic of the acoustic signal, detects a presence of the 
headwear. The headwear can be worn or removed, and apply 

20 the compensation filter to accommodate the headwear based 
on the presence of the headwear. 

The processor can apply the compensation filter to selec­
tively adjust a spatial sensitivity of the headwear to sound in 
the acoustic environment. The headwear can be one of a 

25 headset, earbud, earpiece or combination thereof. The pro­
cessor can actively detect when headwear is adjusted or 
fitted; it can be activated on a continuous or intermittent 
basis. In one configuration, the compensation filter for the 
headwear can be activated via voice-activation. The proces-

30 sor can detect an onset of the acoustical dampening from a 
first acoustic signal and responsive to the detected onset of 
the acoustical dampening apply the compensation filter. The 
communication device can be a portion of one of a computer 
system, a personal digital assistant, a cellular phone, a 

35 mobile phone, an earpiece or a head-worn communication 
device. 

40 

BRIEF DESCRIPTION OF THE DRAWINGS 

Exemplary embodiments of present invention will 
become more fully understood from the detailed description 
and the accompanying drawings, wherein: 

FIG. lA illustrates one example of an acoustic dampening 
compensation device; an acoustical dampening between the acoustic environment 

and the microphone, based on a change in a characteristic of 45 

the acoustic signal and, responsive to the acoustical damp­
ening, apply a compensation filter to the acoustic signal to 
form a compensated acoustic signal that is reproduced. In 
one arrangement, the compensation filter can approximate 

FIG. lB illustrates one example of a situation of an 
acoustic dampening element affecting an acoustic signal; 

FIG. 2A is a flow chart of an acoustic compensation 
system according to at least one exemplary embodiment; 

FIG. 2B is a block diagram of a microphone signal 
50 conditioner; an inverse of the acoustical dampening between the acoustic 

environment and the microphone. The microphone can be 
operatively and communicatively coupled to headwear, 
where the processor, responsive to an analysis of the change 
in the characteristic of the acoustic signal, can detect a 
presence of the headwear. The processor, from the analysis, 
can detect when the headwear is worn or removed, and apply 
the compensation filter to accommodate the headwear based 
on the presence of the headwear. 

The processor can selectively adjust the spatial sensitivity 

FIG. 3A illustrates at least one method of detecting 
whether an acoustic dampening event occurs in accordance 
with at least one exemplary embodiment; 

FIG. 3B illustrates at least one further method of detecting 
55 whether an acoustic dampening event occurs in accordance 

with at least one exemplary embodiment; 
FIG. 4A illustrates at least one further method of detecting 

whether an acoustic dampening event occurs in accordance 
with at least one exemplary embodiment; 

of the headwear to sound in the user's local environment. 60 FIG. 4B illustrates a user voice spectral profile acquisition 
system in accordance with at least one exemplary embodi­
ment; 

The headwear can be one of a headset, earbud, earpiece or 
combination thereof. And, the processor actively detects 
when headwear is adjusted or fitted; it can be activated on a 
continuous or intermittent basis. In one arrangement, the 
compensation filter for the headwear can be activated via 
voice-activation. As an example, the processor detects an 
onset of the acoustical dampening from a first acoustic 

FIG. SA illustrates a block diagram of a parameter look up 
system in accordance with at least one exemplary embodi-

65 ment; 
FIG. SB illustrates a headwear equalization system m 

accordance with at least one exemplary embodiment; 
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FIG. 6 illustrates an example of detecting a drop in sound 
pressure levels using the rate of change, mean values, slopes 
and other parameters in accordance with at least one exem­
plary embodiment; 

4 

FIG. 7 illustrates a cartilaginous region and a bony region 5 

of an ear canal; 

At least one exemplary embodiment of the present inven­
tion is illustrated in FIG. lA. The embodiment is a small 
headphone that is inserted in the ear of the user. The 
headphone consists of the sound-attenuating earplug 100 
inserted into the ear. At the inner (eardrum-facing) surface of 
the earplug 100, an ear-canal loudspeaker receiver 102 is 
located for delivering an audio signal to the listener. At the 
outer (environment-facing) surface of the earplug 100, an 
ambient-sound microphone 104 is located. Both the loud-

FIG. 8 illustrates general physiology of an ear; 
FIG. 9 and FIG. 10 illustrates two different views of an 

earphone; 
FIG. 11 and FIG. 12 illustrate two earphones each with 

similar housings accommodating different ear tips; 
FIG. 13 and FIG. 14 illustrate exploded views of one 

embodiment of an earphone; 
FIG. 15 is a schematic diagram of a system for utilizing 

earphones according to an embodiment of the present dis­
closure; 

FIG. 16 is a schematic diagram of a machine in the form 
of a computer system which a set of instructions, when 
executed, may cause the machine to perform any one or 
more of the methodologies or operations of the systems and 
methods for utilizing an earphone according to embodiments 
of the present disclosure; 

FIG. 17 is a schematic exploded view of a multimicro­
phone earphone; 

FIG. 18 illustrates the earphone of FIG. 17 with compo­
nents inserted; 

FIG. 19 illustrates left and right earphones prior to inser­
tion of a user's ears; and 

FIG. 20 illustrates the internal circuitry of an earphone. 

DETAILED DESCRIPTION OF EXEMPLARY 
EMBODIMENTS OF THE PRESENT 

INVENTION 

The following description of exemplary embodiment(s) is 
merely illustrative in nature and is in no way intended to 
limit the invention, its application, or uses. 

Exemplary embodiments are directed to or can be opera­
tively used on various wired or wireless earpieces devices 
(e.g., earbuds, headphones, ear terminals, behind the ear 
devices or other acoustic devices as known by one of 
ordinary skill, and equivalents). 

Processes, techniques, apparatus, and materials as known 
by one of ordinary skill in the art may not be discussed in 
detail but are intended to be part of the enabling description 
where appropriate. For example specific computer code may 
not be listed for achieving each of the steps discussed, 
however one of ordinary skill would be able, without undo 
experimentation, to write such code given the enabling 
disclosure herein. Such code is intended to fall within the 
scope of at least one exemplary embodiment. 

Additionally exemplary embodiments are not limited to 
earpieces, for example some functionality can be imple­
mented on other systems with speakers and/or microphones 
for example computer systems, PDAs, BlackBerry® smart­
phones, cell and mobile phones, and any other device that 
emits or measures acoustic energy. Additionally, exemplary 
embodiments can be used with digital and non-digital acous-

10 speaker 102 and the microphone 104 are connected to the 
electronic signal processing unit 106. The signal processing 
unit 106 also has a connector 108 for input of the audio 
signal. Additionally, an ear-canal microphone 110 is placed 
at the inner (eardrum-facing) surface of the earplug 100 and 

15 an external loudspeaker 112 is placed on the outer (envi­
ronment-facing) surface of the earplug 100 for performing 
other functions of the headphone system not described here 
(such as monitoring of sound exposure and ear health 
conditions, headphone equalization, headphone fit testing, 

20 noise reduction, and customization). 
FIG. lB illustrates an example of an acoustic dampening 

element 120a, moving 140a into the path of an acoustic 
signal or wave 130a generated by an acoustic source 100a 
in ambient environment. The acoustic signal or wave 130a 

25 can be acoustically damped to some level by acoustic 
damping element 120a, so that the acoustic signal measured 
by the microphone 110a is affected. 

FIG. 2a depicts a general "top-level" overview of the 
Headwear acoustic Equalization System (HEQS). Initializa-

30 tion of the HEQS 142 may be manually invoked in a number 
of ways. One way is a manual activation; by either the 
HEQS user (i.e. that person wearing the headset system in 
FIG. lA), or manually by a second person in a local or 
remote location (e.g. a supervisor). Another activation 

35 method is with an automatic mode, for instance in response 
to a loud sound or when the user dons headwear ( e.g. a 
helmet). There are a number of methods for detecting 
headwear, as disclosed by the systems in FIGS. 3a and 4a. 
When headwear detection systems determine that headwear 

40 is worn, then decision unit 101 invokes a system 103 to 
determine the frequency dependent acoustic transmission 
index of the headwear (ATI_HW). An inverse of ATI_HW 
(inverse ATI_HW) 105 is calculated. The method for deter­
mining ATI_HW is described in FIGS. Sa and Sb. The ASM 

45 signal is then filtered 107 with a filter with a response 
approximating the inverseATI_HW 105. This gives a modi­
fied ASM signal which approximates that the ASM signal 
with the headwear removed. The filter system 107 may use 
entirely analog circuitry or may use digital signal process-

50 ing, e.g., using an FIR-type digital filter. Depending on the 
particular operating mode of the HEQS theATI_HW may be 
updated on a continuous or intermittent basis, as determined 
by decision unit 109. If the operating mode is such that 
ATI_HW is calculated just once, then the update sequence is 

55 terminated 111. 

tic systems. Additionally various receivers and microphones 60 

can be used, for example MEMs transducers, diaphragm 
transducers, for example Knowles' FG and EG series trans­
ducers. 

FIG. 2b describes an optional beam-forming platform 
138. The beam forming platform 138 allows for the direc­
tion-dependent sensitivity of the microphones in the headset 
in FIG. 1 to be electronically manipulated. For instance, the 
sensitivity may be increased in the direction of the HEQS 
user's voice, and decreased in the direction of local noise 
sources, such as machine noise. The beam-forming platform 
138 takes as its inputs at least three Ambient Sound Micro­
phones (ASMs) 114, 122, 130. The analog signal is then Notice that similar reference numerals and letters refer to 

similar items in the following figures, and thus once an item 
is defined in one figure, it may not be discussed or further 
defined in the following figures. 

65 amplified (amp) 116, 124, 132, and then filtered with a Low 
Pass Filter (LPF) 118, 126, 134 to prevent frequency aliasing 
by the Analog to Digital Converters (ADC) 120, 128, 136. 
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The beam-forming platform 138 may also take as its input 
signal the output signal fromASMs in both the left and right 
headsets worn by the HEQS user. The output signal 140 for 
each headset is considered the "conditioned ASM signal" in 
other figures in the present invention. 

FIG. 3a depicts the SONAR-based headwear detection 
platform. This system detects the presence of headwear 
using a SONAR-based system. Activation of this system 142 
may be manually by a remote second person 144 or by the 
HEQS user 141, or may be automatic 140 e.g. with a 
computer timer. A SONAR test signal is reproduced with the 
External Receiver (ER) 112 whilst simultaneously recording 
143 the conditioned ASM signal 148. The SONAR test 
signal 145 may be one of a number of specific test signals, 
as described in FIG. 3b. The recorded ASM signal 143 is 
analyzed 146 to extract the time-domain impulse response 
(IR) or frequency domain transfer function 150. The fre­
quency-domain transfer function may be obtained empiri­
cally by dividing the spectral frequency profile of the 
SONAR test signal 145 by the spectral frequency profile of 
the recorded ASM signal 143 (if the spectral frequency 
profile is logarithmic, then this would be a subtraction of the 
two profiles). Alternatively, an adaptive filter such as one 
based on the LMS algorithm may be used to iteratively 
approximate the time-domain impulse response or fre­
quency domain transfer function. If a maximum-length 
sequence (MLS) SONAR test signal is used, then the 
time-domain IR may be obtained by cross-correlation of the 
MLS and recordedASM signa 1143. The resulting IR is then 
analyzed to detect headwear. This is undertaken by detecting 
features in the IR representative of strong sound reflections 
at time delays consistent with headwear; for instance, if a 
helmet is worn, then a reflection from the brim is expected 
at about 0.6 ms for a brim that is 10 cm from the headset. If 
close-fitting headwear is worn, such as a balaclava or 
fire-proof hood, then a higher-level IR would be observed 
( especially at high frequencies) compared with the case 
when no headwear is worn. If no headwear is worn, then 
decision unit 152 determines that no additional filtering of 
the ASM signal is undertaken 154. However, if the analysis 
of the obtained IR 146 predicts that headwear is worn, then 
depending on the particular operating mode 156 (which may 

6 
conversion (DAC) 174 and analog amplification (amp) 176 
(which may be frequency-dependent to compensate for the 
electroacoustic sensitivity of the loudspeaker). A digital 
counter 180 tracks the number of times the audio test signal 

5 is repeatedly reproduced with the ER, and decision unit 182 
terminates reproduction of the test signal 184 when the 
number of repeats is sufficient. 

Alternative to the SONAR-based system in FIG. 3a is the 
Voice-based headwear detection platform described in FIG. 

10 4a. This system detects the presence of headwear using a 
user-generated voice. Activation of this system 142 may be 
manually by a remote second person 144 or by the HEQS 
user 141, or may be automatic 140 e.g., with a computer 
timer. The headwear is detected by analyzing the condi-

15 tioned ASM signal 148 in response to user-generated voice 
186. The prompting system for the user to speak is described 
in FIG. 4b. The recordedASM signal is analyzed by unit 143 
when there is no headwear present to give a reference user 
voice spectral profile 187. When the user dons headwear, 

20 they are prompted to speak (see FIG. 4b) and a secondASM 
recording is made to give a current user voice spectral profile 
188. The reference user voice spectral profile 187 and 
current user voice spectral profile 188 are compared with 
unit 189 to give a transfer function which is analyzed to 

25 predict if headwear is worn. This analysis system may, for 
instance, determine that headwear is worn if the transfer 
function indicates that high-frequency content (e.g. at par­
ticular frequencies such as 1 kHz and 4 kHz) are attenuated 
in the current user voice spectral profile 188 compared with 

30 the reference user voice spectral profile 187 ( e.g. are <5 dB 
at these particular frequencies). If this analysis unit 189 
determines that headwear is not worn, then decision unit 152 
does not filter the ASM signal 154. Alternately, if analysis 
unit 189 determines that headwear is worn, then decision 

35 unit 152 further determines the frequency dependent acous­
tic transmission index of the headwear (ATI_HW) that is 
used to filter the ASM signal (i.e. with a filter response 
approximating the inverse of ATI_HW). ATI_HW is calcu­
lated depending on the particular operating mode, as deter-

40 mined by unit 156. These two operating modes are described 
in FIG. Sa and FIG. Sb. 

be set with the initialization system 142) filtering of the 
ASM signal may be invoked with either a look-up table 
based EQ system (FIG. Sa) or a voice-based EQ system 45 

(FIG. Sb). 

FIG. 4b describes the user-prompting system for the 
voice-based headwear detection platform. Activation com­
mand 190 initializes a counter 191 which keeps a record of 
the number of repetitions of the test stimulus. Either a 
pre-recorded verbal message 192 or non-verbal message 194 
( e.g. a tone) is acquired 193 as a prompt message. The 
prompt message sent 172 to external receiver 112 ( after 
digital to analog conversion 174 and analog amplification 
176) and is reproduced with the External Receiver 112 for 
the user to speak either a specific set of words ( e.g. a 
phonetically balanced word list) or general words (e.g. 
normal conversation) or non-speech sounds (such as a 
whistle or hand-clap). This prompt may be repeated a 
number of times, according to the incremental repeat counter 
196 and decision unit 198 which terminates 200 the prompt 
message after a pre-defined number of repeated message 
prompts. 

FIG. 3b depicts the assembly for generating the SONAR 
test signal used by the SONAR-based headwear detection 
platform in FIG. 3b, and also for the system which deter­
mines the acoustic transmission index of the headwear 50 

described in FIG. Sa. When the SONAR test signal is 
needed, the activation command 158 initializes a counter 
160 which keeps a record of the number of repetitions of the 
test stimulus (i.e. how many averages the analysis system 
makes). The particular test signal used may be one of a 55 

number of signals; a frequency sweep 164 (ideally this 
so-called chirp signal is from a lower frequency to a higher 
frequency with a logarithmic rather than linear incremental 
sweep). Single or multi-frequency sine-waves may also be 
used to give a frequency-dependent acoustic transfer func- 60 

tion. A Maximum Length Sequence (MLS) signal 166 is 
often used to measure acoustic impulse responses. Transient 
(Dirac) impulses 168 give an IR directly. Music audio 170 
may be used to measure the transfer function, as well as 
noise bursts 171 which may be narrow-band filtered. Once 65 

the audio test signal is acquired 162, the signal is sent 172 
to the external receiver (ER) 112 via digital to analog 

FIG. Sa describes a system for determining the acoustic 
transmission index of the headwear (ATI_HW). This is a 
frequency dependent value for the free-field acoustic absorp­
tion of the headwear from an external sound source to a 
measurement point on the other side of the headwear (spe­
cifically, measured at the entrance to the user's ear canal). 
The system uses the SONAR headwear detection platform 
described in FIG. 3a to obtain a headwear impulse response 
150. It should be noted that this is not the same as the 
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ATI_HW; rather, it is the impulse response obtained by 
emitting a SONAR test signal from the external receiver 
(112 in FIG. 1) and recording the sound response at theASM 
104 (or conditioned ASM signal 140 in FIG. 2b). In a 
particular optional learn mode 202, the IR of different 5 

headwear may be measured empirically, and their corre­
sponding ATI_HW is also measured and stored in computer 
memory 204. The recently measured headwear IR 150 is 
then compared and matched with measured IRs in the 
database 204 using matching unit 206 (matching may be 10 

accomplished using a standard least mean squares difference 
approach). When the current headwear has been matched to 
one in the database, then theASM signal 140 is filtered with 
an impulse response ( or frequency-domain transfer func­
tion) which approximates the inverse of the matched 15 

ATI_HW 208. The filtering of the ASM signal by unit 210 
may be accomplished using a digital FIR-type filter or an 
IIR-type digital filter, or a multi-band analog audio signal 
filter. Depending on the particular operating mode of the 
HEQS selected by the user ( or automatically selected) with 20 

selecting device 212, the ATI_HW may be continually 
updated by decision unit 214. The process may be termi­
nated at step 216. 

FIG. Sb describes an alternative method to that system in 
FIG. Sa, for determining the ATI_HW of the headwear worn 25 

by the HEQS user. The method in FIG. Sb begins at step 218 
and uses a measure of the user's reference voice spectral 
profile 187. This is a spectral profile of the (conditioned) 
ASM signals when no headwear is worn in response to 
user-generated speech or non-speech (e.g. hand-claps). This 30 

is compared to the current ASM spectral profile 188 when 
the user is wearing headwear. The comparison is undertaken 
by unit 189, which may be a simple spectral subtraction (in 
the logarithmic or decibel domain), or may be a division of 
the linear spectral magnitude. The resulting transfer function 35 

approximates ATI_HW, and its inverse is calculated by unit 
220 to give a data vector which can be used to filter the ASM 
signals with filter unit 210 (as previously described for FIG. 
Sa). The process may be terminated at step 216. 

FIG. 6 illustrates an acoustic signal 600 displayed in a 40 

non-limiting manner as the sound pressure level versus time, 
t. In this non-limiting example acoustic signal 600 is broken 
into three regions. The first region can be characterized by 
an average value SPL-Ml, with an associated baseline (e.g., 
a line fit utilizing least squares) having a slope SLP-1. 45 

Similarly the second and third regions can be characterized 
by an average value SPL-M2 and SPL-M3 respectively, with 
an associated baseline ( e.g., a line fit utilizing least squares) 
having slopes SLP-2 and SLP-3 respectively. FIG. 6 illus­
trates the situation where a microphone (throughout the 50 

duration) is measuring the acoustic signal 600, the measure­
ment plotted in FIG. 6. At the onset of an acoustic damp­
ening event (e.g., sheet placed on microphone, headwear 
placed over earpiece microphone) the measured Sound 
Pressure Level (SPL) value decreases from SPL-Ml to 55 

SPL-M2 over a period of time Dtl. The rate of decrease, 
[(SPL-M2)-(SPL-Ml)]/Dt=Rl, can be compared to a 
threshold value Tl to aid in determining if an acoustic 
dampening event has occurred. For example if Rl =20 
dB/sec, and Tl= 10 dB/sec, and the criteria for an acoustic 60 

dampening effect (e.g., rather than an acoustic source shut 
off) is IRll<Tl, then if IRll<Tl (note that a criteria Rl>Tl 
can also be used as well as an equality relationship) as it is 

8 
SPL-M2 to SPL-M3 in time Dt2. The rate of change, 
R2=[(SPL-M3)-(SPL-M2)]/Dt2, can be compared with a 
threshold T2 in a similar manner as described above for Tl. 
Another threshold that can be used is the dropped sound 
pressure levels (DSPLl, DSPL2) average baseline value, for 
example if SPL-M2>SPL-T3 then this can be used as an 
indication that an acoustic dampening event has occurred 
rather than an acoustic source shut off. For example if the 
threshold value SPL-T3 is effective quiet ( e.g., 80 dB) then 
if SPL-M2 drops to below SPL-T3 then this can be indica­
tive of an acoustic source being turned off. 

Other criteria can also be used as indicators of an acoustic 
dampening event occurring. For example if the slopes of the 
baselines before and after shifting are significantly different 
this can be indicative of an acoustic source shut off rather 
than an acoustic dampening event. For example if ISLP-2-
SLP-ll>l(SLP-1/2)1, this could be indicative that an acoustic 
source has been turned off and that possibly the slope of the 
second baseline (SLP-2) is close to zero. 

Further Exemplary Embodiments 

The following paragraphs list various other exemplary 
embodiments of the invention. The list is meant as illustra­
tive only not as a !imitative list of embodiments. 

A self-contained Headwear Acoustic Equalization system 
(HEQS) to compensate for the acoustic filtering ofheadwear 
(hats, helmets, fire-proofheadwear etc.) is herein described. 
The Headwear Acoustic Equalization System (HEQS) 
empirically measures or determines the acoustic filtering 
properties of a head garment on a continuous, intermittent, 
or discrete basis. The acoustic filtering properties are used to 
compensate for the change in response of a microphone 
mounted on the user's head (e.g. at or near the entrance to 
the ear canals) from an external sound source (e.g. voice) by 
filtering the microphone signal with an audio signal filter 
(which may be adaptive or one from a pre-defined filter 
database). The HEQS comprises: 
A. An assembly to monitor the acoustic field in a user's 
immediate environment using one or more Ambient Sound 
Microphones (AS Ms) located near to or at the entrance to 
one or both occluded ear canals. 
B. A signal processing circuit to amplify the signals from the 
ASMs in (A) and to equalize for the frequency sensitivity of 
the microphones and to low-pass filter (LPF) the signals 
prior to digital conversion to prevent aliasing (with the 
cut-off frequency of the LPF equal or less than half the 
sampling frequency of the digital sampling system). 
C. An analog-to-digital converter (ADC) to convert the 
filtered analog signals in (B) to a digital representation. 
D. An optional beam-forming platform that takes as its 
inputs the digital signals from the ASMs from one or both 
headsets to selectively affect the spatial sensitivity of the 
headset to sound in the user's local environment. 
E. An assembly to generate a desired SPL at or near the 
entrance to one or both occluded ( or partly occluded) ear 
canals consisting of a loudspeaker receiver mounted in an 
earplug that forms an acoustic seal of the ear canal. (This is 
the External Receiver; ER). 
F. A signal processing circuit to amplify the signal to the ER 
to equalize for the frequency sensitivity of the transducer. 
G. A digital-to-analog converter (DAC) to convert a digital 
audio signal into an analog audio signal for reproduction 
with the ER. in the example can be used as an indication of an acoustic 

dampening event rather than an acoustic source shut off. 
Note that in the example illustrated in FIG. 6, the acoustic 
dampening event is removed resulting in an increase from 

65 H. A HEQS initialization system to start the HEQS; which 
may be manually initialized by the user with voice-activa­
tion or with a physical switch, or may include remote 
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activation by a second person, or may be automatically 
activated by a system which detects when headwear is 
adjusted or fitted, or may be activated on a continuous or 
intermittent basis. 
I. A system to detect whether the HEQS user is wearing 5 

headwear. Examples ofheadwear include: a military helmet, 
a SWAT hood, balaclava, cold-weather face mask, helmet 
liner, neoprene camouflage face mask, religious headwear 
such as a burka or turban, or a fireproof face mask as 
typically worn by fighter pilots and fire-service workers (fire 10 

men/women). 
J. A system to determine the frequency-dependent acoustic 
attenuation of the headwear from an ambient sound source 
(such as the user's voice or a sound-creating object in the 
environment of the user) to the ASM(s). This attenuation 15 

transmission index is called ATI_HW. 
K. A system to filter the ASM signal with the inverse of the 
ATI_HW of the headwear, so as to give an ASM signal 
similar to that with the headwear absent. 
L. A system to update the ATI_HW automatically on a 20 

continuous basis. 
M. A system to update the ATI_HW manually from either a 
user-generated command or a command issued by a second 
remote person. 
N. A system to update the ATI_HW automatically on an 25 

intermittent basis (e.g. every 10 minutes). 
0. A system to transmit the ATI_HW to a data storage or 
analysis system using a wired or wireless data transmission 
system. 

Another embodiment of the invention enables the HEQS 30 

to automatically determine if headwear is worn using a 
self-contained SONAR-based headwear detection platform. 

10 
or may be remotely activated by a second person, or may be 
automatically activated by a system which detects when 
headwear is adjusted or fitted, or may be activated on a 
continuous or intermittent basis. 
I. A system to generate or retrieve from computer memory 
a SONAR audio data test signal. This signal may be one of 
the following types: 
a. Swept sine "chirp" signal. 
b. Maximum Length Sequence (MLS) test signal. c. Dirac 
transient click signal. 
d. Music audio signal. 
e. Noise signal (white noise or pink noise). 
J. Circuitry to reproduce the audio test signal in (I) with the 
external receiver. 
K. A system to simultaneously record the ASM signal whilst 
the test signal in (I) is reproduced with the ER. 
L. A system to repeat the reproduction of the test signal in 
(1). 
M. A system to analyze the recorded ASM signal in response 
to the SONAR test signal to determine if headwear is worn. 
This system comprises a method to deconvolve the recorded 
ASM signal to give a time domain impulse response or 
frequency domain transfer function with reference to the 
original SONAR test audio signal. 
N. A system to determine ifheadwear is worn by analysis of 
the deconvolved test impulse response (IR) or transfer 
function (TF) in (M) with respect to a reference IR or TF 
made with no headwear worn. 

Another embodiment of the invention enables the HEQS 
to automatically determine the frequency-dependent acous­
tic absorption characteristics of the headwear worn by a user 
(this is the Headwear acoustic Attenuation Transmission 
Index or ATI_HW). Once obtained, the ASM signal is 

A SONAR test sound is emitted with an external receiver 
mounted on the headset device, and its sound reflection is 
detected using one or more ambient sound microphones 
mounted on the same headset. The reflected sound is ana­
lyzed to determine the presence ofheadwear. This SONAR­
based headwear detection platform comprises: 

35 filtered with a filter corresponding to the inverse of ATI_HW. 

A. An assembly to monitor the acoustic field in a user's 
immediate environment using one or more Ambient Sound 40 

Microphones (AS Ms) located near to or at the entrance to 
one or both occluded ear canals. 
B. A signal processing circuit to amplify the signals from the 
ASMs in (A) and to equalize for the frequency sensitivity of 
the microphones and to low-pass filter (LPF) the signals 45 

prior to digital conversion to prevent aliasing (with the 
cut-off frequency of the LPF equal or less than half the 
sampling frequency of the digital sampling system). 

This self-contained SONAR-based headwear determination 
platform uses a SONAR test sound emitted with an external 
receiver mounted on the headset device, and its sound 
reflection is detected using one or more ambient sound 
microphones mounted on the same headset. The reflected 
sound is analyzed to determine the headwear using a look-up 
table analysis with previous measurements of known head­
wear. This SONAR-based headwear determination platform 
comprises: 
A. An assembly to monitor the acoustic field in a user's 
immediate environment using one or more Ambient Sound 
Microphones (AS Ms) located near to or at the entrance to 
one or both occluded ear canals. 
B. A signal processing circuit to amplify the signals from the C. An analog-to-digital converter (ADC) to convert the 

filtered analog signals in (B) to a digital representation. 
D. An optional beam-forming platform that takes as its 
inputs the digital signals from the ASMs from one or both 
headsets to selectively affect the spatial sensitivity of the 
headset to sound in the user's local environment. 

50 ASMs in (A) and to equalize for the frequency sensitivity of 
the microphones and to low-pass filter (LPF) the signals 
prior to digital conversion to prevent aliasing (with the 
cut-off frequency of the LPF equal or less than half the 

E. An assembly to generate a desired SPL at or near the 55 

entrance to one or both occluded ( or partly occluded) ear 
canals consisting of a loudspeaker receiver mounted in an 
earplug that forms an acoustic seal of the ear canal. (This is 
the External Receiver; ER). 
F. A signal processing circuit to amplify the signal to the ER 60 

to equalize for the frequency sensitivity of the transducer. 
G. A digital-to-analog converter (DAC) to convert a digital 
audio signal into an analog audio signal for reproduction 
with the ER. 

sampling frequency of the digital sampling system). 
C. An analog-to-digital converter (ADC) to convert the 
filtered analog signals in (B) to a digital representation. 
D. An optional beam-forming platform that takes as its 
inputs the digital signals from the ASMs from one or both 
headsets to selectively affect the spatial sensitivity of the 
headset to sound in the user's local environment. 
E. An assembly to generate a desired SPL at or near the 
entrance to one or both occluded ( or partly occluded) ear 
canals consisting of a loudspeaker receiver mounted in an 
earplug that forms an acoustic seal of the ear canal. (This is 

H. An initialization system to start the SONAR-based head­
wear detection platform; which may be manually activated 
by the user with voice-activation or with a physical switch, 

65 the External Receiver; ER). 
F. A signal processing circuit to amplify the signal to the ER 
to equalize for the frequency sensitivity of the transducer. 
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G. A digital-to-analog converter (DAC) to convert a digital 
audio signal into an analog audio signal for reproduction 
with the ER. 

12 
C. An analog-to-digital converter (ADC) to convert the 
filtered analog signals in (B) to a digital representation. 
D. An optional beam-forming platform that takes as its 
inputs the digital signals from the ASMs from one or both H. An initialization system to start the SONAR-based head­

wear detection platform; which may be manually activated 
by the user with voice-activation or with a physical switch, 
or may be remotely activated by a second person, or may be 
automatically activated by a system which detects when 
headwear is adjusted or fitted, or may be activated on a 

5 headsets to selectively affect the spatial sensitivity of the 
headset to sound in the user's local environment. 

continuous or intermittent basis. 10 

I. A system to generate or retrieve from computer memory 
a SONAR audio data test signal. This signal may be one of 
the following types: 

E. A digital-to-analog converter (DAC) to convert a digital 
audio signal into an analog audio signal for reproduction 
with the ER. 
F. An initialization system to start the Voice-based headwear 
detection platform; which may be manually activated by the 
user with voice-activation or with a physical switch, or may 
be remotely activated by a second person, or may be 

a. Swept sine "chirp" signal. 
b. Maximum Length Sequence (MLS) test signal. c. Dirac 
transient click signal. 

15 automatically activated by a system which detects when 
headwear is adjusted or fitted, or may be activated on a 
continuous or intermittent basis. 

d. Music audio signal. 
e. Noise signal (white noise or pink noise). 

G. A system to obtain a Reference User Voice Profile 
(rUVP); when activated by the system in (F), the rUVP 

J. Circuitry to reproduce the audio test signal in (I) with the 
external receiver. 
K. A system to simultaneously record the ASM signal whilst 
the test signal in (I) is reproduced with the ER. 
L. A system to repeat the reproduction of the test signal in 

20 acquisition system works by the user generating some 
general or predefined verbal messages ( e.g. a collection of 
phonemically balanced words, prompted by a messaging 
system reproduced with the ear canal receiver). Alterna­
tively, the user may be asked to generate non-verbal sound 

(I). 
M. A system to analyze the recorded ASM signal in response 

25 stimuli, such as hand claps or mouth-whistles. Whilst the 
user creates the Reference sound message, the ASM signals 
are simultaneously recorded. The resulting spectral profile is 
the rUVP. 

to the SONAR test signal to determine ifheadwear is worn. 
This system comprises a method to deconvolve the recorded 
ASM signal to give a time domain impulse response or 
frequency domain transfer function with reference to the 30 

original SONAR test audio signal. 

H. A system to obtain a Current User Voice Profile (cUVP); 
when activated by the system in (F), the cUVP acquisition 
system works by the user generating some general or 
predefined verbal messages (e.g. a collection of phonemi­
cally balanced words, prompted by a messaging system 
reproduced with the ear canal receiver). Alternatively, the 

N. A system to determine ifheadwear is worn by analysis of 
the deconvolved test impulse response (IR) or transfer 
function (TF) in (M) with respect to a reference IR or TF 
made with no headwear worn. 
0. A system to determine what headwear is worn by the user 

35 user may be asked to generate non-verbal sound stimuli, 
such as hand claps or mouth-whistles. Whilst the user 
creates the Reference sound message, the ASM signals are 
simultaneously recorded. The resulting spectral profile is the 
cUVP. 

by comparing the empirically obtained IR or TR with a 
library of measured IRs or TRs previously obtained. The 
empirically obtained IR or TR is matched with the particular 
previously measured IR or TR using, for example, the 40 

method of least-squared difference. 
P. A system to obtain the ATI_HW of the worn headwear 
using a look-up table of previously measured ATI_HW's 
corresponding to particular headwear IR's. 
Q. A system to filter the ASM signal with a filter corre- 45 

sponding to the inverse of the obtained ATI_HW. In an 
exemplary embodiment, this filter is a digital FIR-type filter. 

Another embodiment of the invention enables the HEQS 
to automatically determine if headwear is worn using a 
self-contained Voice-based headwear detection platform. A 50 

Voice test sound is generated by the HEQS user, and is 
simultaneously detected using one or more ambient sound 
microphones mounted on the same headset. In some 
embodiments the user-generated sound is a non-voice sound 
such as a hand-clap or mouth whistle. The measured sound 55 

is analyzed to determine the presence of headwear. This 
Voice-based headwear detection platform comprises 
A. An assembly to monitor the acoustic field in a user's 
immediate environment using one or more Ambient Sound 
Microphones (AS Ms) located near to or at the entrance to 60 

one or both occluded ear canals. 
B. A signal processing circuit to amplify the signals from the 
ASMs in (A) and to equalize for the frequency sensitivity of 
the microphones and to low-pass filter (LPF) the signals 
prior to digital conversion to prevent aliasing (with the 65 

cut-off frequency of the LPF equal or less than half the 
sampling frequency of the digital sampling system). 

I. A system to compare the rUVP and c UVP, and thus 
determine if headwear is used. This comparison may be in 
the time domain, but in an exemplary embodiment the 
comparison is in the frequency domain. If the frequency 
content of the cUVP is less than the rUVP at particular 
frequencies (e.g. 1/2rd octave measurements made at 1 kHz 
and 4 kHz) by a pre-defined amount (e.g. 5 dB), then it may 
be deemed that headwear is currently being worn. 

Another embodiment of the invention enables the HEQS 
to automatically determine the frequency-dependent acous­
tic absorption characteristics of the headwear worn by a user 
(this is the Headwear acoustic Attenuation Transmission 
Index or ATI_HW). Once obtained, the ASM signal is 
filtered with a filter corresponding to the inverse of ATI_HW. 
This self-contained Voice-based headwear determination 
platform uses a Voice or non-voice ( e.g. hand-clap) test 
sound created by the HEQS user, and is simultaneously 
recorded using one or more ambient sound microphones 
mounted on a headset near to or in the user's ear canal. The 
recorded sound is analyzed to determine the particular 
headwear and its corresponding ATI_HW using a look-up 
table analysis with previous measurements of known head-
wear. This Voice-based headwear determination platform 
comprises: 
A. An assembly to monitor the acoustic field in a user's 
immediate environment using one or more Ambient Sound 
Microphones (AS Ms) located near to or at the entrance to 
one or both occluded ear canals. 
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B. A signal processing circuit to amplify the signals from the 
ASMs in (A) and to equalize for the frequency sensitivity of 
the microphones and to low-pass filter (LPF) the signals 
prior to digital conversion to prevent aliasing (with the 
cut-off frequency of the LPF equal or less than half the 5 

sampling frequency of the digital sampling system). 
C. An analog-to-digital converter (ADC) to convert the 
filtered analog signals in (B) to a digital representation. 
D. An optional beam-forming platform that takes as its 
inputs the digital signals from the ASMs from one or both 10 

headsets to selectively affect the spatial sensitivity of the 
headset to sound in the user's local environment. 

14 
ear canal while the tympanic membrane 710 defines the 
other end of the ear canal 720. The concha 845 has a plane 
760 close to the aperture 750, where the angle (A) (concha-
aperture angle) between the aperture plane 750 and the 
concha plane 760 can vary between individuals. 

FIG. 8 illustrates general outer physiology of an ear, 
which includes a, auricle tubercle 810, the antihelix 820, the 
helix 830, the antitragus 840, tragus 850, lobule of ear 860, 
crus of helix 870, anterior notch 880, and intertragic inci­
sures 890. 

FIG. 9 and FIG. 10 illustrates two different views 900 and 
1000 of an earphone. View 900 illustrate two charmels ( e.g., 
940 and 950) that open into the ear canal where one channel 
can be used for an ear canal microphone (ECM) and the 

E. A digital-to-analog converter (DAC) to convert a digital 
audio signal into an analog audio signal for reproduction 
with the ER. 
F. An initialization system to start the Voice-based headwear 
detection platform; which may be manually activated by the 
user with voice-activation or with a physical switch, or may 

15 other a speaker (SPKR), while the back view 1000 illustrates 
another port 1021 that can be used for an ambient sound 
microphone (ASM) to monitor the sound from the ambient 
environment. 

be remotely activated by a second person, or may be 
automatically activated by a system which detects when 20 

headwear is adjusted or fitted, or may be activated on a 
continuous or intermittent basis. 
G. A system to obtain a Reference User Voice Profile 
(rUVP); when activated by the system in (F), the rUVP 
acquisition system works by the user generating some 25 

general or predefined verbal messages (e.g. a collection of 
phonemically balanced words, prompted by a messaging 
system reproduced with the ear canal receiver). Alterna­
tively, the user may be asked to generate non-verbal sound 
stimuli, such as hand claps or mouth-whistles. Whilst the 30 

user creates the Reference sound message, the ASM signals 
are simultaneously recorded. The resulting spectral profile is 
the rUVP. 

FIG. 9 illustrates a front view of an earphone device 900, 
without an eartip that illustrates an acoustic channel 940 to 
an ECM connected at a port 965, an acoustic channel 950 to 
a SPKR 1380 connected at a port 966. The acoustic channel 
950 can run from the SPKR 1380 at the connection to the 
port 966 to a SPKR port 981. The acoustic charmel 940 can 
run from the ECM at the connection to the port 965 to the 
ECM port 931. 

FIG. 10 illustrates a back of an earphone device 1000 
without an eartip. The hearbud housing device 1105 of the 
earphone device 1000 can include acoustic charmels 940 and 
950 that can be connected to components of the EPH 1450, 
which fits inside the earphone housing 1470 of the hearbud 
housing device 1400 using a keyed recess 1460, for example 
the SPKR 1480 and ECM 1430. The cap 1460 can include 
a port 1421 (e.g., an ASM port) to allow sound from the 

35 ambient environment to reach the ASM 1420. The stent 940 
H. A system to obtain a Current User Voice Profile (cUVP); 
when activated by the system in (F), the cUVP acquisition 
system works by the user generating some general or 
predefined verbal messages (e.g. a collection of phonemi­
cally balanced words, prompted by a messaging system 
reproduced with the ear canal receiver). Alternatively, the 
user may be asked to generate non-verbal sound stimuli, 40 

such as hand claps or mouth-whistles. Whilst the user 
creates the Reference sound message, the ASM signals are 
simultaneously recorded. The resulting spectral profile is the 
cUVP. 
I. A system to compare the rUVP and cUVP, and to deter­
mine the particular headwear worn by the user. This com­
parison may be in the time domain, but in an exemplary 
embodiment the comparison is in the frequency domain. If 
the frequency content of the cUVP is less than the rUVP at 
particular frequencies ( e.g. 1/3rd octave measurements made 
at 1 kHz and 4 kHz) by a pre-defined amount (e.g. 5 dB), 
then it may be deemed that headwear is currently being 
worn. The transfer function of rUVP to cUVP is compared 
to a database of measurements made with particular head­
wear with a known Headwear acoustic Attenuation Trans­
mission Index or ATI_HW. Alternative to the ATI_HW 
determination system in (I), a system to empirically to 
determine ATI_HW which is calculated as the ratio of rUVP 
to cUVP. 
J. A system to filter theASM signal with a filter correspond­
ing to the inverse of the obtained ATI_HW (i.e. obtained in 
process I or J). In the at least one exemplary embodiment, 
this filter is a digital FIR-type filter. 

FIG. 7 illustrates a generic cross section of an ear canal 
700, including a cartilaginous region 740 and a bony region 
730 of an ear canal 720. The entrance of the ear canal 720 
is referred to as the aperture 750 and defines a first end of the 

of the hearbud housing device 1400 can be designed to help 
retain any tip inserted thereupon, for example, the stent 940 
can include a smaller end 910 (e.g., 5.5 mm diameter) to 
allow ease of insertion of a tip onto the stent 940, and a 
thicker mid stent diameter 1011 (e.g., 6.1 mm diameter) to 
facilitate a tight fit after tip insertion. 

FIG. 11 and FIG. 12 illustrate two earphones 1100 and 
1200 respectively. The earphone 1100 shows and earphone 
housing (EH) 1110 that can accommodate a commercially 

45 available eartip 1130 (e.g., Comply Tips, flange tips). The 
earphone housing (e.g. 1110, 1470) can additionally accom­
modate specialized eartips (e.g. 1230). The EH 1470 can be 
fabricated (e.g., molded or 3D printed) from various mate­
rials (e.g., silicone, 3D printed material, metal, wood) and 

50 any material listed herein for any part of an earphone 
(housing, microphone, speaker, eartips) should not be inter­
preted as !imitative, but as examples only. 

Processes, techniques, apparatus, and materials as known 
by one of ordinary skill in the art may not be discussed in 

55 detail but are intended to be part of the enabling description 
where appropriate. For example, specific materials may not 
be listed for achieving each of the targeted properties 
discussed, however one of ordinary skill would be able, 
without undo experimentation, to determine the materials 

60 needed given the enabling disclosure herein. For example 
Elastosil™ 30A, 70A, High Strength 1, 2, 3, Moldmaking 
Rubber (Alumilite™ products), flexible 3D printable mate­
rial, silicon, urethane, rubber, however any material that can 
be used within the ear canal can be used for forming the shell 

65 that is inserted into the ear canal and any material that can 
be used for earphones (silicon, urethane, rubber, plastic, 
Elastosil™, metal, wood, and the like) can be used in the 
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Housing that sits in the concha. Various material can also be 
printed and any other materials, as mentioned if molded. 

16 
known by one of ordinary skill in the arts of designing or 
fabricating earphone parts with tolerances of at least 2 mm. 
Additionally the parts (EPH, EH, cap) can be formed of 
wood metal and glass. 

As shown in FIG. 15, a system 2400 and methods for 
utilizing eartips and/or earphone devices are disclosed. 

The system 2400 may be configured to support, but is not 
limited to supporting, data and content services, audio 
processing applications and services, audio output and/or 

FIG. 13 illustrates an additional exploded view of a 
hearbud housing device 1100 with various components 
labelled and which are configured to be housed within the 5 

hearbud housing device 1300. For example, in certain 
embodiments, the components of the earphone device can 
include the hearbud housing device 1300, an earphone 
housing 1370, a cap 1360, and an electronic package hous­
ing 1350, which houses the electronics package (EP) 1390 
that can include a speaker (SPKR or ECR) 1380, ambient 
sound microphone (ASM) 1320, an ear canal microphone 
(ECM) 1330, and supporting electronics that may form a 
part of the EP 1390. Note that any microphone that can be 
used in an earphone can be used for the ASM 1320 and ECM 
1330. Additionally, any speaker that can be used in ear­
phones can be used for the SPKR 1380 in the earphone 
device 1300. 

10 input applications and services, applications and services for 
transmitting and receiving audio content, authentication 
applications and services, computing applications and ser­
vices, cloud computing services, internet services, satellite 
services, telephone services, software as a service (SaaS) 

15 applications, platform-as-a-service (PaaS) applications, 
gaming applications and services, social media applications 
and services, productivity applications and services, voice­
over-internet protocol (VoIP) applications and services, 
speech-to-text translation applications and services, interac-FIG. 14 illustrates how parts fit within an earphone 

housing 1470 of hearbud housing device 1400 of an ear­
phone device. A set of keys 1460 (e.g., recessed or raise 
keys) in the earphone housing 1470 allow the earphone 
housing 1470 to connect with nozzles 1475 of the EPH 
1450. Thus, the electronics packaging unit (EPU) 1495 can 
be standardized while the earphone housing 1470 design can 
be varied provided the keys 1460 of the earphone housing 
1470 remain the same. The EPU 1495 may include the EPH 
1450 that contains the EP 1490. The ASM port/nozzle 1421 
connects the ambient environment to an ASM 1320 in the 
EPU 1495. A cap 1460 may fit over the back of the earphone 
housing 1470 and the back of the EPU 1495 when inserted 
into the earphone housing 1470 of the hearbud housing 
device 1400 of the earphone device. 

FIG. 13 and FIG. 14 illustrate exploded views of one 
embodiment of an earphone ( e.g. 1300 and 1400) including 
two microphones (e.g. 1320, 1330, e.g. Mems Digital and 
Analog microphones, e.g. Knowles SiSonic Microphones, 
model SPH0641LM4H-1, model TO-30043-000 and other 
microphones that can be used in earphones or phones), a 
speaker ( e.g. 1380, e.g., Knowles model RAB-32063, model 
TWFK-30017 -000 and other types of speakers that can be 
used in earphones or phones) and DSP PCB board ( e.g., CSR 
chips, Wolfson chips, and any other DSP chip that can 
process audio input that can be used in earphones or 
phones). The earphone (e.g., 1300, 1400) includes a cap 
( e.g., 1360) and an earphone housing (EH) ( e.g. 1370, 1470). 
An electronic package housing (EPH) 1450, houses the 
electronic parts, for example the microphones (e.g., 1320, 
1330), the speakers (e.g. 1380), and the DSP PCB board. 
The EH 1470 and cap 1460 can change to various configu­
ration keeping the EPH 1450 constant, facilitating testing of 
the EPH 1450 (with electrical components such as micro­
phones, speakers and DSP inserted) independent of ear­
phone configuration ( e.g., shape of housing, stent 940 
length). 

The materials for the EPH 1450, EH 1470 and the cap 
1460 can vary depending upon desired flexibility, level of 
hydrophobicity required, transparency, electrical isolation, 

20 tive voice applications and services, mobile applications and 
services, and any other computing applications and services. 
The system may include a first user 2401, who may utilize 
a first user device 2402 to access data, content, and appli­
cations, or to perform a variety of other tasks and functions. 

25 As an example, the first user 2401 may utilize first user 
device 2402 to access an application ( e.g., a browser or a 
mobile application) executing on the first user device 2402 
that may be utilized to access web pages, data, and content 
associated with the system 2400. In certain embodiments, 

30 the first user 2401 may be any type of user that may 
potentially desire to listen to audio content, such as from, but 
not limited to, a music playlist accessible via the first user 
device 2402, a telephone call that the first user 2401 is 
participating in, audio content occurring in an environment 

35 in proximity to the first user 2401, any other type of audio 
content, or a combination thereof. For example, the first user 
2401 may be an individual that may be participating in a 
telephone call with another user, such as second user 2420. 

The first user device 2402 utilized by the first user 2401 
40 may include a memory 2403 that includes instructions, and 

a processor 2404 that executes the instructions from the 
memory 2403 to perform the various operations that are 
performed by the first user device 2402. In certain embodi­
ments, the processor 2404 may be hardware, software, or a 

45 combination thereof. The first user device 2402 may also 
include an interface 2405 ( e.g., screen, monitor, graphical 
user interface, etc.) that may enable the first user 2401 to 
interact with various applications executing on the first user 
device 2402, to interact with various applications executing 

50 within the system 2400, and to interact with the system 2400 
itself. In certain embodiments, the first user device 2402 
may include any number of transducers, such as, but not 
limited to, microphones, speakers, any type of audio-based 
transducer, any type of transducer, or a combination thereof. 

55 In certain embodiments, the first user device 2402 may be a 
computer, a laptop, a tablet device, a phablet, a server, a 
mobile device, a smartphone, a smart watch, and/or any 
other type of computing device. Illustratively, the first user 
device 2402 is shown as a mobile device in FIG. 15. The first RF shielding, and other properties known by one of ordinary 

skill in the arts of earphone design. For example, the EPH 60 

1450, EH 1470, cap 1460 can be 3D printed for example 
using resins such as Formlabs™ elastic resin, tough, grey-

user device 2402 may also include a global positioning 
system (GPS), which may include a GPS receiver and any 
other necessary components for enabling GPS functionality, 
accelerometers, gyroscopes, sensors, and any other compo­
nentry suitable for a mobile device. 

pro resins or other 3D printing materials as known by one of 
ordinary skill in fabricating small parts with tolerances of at 
least 2 mm. Additionally, the parts can be molded such as 65 

with Elastosil® LR3004/30B, silicone, polyurethanes, rub­
ber, Neoprene, or any other type of moldable material as 

In addition to using first user device 2402, the first user 
2401 may also utilize and/or have access to a second user 
device 2406 and a third user device 2410. As with first user 
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device 2402, the first user 2401 may utilize the second and 
third user devices 2406, 2410 to transmit signals to access 
various online services and content. The second user device 
2406 may include a memory 2407 that includes instructions, 
and a processor 2408 that executes the instructions from the 5 

memory 2407 to perform the various operations that are 
performed by the second user device 2406. In certain 
embodiments, the processor 2408 may be hardware, soft­
ware, or a combination thereof. The second user device 2406 
may also include an interface 2409 that may enable the first 10 

user 2401 to interact with various applications executing on 

content, experience any type of content, process audio 
content, adjust audio content, store audio content, perform 
any type of operation with respect to audio content, or a 
combination thereof. The earphone device 2415 may be an 
earpiece, a hearing aid, an ear monitor, an ear terminal, a 
behind-the-ear device, any type of acoustic device, or a 
combination thereof. The earphone device 2415 may include 
any type of component utilized for any type of earpiece. In 
certain embodiments, the earphone device 2415 may include 
any number of ambient sound microphones that may be 
configured to capture and/or measure ambient sounds and/or 

the second user device 2406 and to interact with the system 
2400. In certain embodiments, the second user device 2406 
may include any number of transducers, such as, but not 
limited to, microphones, speakers, any type of audio-based 15 

transducer, any type of transducer, or a combination thereof. 

audio content occurring in an environment that the earphone 
device 2415 is present in and/or is proximate to. In certain 
embodiments, the ambient sound microphones may be 
placed at a location or locations on the earphone device 2415 
that are conducive to capturing and measuring ambient 

In certain embodiments, the second user device 2406 may be 
and/or may include a computer, any type of sensor, a laptop, 
a set-top-box, a tablet device, a phablet, a server, a mobile 
device, a smartphone, a smart watch, and/or any other type 20 

of computing device. Illustratively, the second user device 
2402 is shown as a smart watch device in FIG. 15. 

sounds occurring in the environment. For example, the 
ambient sound microphones may be positioned in proximity 
to a distal end (e.g. the end of the earphone device 2415 that 
is not inserted into the first user's 2401 ear) of the earphone 
device 2415 such that the ambient sound microphones are in 
an optimal position to capture ambient or other sounds 
occurring in the environment. In certain embodiments, the 
earphone device 2415 may include any number of ear canal 

The third user device 2410 may include a memory 2411 
that includes instructions, and a processor 2412 that 
executes the instructions from the memory 2411 to perform 
the various operations that are performed by the third user 
device 2410. In certain embodiments, the processor 2412 
may be hardware, software, or a combination thereof. The 
third user device 2410 may also include an interface 2413 
that may enable the first user 2401 to interact with various 
applications executing on the second user device 2406 and 
to interact with the system 2400. In certain embodiments, 
the third user device 2410 may include any number of 
transducers, such as, but not limited to, microphones, speak­
ers, any type of audio-based transducer, any type of trans­
ducer, or a combination thereof. In certain embodiments, the 
third user device 2410 may be and/or may include a com­
puter, any type of sensor, a laptop, a set-top-box, a tablet 
device, a phablet, a server, a mobile device, a smartphone, 
a smart watch, and/or any other type of computing device. 
Illustratively, the third user device 2410 is shown as a smart 
watch device in FIG. 15. 

The first, second, and/or third user devices 2402, 2406, 
2410 may belong to and/or form a communications network 
2416. In certain embodiments, the communications network 
2416 may be a local, mesh, or other network that facilitates 
communications among the first, second, and/or third user 
devices 2402, 2406, 2410 and/or any other devices, pro­
grams, and/or networks of system 2400 or outside system 
2400. In certain embodiments, the communications network 
2416 may be formed between the first, second, and third user 
devices 2402, 2406, 2410 through the use of any type of 
wireless or other protocol and/or technology. For example, 
the first, second, and third user devices 2402, 2406, 2410 
may communicate with one another in the communications 
network 2416, such as by utilizing Bluetooth Low Energy 
(BLE), classic Bluetooth, ZigBee, cellular, NFC, Wi-Fi, 
Z-Wave, ANT+, IEEE 802.15.4, IEEE 802.22, ISAl00a, 
infrared, ISM band, RFID, UWB, Wireless HD, Wireless 
USB, any other protocol and/or wireless technology, satel­
lite, fiber, or any combination thereof. Notably, the commu­
nications network 2416 may be configured to communica­
tively link with and/or communicate with any other network 
of the system 2400 and/or outside the system 2400. 

The system 2400 may also include an earphone device 
2415, which the first user 2401 may utilize to hear and/or 
audition audio content, transmit audio content, receive audio 

25 microphones, which may be configured to capture and/or 
measure sounds occurring in an ear canal of the first user 
2401 or other user wearing the earphone device 2415. In 
certain embodiments, the ear canal microphones may be 
positioned in proximity to a proximal end (e.g. the end of the 

30 earphone device 2415 that is inserted into the first user's 
2401 ear) of the earphone device 2415 such that sounds 
occurring in the ear canal of the first user 2401 may be 
captured more readily. 

The earphone device 2415 may also include any number 
35 of transceivers, which may be configured transmit signals to 

and/or receive signals from any of the devices in the system 
2400. In certain embodiments, a transceiver of the earphone 
device 2415 may facilitate wireless connections and/or 
transmissions between the earphone device 2415 and any 

40 device in the system 2400, such as, but not limited to, the 
first user device 2402, the second user device 2406, the third 
user device 2410, the fourth user device 2421, the fifth user 
device 2425, the earphone device 2430, the servers 2440, 
2445, 2450, 2460, and the database 2455. The earphone 

45 device 2415 may also include any number of memories for 
storing content and/or instructions, processors that execute 
the instructions from the memories to perform the operations 
for the earphone device 2415, and/or any type integrated 
circuit for facilitating the operation of the earphone device 

50 2415. In certain embodiments, the processors may comprise, 
hardware, software, or a combination of hardware and 
software. The earphone device 2415 may also include one or 
more ear canal receivers, which may be speakers for out­
putting sound into the ear canal of the first user 2401. The 

55 ear canal receivers may output sounds obtained via the ear 
canal microphones, ambient sound microphones, any of the 
devices in the system 2400, from a storage device of the 
earphone device 2415, or any combination thereof. 

The ear canal receivers, ear canal microphones, transceiv-
60 ers, memories, processors, integrated circuits, and/or ear 

canal receivers may be affixed to an electronics package that 
includes a flexible electronics board. The earphone device 
2415 may include an electronics packaging housing that 
may house the ambient sound microphones, ear canal micro-

65 phones, ear canal receivers (i.e. speakers), electronics sup­
porting the functionality of the microphones and/or receiv­
ers, transceivers for receiving and/or transmitting signals, 

Exhibit 1001 
Page 29 of 36



US 11,750,965 B2 
19 20 

sulate a volume of gas and/or liquid. In either case (i.e. gas 
or liquid), the bulk of sound isolation provided by the eartip 
is achieved through the reflection of ambient sound waves so 
that the encapsulated volume can be low mass. In certain 

power sources ( e.g. batteries and the like), any circuitry 
facilitating the operation of the earphone device 2415, or any 
combination thereof. The electronics package including the 
flexible electronics board may be housed within the elec­
tronics packaging housing to form an electronics packaging 
unit. The earphone device 2415 may further include an 
earphone housing, which may include receptacles, openings, 
and/or keyed recesses for connecting the earphone housing 
to the electronics packaging housing and/or the electronics 
package. For example, nozzles of the electronics packaging 
housing may be inserted into one or more keyed recesses of 
the earphone housing so as to connect and secure the 
earphone housing to the electronics packaging housing. 
When the earphone housing is connected to the electronics 
packaging housing, the combination of the earphone hous­
ing and the electronics packaging housing may form the 
earphone device 2415. The earphone device 2415 may 
further include a cap for securing the electronics packaging 
housing, the earphone housing, and the electronics package 
together to form the earphone device 2415. 

5 embodiments, portions of the eartip may encapsulate a 
volume with the ability to release volume when pressed 
upon without having to incorporate complicated valves. The 
encapsulated volume may be achieved by the ear canal wall 
pressing radially and/or axially against the outer surfaces of 

10 the eartip, which may force the outer portion of the eartip to 
seal with the inner portion of the eartip. In certain embodi­
ments, the inner portion of the eartip may be small than the 
outer diameter of the stent of the earphone housing upon 

15 which the eartip is placed so that upon insertion of the eartip 
on the stent, the inner portion stretches outward to meet the 
outer surface of the eartip, which further facilitates the 
sealing of the ear canal of the first user 2401. 

In certain embodiments, the stent of the eartip, over which 
20 the eartip is placed, may be designed to have a smaller 

diameter front end and a larger diameter middle section to 
promote retention of the eartip on the stent itself. In certain 
embodiments, a portion of the eartip may have an inner core 

In certain embodiments, the earphone device 2415 may be 
configured to have any number of changeable tips, which 
may be utilized to facilitate the insertion of the earphone 
device 2415 into an ear aperture of an ear of the first user 
2401, secure the earphone device 2415 within the ear canal 25 

of an ear of the first user 2401, and/or to isolate sound within 
the ear canal of the first user 2401. The tips may be foam 
tips, which may be affixed onto an end of the earphone 
housing of the earphone device 2415, such as onto a stent 
and/or attachment mechanism of the earphone housing. In 30 

certain embodiments, the tips may be any type of eartip as 
disclosed and described in the present disclosure. The eartips 
as disclosed in the present disclosure may be configured to 
facilitate distributed reduced contact force, sound isolation 
for sound in the ear canal of the first user 2401 (i.e. between 35 

the ambient environment and the ear canal environment 
within an ear of the first user 2401 ), mold into a variety of 
forms and/or positions, encapsulate volumes upon insertion 
into an ear aperture of the first user 2401, have a pressure 
adjusting design, facilitate notched stent retention (i.e. on a 40 

stent of the earphone housing), facilitate stent insertion into 
an ear canal of the first user 2401 via an ear aperture of the 
first user 2401, or any combination thereof. In certain 
embodiments, the eartip may be designed to provide sound 
isolation capability that is at least as effective as conven- 45 

tional foam and/or flange tips. Notably, the eartips may be 
manufactured and configured to be made in any desired size 
specifications and/or materials, and may be tailored to each 
individual user, such as first user 2401. Additionally, an 
eartip according to the present disclosure may be made of a 50 

non-porous material that is not closed cell foam or open cell 
foam. 

diameter that is smaller than the stent outer diameter so that 
the eartip provides radial compression upon the stent so as 
to enhance sealing and to add friction to prevent axial 
slippage within the ear canal of the first user 2401. In certain 
embodiments, an increased mid-section inner core diameter 
of the eartip may be utilized (i.e. larger than the smaller inner 
core diameter of the eartip ), which may be configured to line 
up with the mid-section outer diameter of the stent of the 
earphone housing of the earphone device 2415. This may 
provide axial stability for the earphone device 2415, while 
simultaneously preventing axial slippage from the ear canal 
of the first user 2401. In certain embodiments, the eartip may 
have an insertion end that has a funnel shape, which aids in 
inserting the eartip onto the stent of the earphone housing of 
the earphone device 2415. 

In certain embodiments, the eartip has a configuration that 
applies minimal force against the first user's 2401 ear canal. 
Additionally, the eartip can seal the first user's 2401 ear 
canal by providing at least 15 dB of attenuation across 
frequency. To facilitate manufacturability, the eartip may be 
molded inverted, thereby allowing inexpensive mass pro­
duction. Lips of the eartip may then be folded to contact 
ledges to for the eartip that may be utilized by the first user 
2401. Sealing and comfort depend upon an accurate fit 
within the first user's 2401 ear canal, and, as a result, eartips 
according to the present disclosure may be manufactured in 
several single sizes. Notably, any of the features of any of 
the eartips described in the present disclosure may be 
combined and/or interchanged with any other eartips 
described in the present disclosure. Furthermore, the shape, 

In certain embodiments, the eartip may be designed so 
that the earphone device's 2415 retention force on the ear 
canal walls of the first user 2401 may be distributed over a 
larger area than traditional foam or flange tips allow, thereby 
reducing the pressure on the ear canal walls of the first user 
2401. Unlike foam tips, which primarily provide a restoring 
radial force that exerts pressure against the ear canal walls 

55 size, features and/or functionality of any of the components 
of the earphone device and/or hearbud housing device 
described in the present disclosure may be modified for each 
particular user for the shape and size of each user's ear 

of a user, the eartip is designed to move both radially and 60 

axially, which allows for more give and redistribution of 
contact over a larger area, and, thus, decreases the retention 
pressure. As a result, this allows for increased comfort for 

aperture and/or ear canal, or a combination thereof. 
Notably, in experiments conducted using the eartip, the 

experiments have shown that the eartip allows for similar 
levels of sound isolation when compared to conventional 
foam and/or flange tips. For example, experiments have 
shown that the eartips provided in the present disclosure the user and allows the user to utilize the eartip for an 

extended period of time when compared to traditional foam 
and/or flange tips. In certain embodiments, the eartip utilized 
with the earphone device 2415 may be configured to encap-

65 provided a NRR of 18 with a generally flat high frequency 
profile. A flat attenuation profile maintains an ambient 
environment's frequency profile when level reduced by the 
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attenuation, which can be useful in maintaining the quality 
of ambient speech and music ( or other audio content) during 
the level reduction process. 

In further embodiments, the eartip may be configured to 
have an open configuration prior to insertion onto a stent of 5 

the earphone housing and/or the earphone device 2415 itself. 
By having an open configuration, the eartip may be mass 
produced using conventional molding techniques and/or by 
utilizing 3D commercial printers. The open configuration of 
the eartip also facilitates molding, and can be 3D printed, 10 

where the open configuration allows for resin removal. For 
example, resin removal may be achieved by utilizing com­
mercial 3D printers that allow the use of lower durometer 
materials, such as Stratasys machines and the like. In certain 
embodiments, since the eartip has an open configuration, 15 

which is then sealed, any additional pressure can force 
encapsulated gas out of the eartip relieving the feedback 
pressure so as to keep the comfort level for the first user 
2401 relatively stable. 

In addition to the first user 2401, the system 2400 may 20 

include a second user 2420, who may utilize a fourth user 
device 2421 to access data, content, and applications, or to 
perform a variety of other tasks and functions. Much like the 
first user 2401, the second user 2420 may be may be any 
type of user that may potentially desire to listen to audio 25 

content, such as from, but not limited to, a storage device of 
the fourth user device 2421, a telephone call that the second 
user 2420 is participating in, audio content occurring in an 
environment in proximity to the second user 2420, any other 
type of audio content, or a combination thereof. For 30 

example, the second user 2420 may be an individual that 
may be listening to songs stored in a playlist that resides on 
the fourth user device 2421. Also, much like the first user 
2401, the second user 2420 may utilize fourth user device 
2421 to access an application (e.g., a browser or a mobile 35 

application) executing on the fourth user device 2421 that 
may be utilized to access web pages, data, and content 
associated with the system 2400. The fourth user device 
2421 may include a memory 2422 that includes instructions, 
and a processor 2423 that executes the instructions from the 40 

memory 2422 to perform the various operations that are 
performed by the fourth user device 2421. In certain 
embodiments, the processor 2423 may be hardware, soft­
ware, or a combination thereof. The fourth user device 2421 
may also include an interface 2424 ( e.g., a screen, a monitor, 45 

a graphical user interface, etc.) that may enable the second 
user 2420 to interact with various applications executing on 
the fourth user device 2421, to interact with various appli­
cations executing in the system 2400, and to interact with the 
system 2400. In certain embodiments, the fourth user device 50 

2421 may include any number of transducers, such as, but 
not limited to, microphones, speakers, any type of audio­
based transducer, any type of transducer, or a combination 
thereof. In certain embodiments, the fourth user device 2421 
may be a computer, a laptop, a tablet device, a phablet, a 55 

server, a mobile device, a smartphone, a smart watch, and/or 
any other type of computing device. Illustratively, the fourth 
user device 2421 may be a computing device in FIG. 15. The 
fourth user device 2421 may also include any of the com­
ponentry described for first user device 2402, the second 60 

user device 2406, and/or the third user device 2410. In 
certain embodiments, the fourth user device 2421 may also 
include a global positioning system (GPS), which may 
include a GPS receiver and any other necessary components 
for enabling GPS functionality, accelerometers, gyroscopes, 65 

sensors, and any other componentry suitable for a comput-
ing device. 

22 
In addition to using fourth user device 2421, the second 

user 2420 may also utilize and/or have access to a fifth user 
device 2425. As with fourth user device 2421, the second 
user 2420 may utilize the fourth and fifth user devices 2421, 
2425 to transmit signals to access various online services 
and content. The fifth user device 2425 may include a 
memory 2426 that includes instructions, and a processor 
2427 that executes the instructions from the memory 2426 to 
perform the various operations that are performed by the 
fifth user device 2425. In certain embodiments, the proces­
sor 2427 may be hardware, software, or a combination 
thereof. The fifth user device 2425 may also include an 
interface 2428 that may enable the second user 2420 to 
interact with various applications executing on the fifth user 
device 2425 and to interact with the system 2400. In certain 
embodiments, the fifth user device 2425 may include any 
number of transducers, such as, but not limited to, micro­
phones, speakers, any type of audio-based transducer, any 
type of transducer, or a combination thereof. In certain 
embodiments, the fifth user device 2425 may be and/or may 
include a computer, any type of sensor, a laptop, a set-top­
box, a tablet device, a phablet, a server, a mobile device, a 
smartphone, a smart watch, and/or any other type of com­
puting device. Illustratively, the fifth user device 2425 is 
shown as a tablet device in FIG. 15. 

The fourth and fifth user devices 2421, 2425 may belong 
to and/or form a communications network 2431. In certain 
embodiments, the communications network 2431 may be a 
local, mesh, or other network that facilitates communica­
tions between the fourth and fifth user devices 2421, 2425, 
and/or any other devices, programs, and/or networks of 
system 2400 or outside system 2400. In certain embodi­
ments, the communications network 2431 may be formed 
between the fourth and fifth user devices 2421, 2425 through 
the use of any type of wireless or other protocol and/or 
technology. For example, the fourth and fifth user devices 
2421, 2425 may communicate with one another in the 
communications network 2416, such as by utilizing BLE, 
classic Bluetooth, ZigBee, cellular, NFC, Wi-Fi, Z-Wave, 
ANT+, IEEE 802.15.4, IEEE 802.22, ISAl00a, infrared, 
ISM band, RFID, UWB, Wireless HD, Wireless USB, any 
other protocol and/or wireless technology, satellite, fiber, or 
any combination thereof. Notably, the communications net­
work 2431 may be configured to communicatively link with 
and/or communicate with any other network of the system 
2400 and/or outside the system 2400. 

Much like first user 2401, the second user 2420 may have 
his or her own earphone device 2430. The earphone device 
2430 may be utilized by the second user 2420 to hear and/or 
audition audio content, transmit audio content, receive audio 
content, experience any type of content, process audio 
content, adjust audio content, store audio content, perform 
any type of operation with respect to audio content, or a 
combination thereof. The earphone device 2430 may be an 
earpiece, a hearing aid, an ear monitor, an ear terminal, a 
behind-the-ear device, any type of acoustic device, or a 
combination thereof. The earphone device 2430 may include 
any type of component utilized for any type of earpiece, and 
may include any of the features, functionality and/or com­
ponents described and/or usable with earphone device 2415. 
For example, earphone device 2430 may include any num­
ber of transceivers, ear canal microphones, ambient sound 
microphones, processors, memories, housings, eartips, foam 
tips, flanges, any other component, or any combination 
thereof. 

In certain embodiments, the first, second, third, fourth, 
and/or fifth user devices 2402, 2406, 2410, 2421, 2425 
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and/or earphone devices 2415, 2430 may have any number 
24 

mit, generate, and receive any information and data travers­
ing the system 2400. In certain embodiments, the commu­
nications network 2435 may include any number of servers, 
databases, or other componentry. The communications net-

5 work 2435 may also include and be connected to a mesh 
network, a local network, a cloud-computing network, an 
IMS network, a VoIP network, a security network, a VoLTE 
network, a wireless network, an Ethernet network, a satellite 
network, a broadband network, a cellular network, a private 

of software applications and/or application services stored 
and/or accessible thereon. For example, the first and second 
user devices 2402, 2411 may include applications for pro­
cessing audio content, applications for playing, editing, 
transmitting, and/or receiving audio content, streaming 
media applications, speech-to-text translation applications, 
cloud-based applications, search engine applications, natural 
language processing applications, database applications, 
algorithmic applications, phone-based applications, prod­
uct-ordering applications, business applications, e-com­
merce applications, media streaming applications, content­
based applications, database applications, gaming 
applications, internet-based applications, browser applica­
tions, mobile applications, service-based applications, pro- 15 

ductivity applications, video applications, music applica­
tions, social media applications, presentation applications, 

10 network, a cable network, the Internet, an internet protocol 
network, MPLS network, a content distribution network, 
any network, or any combination thereof. Illustratively, 
servers 2440, 2445, and 2450 are shown as being included 
within communications network 2435. In certain embodi-

any other type of applications, any types of application 
services, or a combination thereof. In certain embodiments, 
the software applications and services may include one or 20 

more graphical user interfaces so as to enable the first and 
second users 2401, 2420 to readily interact with the software 
applications. The software applications and services may 
also be utilized by the first and second users 2401, 2420 to 
interact with any device in the system 2400, any network in 25 

the system 2400 ( e.g. communications networks 2416, 2431, 
2435), or any combination thereof. For example, the soft­
ware applications executing on the first, second, third, 
fourth, and/or fifth user devices 2402, 2406, 2410, 2421, 
2425 and/or earphone devices 2415, 2430 may be applica- 30 

tions for receiving data, applications for storing data, appli­
cations for auditioning, editing, storing and/or processing 
audio content, applications for receiving demographic and 
preference information, applications for transforming data, 
applications for executing mathematical algorithms, appli- 35 

cations for generating and transmitting electronic messages, 
applications for generating and transmitting various types of 
content, any other type of applications, or a combination 
thereof. In certain embodiments, the first, second, third, 
fourth, and/or fifth user devices 2402, 2406, 2410, 2421, 40 

2425 and/or earphone devices 2415, 2430 may include 
associated telephone numbers, internet protocol addresses, 
device identities, or any other identifiers to uniquely identify 
the first, second, third, fourth, and/or fifth user devices 2402, 
2406, 2410, 2421, 2425 and/or earphone devices 2415, 2430 45 

and/or the first and second users 2401, 2420. In certain 
embodiments, location information corresponding to the 
first, second, third, fourth, and/or fifth user devices 2402, 
2406, 2410, 2421, 2425 and/or earphone devices 2415, 2430 
may be obtained based on the internet protocol addresses, by 50 

receiving a signal from the first, second, third, fourth, and/or 
fifth user devices 2402, 2406, 2410, 2421, 2425 and/or 
earphone devices 2415, 2430 or based on profile information 
corresponding to the first, second, third, fourth, and/or fifth 
user devices 2402, 2406, 2410, 2421, 2425 and/or earphone 55 

devices 2415, 2430. 
The system 2400 may also include a communications 

network 2435. The communications network 2435 may be 
under the control of a service provider, the first and/or 
second users 2401, 2420, any other designated user, or a 60 

combination thereof. The communications network 2435 of 
the system 2400 may be configured to link each of the 
devices in the system 2400 to one another. For example, the 
communications network 2435 may be utilized by the first 
user device 2402 to connect with other devices within or 65 

outside communications network 2435. Additionally, the 
communications network 2435 may be configured to trans-

ments, the communications network 2435 may be part of a 
single autonomous system that is located in a particular 
geographic region or be part of multiple autonomous sys­
tems that span several geographic regions. 

Notably, the functionality of the system 2400 may be 
supported and executed by using any combination of the 
servers 2440, 2445, 2450, and 2460. The servers 2440, 2445, 
and 2450 may reside in communications network 2435, 
however, in certain embodiments, the servers 2440, 2445, 
2450 may reside outside communications network 2435. 
The servers 2440, 2445, and 2450 may provide and serve as 
a server service that performs the various operations and 
functions provided by the system 2400. In certain embodi­
ments, the server 2440 may include a memory 2441 that 
includes instructions, and a processor 2442 that executes the 
instructions from the memory 2441 to perform various 
operations that are performed by the server 2440. The 
processor 2442 may be hardware, software, or a combina­
tion thereof. Similarly, the server 2445 may include a 
memory 2446 that includes instructions, and a processor 
2447 that executes the instructions from the memory 2446 to 
perform the various operations that are performed by the 
server 2445. Furthermore, the server 2450 may include a 
memory 2451 that includes instructions, and a processor 
2452 that executes the instructions from the memory 2451 to 
perform the various operations that are performed by the 
server 2450. In certain embodiments, the servers 2440, 
2445, 2450, and 2460 may be network servers, routers, 
gateways, switches, media distribution hubs, signal transfer 
points, service control points, service switching points, 
firewalls, routers, edge devices, nodes, computers, mobile 
devices, or any other suitable computing device, or any 
combination thereof. In certain embodiments, the servers 
2440, 2445, 2450 may be communicatively linked to the 
communications network 2435, the communications net­
work 2416, the communications network 2431, any net­
work, any device in the system 2400, any program in the 
system 2400, or any combination thereof. 

The database 2455 of the system 2400 may be utilized to 
store and relay information that traverses the system 2400, 
cache content that traverses the system 2400, store data 
about each of the devices in the system 2400 and perform 
any other typical functions of a database. In certain embodi­
ments, the database 2455 may be connected to or reside 
within the communications network 2435, the communica­
tions network 2416, the communications network 2431, any 
other network, or a combination thereof. In certain embodi-
ments, the database 2455 may serve as a central repository 
for any information associated with any of the devices and 
information associated with the system 2400. Furthermore, 
the database 2455 may include a processor and memory or 
be connected to a processor and memory to perform the 
various operation associated with the database 2455. In 
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certain embodiments, the database 2455 may be connected 
to the earphone devices 2415, 2430, the servers 2440, 2445, 
2450, 2460, the first user device 2402, the second user 
device 2406, the third user device 2410, the fourth user 
device 2421, the fifth user device 2425, any devices in the 5 

system 2400, any other device, any network, or any com­
bination thereof. 

The database 2455 may also store information and meta­
data obtained from the system 2400, store metadata and 
other information associated with the first and second users 10 

26 
application executing on the first, second, third, fourth, and 
fifth user devices 2402, 2406, 2410, 2421, 2425 and/or the 
earphone devices 2415, 2430, or through other suitable 
means. Additionally, the application may allow users and 
computing devices to create accounts with the application 
and sign-in to the created accounts with authenticating 
username and password log-in combinations. The applica­
tion may include a custom graphical user interface that the 
first user 2401 or second user 2420 may interact with by 
utilizing a browser executing on the first, second, third, 
fourth, and fifth user devices 2402, 2406, 2410, 2421, 2425 
and/or the earphone devices 2415, 2430. In certain embodi­
ments, the software application may execute directly as an 
installed program on the first, second, third, fourth, and fifth 

2401, 2420, store user profiles associated with the first and 
second users 2401, 2420, store device profiles associated 
with any device in the system 2400, store communications 
traversing the system 2400, store user preferences, store 
information associated with any device or signal in the 
system 2400, store information relating to patterns of usage 
relating to the first, second, third, fourth, and fifth user 
devices 2402, 2406, 2410, 2421, 2425, store audio content 
associated with the first, second, third, fourth, and fifth user 
devices 2402, 2406, 2410, 2421, 2425 and/or earphone 
devices 2415, 2430, store audio content and/or information 
associated with the audio content that is captured by the 
ambient sound microphones, store audio content and/or 
information associated with audio content that is captured by 

15 user devices 2402, 2406, 2410, 2421, 2425 and/or the 
earphone devices 2415, 2430. 
Computing System for Facilitating the Operation and Func­
tionality of the System 

Referring now also to FIG. 16, at least a portion of the 
20 methodologies and techniques described with respect to the 

exemplary embodiments of the system 2400 can incorporate 
a machine, such as, but not limited to, computer system 
2500, or other computing device within which a set of 
instructions, when executed, may cause the machine to 

ear canal microphones, store any information obtained from 
any of the networks in the system 2400, store audio content 
and/or information associated with audio content that is 
outputted by ear canal receivers of the system 2400, store 
any information and/or signals transmitted and/or received 

25 perform any one or more of the methodologies or functions 
discussed above. The machine may be configured to facili­
tate various operations conducted by the system 2400. For 
example, the machine may be configured to, but is not 
limited to, assist the system 2400 by providing processing 

by transceivers of the system 2400, store any device and/or 
capability specifications relating to the earphone devices 
2415, 2430, store historical data associated with the first and 
second users 2401, 2415, store information relating to the 
size (e.g. depth, height, width, curvatures, etc.) and/or shape 

30 power to assist with processing loads experienced in the 
system 2400, by providing storage capacity for storing 
instructions or data traversing the system 2400, by providing 
functionality and/or programs for facilitating the operative 
functionality of the earphone devices 2415, 2430, and/or the 

35 first, second, third, fourth, and fifth user devices 2402, 2406, 
2410, 2421, 2425 and/or the earphone devices 2415, 2430, 
by providing functionality and/or programs for facilitating 
operation of any of the components of the earphone devices 
2415, 2430 (e.g. ear canal receivers, transceivers, ear canal 

of the first and/or second user's 2401, 2420 ear canals and/or 
ears, store information identifying and or describing any 
eartip utilized with the earphone devices 2401, 2415, store 
device characteristics for any of the devices in the system 
2400, store information relating to any devices associated 
with the first and second users 2401, 2420, store any 
information associated with the earphone devices 2415, 
2430, store log on sequences and/or authentication informa­
tion for accessing any of the devices of the system 2400, 
store information associated with the communications net­
works 2416, 2431, store any information generated and/or 45 

processed by the system 2400, store any of the information 
disclosed for any of the operations and functions disclosed 

40 microphones, ambient sound microphones, or by assisting 
with any other operations conducted by or within the system 
2400. 

for the system 2400 herewith, store any information travers-
ing the system 2400, or any combination thereof. Further­
more, the database 2455 may be configured to process 50 

queries sent to it by any device in the system 2400. 
The system 2400 may also include a software application, 

which may be configured to perform and support the opera­
tive functions of the system 2400, such as the operative 
functions of the first, second, third, fourth, and fifth user 55 

devices 2402, 2406, 2410, 2421, 2425 and/or the earphone 
devices 2415, 2430. In certain embodiments, the application 
may be a website, a mobile application, a software applica­
tion, or a combination thereof, which may be made acces­
sible to users utilizing one or more computing devices, such 60 

as the first, second, third, fourth, and fifth user devices 2402, 
2406, 2410, 2421, 2425 and/or the earphone devices 2415, 
2430. The application of the system 2400 may be accessible 
via an internet connection established with a browser pro­
gram or other application executing on the first, second, 65 

third, fourth, and fifth user devices 2402, 2406, 2410, 2421, 
2425 and/or the earphone devices 2415, 2430, a mobile 

In some embodiments, the machine may operate as a 
standalone device. In some embodiments, the machine may 
be connected ( e.g., using communications network 2435, the 
communications network 2416, the communications net-
work 2431, another network, or a combination thereof) to 
and assist with operations performed by other machines and 
systems, such as, but not limited to, the first user device 
2402, the second user device 2411, the third user device 
2410, the fourth user device 2421, the fifth user device 2425, 
the earphone device 2415, the earphone device 2430, the 
server 2440, the server 2450, the database 2455, the server 
2460, or any combination thereof. The machine may be 
connected with any component in the system 2400. In a 
networked deployment, the machine may operate in the 
capacity of a server or a client user machine in a server-client 
user network environment, or as a peer machine in a 
peer-to-peer ( or distributed) network environment. The 
machine may comprise a server computer, a client user 
computer, a personal computer (PC), a tablet PC, a laptop 
computer, a desktop computer, a control system, a network 
router, switch or bridge, or any machine capable of execut­
ing a set of instructions ( sequential or otherwise) that specify 
actions to be taken by that machine. Further, while a single 
machine is illustrated, the term "machine" shall also be 
taken to include any collection of machines that individually 
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or jointly execute a set ( or multiple sets) of instructions to 
perform any one or more of the methodologies discussed 
herein. 

28 
"machine-readable medium" shall also be taken to include 
any medium that is capable of storing, encoding or carrying 
a set of instructions for execution by the machine and that 

The computer system 2500 may include a processor 2502 
(e.g., a central processing unit (CPU), a graphics processing 5 

unit (GPU), a main memory 2504 and a static memory 2506, 
which communicate with each other via a bus 2508. The 
computer system 2500 may further include a video display 
unit 2510, which may be, but is not limited to, a liquid 
crystal display (LCD), a flat panel, a solid state display, or 10 

a cathode ray tube (CRT). The computer system 2500 may 
include an input device 2512, such as, but not limited to, a 
keyboard, a cursor control device 2514, such as, but not 
limited to, a mouse, a disk drive unit 2516, a signal gen­
eration device 2518, such as, but not limited to, a speaker or 15 

remote control, and a network interface device 2520. 

causes the machine to perform any one or more of the 
methodologies of the present disclosure. 

The terms "machine-readable medium," "machine-read­
able device," or "computer-readable device" shall accord­
ingly be taken to include, but not be limited to: memory 
devices, solid-state memories such as a memory card or 
other package that houses one or more read-only (non­
volatile) memories, random access memories, or other re-
writable (volatile) memories; magneto-optical or optical 
medium such as a disk or tape; or other self-contained 
information archive or set of archives is considered a 
distribution medium equivalent to a tangible storage 
medium. The "machine-readable medium," "machine-read­
able device," or "computer-readable device" may be non­
transitory, and, in certain embodiments, may not include a 
wave or signal per se. Accordingly, the disclosure is con-

The disk drive unit 2516 may include a machine-readable 
medium 2522 on which is stored one or more sets of 
instructions 2524, such as, but not limited to, software 
embodying any one or more of the methodologies or func­
tions described herein, including those methods illustrated 
above. The instructions 2524 may also reside, completely or 
at least partially, within the main memory 2504, the static 
memory 2506, or within the processor 2502, or a combina­
tion thereof, during execution thereof by the computer 
system 2500. The main memory 2504 and the processor 
2502 also may constitute machine-readable media. 

Dedicated hardware implementations including, but not 
limited to, application specific integrated circuits, program­
mable logic arrays and other hardware devices can likewise 
be constructed to implement the methods described herein. 
Applications that may include the apparatus and systems of 
various embodiments broadly include a variety of electronic 
and computer systems. Some embodiments implement func­
tions in two or more specific interconnected hardware mod­
ules or devices with related control and data signals com­
municated between and through the modules, or as portions 
of an application-specific integrated circuit. Thus, the 
example system is applicable to software, firmware, and 
hardware implementations. 

In accordance with various embodiments of the present 
disclosure, the methods described herein are intended for 
operation as software programs running on a computer 
processor. Furthermore, software implementations can 
include, but not limited to, distributed processing or com­
ponent/object distributed processing, parallel processing, or 
virtual machine processing can also be constructed to imple­
ment the methods described herein. 

The present disclosure contemplates a machine-readable 
medium 2522 containing instructions 2524 so that a device 
connected to the communications network 2435, the com­
munications network 2416, the communications network 
2431, another network, or a combination thereof, can send 
or receive voice, video or data, and communicate over the 
communications network 2435, the communications net­
work 2416, the communications network 2431, another 
network, or a combination thereof, using the instructions. 
The instructions 2524 may further be transmitted or received 
over the communications network 2435, another network, or 

20 sidered to include any one or more of a machine-readable 
medium or a distribution medium, as listed herein and 
including art-recognized equivalents and successor media, 
in which the software implementations herein are stored. 

FIG. 17 is a schematic exploded view of a multimicro-
25 phone earphone 1700. The earphone 1700 can include an 

eartip 1710, an electronic package housing 1720, a first 
microphone 1730 (e.g., an ECM), a second microphone 
1740 (e.g., a first ASM), a third microphone 1740 (e.g. a 
second ASM), and a speaker 1760, where FIG. 18 illustrates 

30 the earphone of FIG. 17 with components inserted. 
FIG. 19 illustrates left 1910A and right earphones 1910B 

prior to insertion of a user's ears. The Earphones can have 
a total of at least four ASMs (1920, 1930, 1940, and 1950), 
which can be used in accordance with the description herein 

35 for example beam forming and voice detection and/or iden­
tification. For example, FIG. 2B illustrates the use of three 
ASMs. Two of these can be in earphone 1910A while the 
remainder is in earphone 1910B or vice versa. Additionally, 
all four or more can be used. FIG. 19 additionally shows a 

40 communication device which can include an ASM. Thus, 
each earphone (1910A, 1910B) can each contribute anASM 
and the communication device 1970 the third ASM or all 
AS Ms of communicatively coupled ( e.g, 1970, 1980, 1990) 
devices ( earphones, communication device 1960 ( e.g., 

45 phone, ipad, computer) can be used. 
FIG. 20 is a block diagram of an electronic earphone 

device suitable for use with at least one of the described 
embodiments. The electronic device 2000 illustrates cir-
cuitry of a representative computing device. The electronic 

50 device 2000 includes a processor 2002 that pertains to a 
Digital Signal Processor (DSP) device or microprocessor or 
controller for controlling the overall operation of the elec­
tronic device 2000. For example, processor 2002 can be 
used to receive a wireless 2024 or wired 2017 audio input 

55 signals. The electronic device 2000 can also include a cache 
2006. The cache 2006 is, for example, Random Access 
Memory (RAM) provided by semiconductor memory. The 
relative access time to the cache 2006 is substantially shorter 
than for the system RAM 2009. 

a combination thereof, via the network interface device 60 

2520. 
The electronic device 2000 is powered by a battery 2007. 

The electronic device 2000 (e.g., earphone) can also include 
the RAM 2009 and a Read-Only Memory (ROM) 2011. The 
ROM 2011 can store programs, utilities or processes to be 
executed in a non-volatile manner. 

While the machine-readable medium 2522 is shown in an 
example embodiment to be a single medium, the term 
"machine-readable medium" should be taken to include a 
single medium or multiple media ( e.g., a centralized or 65 

distributed database, and/or associated caches and servers) 
that store the one or more sets of instructions. The term 

The speaker 2019 is an ear canal loudspeaker, also often 
referred to as a receiver. Microphone 2020 can be used to 
detect audible sound in the ear canal ( ear canal microphone). 
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A second microphone 2022 can be used to detect audible 
sound in the ambient environment (ambient sound micro­
phone). 

An optional interface 2021 on the earphone device 2000 
can be used for user input, such as a capacitive touch sensor. 5 

A wireless audio and data transceiver unit 2024 connects 
with a computing device 2028 (e.g., a local portable com­
puting device). The wireless connection 2026 can be any 
electromagnetic connection, for example via Bluetooth or 
Wifi or magnetic induction, and transmits audio and control 10 

data. The local portable computing device 2028 can be a 
mobile phone, tablet, television, gaming hardware unit or 
other similar hardware devices. 

The local portable computing device 2028 utilizes a user 
interface 2030 and display 2032, such as a touch screen or 15 

buttons, and can be connected to the cloud 2036 to receive 
and stream audio. Alternatively, audio can be replayed to the 
earphone device 2000 from storage 2034 on the computing 
device 2028. 

Exemplary embodiments are directed to or can be opera- 20 

tively used on various passive eartips for hearing protection 
or electronic wired or wireless earpiece devices ( e.g., hear-
ing aids, ear monitors, headphones, ear terminal, behind the 
ear devices or other acoustic devices as known by one of 
ordinary skill, and equivalents). For example, the earpieces 25 

can have one or more transducers (e.g. ambient sound 
microphone (ASM), ear canal microphone (ECM), ear canal 
receiver (ECR/SPKR)) for monitoring/providing sound. In 
all the examples illustrated and discussed herein, any spe­
cific values should be interpreted to be illustrative only and 30 

non-limiting. Thus, other examples of the exemplary 
embodiments could have different values. 

30 
generating an ambient sound signal from the first signal or 

a modified first signal; 
detecting if the user is speaking by analyzing at least one 

of the first signal, or the first ASM signal, or the second 
ASM signal, or the ECM signal, or by analyzing the 
first signal and the ECM signal; and 

adjusting at least one of the ambient sound signal, an 
audio content signal, a mixed ambient sound signal and 
audio content signal, a noise signal or a combination 
thereof, when it is detected that the user is speaking. 

2. The earbud according to claim 1 wherein the operation 
of adjusting, adjusts the audio content signal by reducing its 
volume. 

3. The earbud according to claim 2 wherein the operation 
of adjusting also amplifies the ambient sound signal. 

4. The earbud according to claim 1 wherein the operation 
of adjusting, adjusts the ambient sound signal by increasing 
its volume. 

5. The earbud according to claim 1 wherein the operations 
further comprise: 

If the user speaking is detected, analyzing at least one of 
the first ASM signal, the second ASM signal, the ECM 
signal, or a combination thereof to detect a voice 
command. 

6. The earbud according to claim 3 wherein the operations 
further comprise: 

resetting the volume of the ambient sound signal to a 
preset value when a preset time increment has expired. 

7. The earbud according to claim 4 wherein the operations 
further comprise: 

resetting the volume of the ambient sound signal to a 
preset value when a preset time increment has expired. While the present invention has been described with 

reference to exemplary embodiments, it is to be understood 
that the invention is not limited to the disclosed exemplary 
embodiments. The scope of the following claims is to be 
accorded the broadest interpretation so as to encompass all 
modifications, equivalent structures and functions of the 
relevant exemplary embodiments. Thus, the description of 

8. The earbud according to claim 3 wherein the operations 
35 further comprise: 

resetting the volume of the audio content signal to a preset 
value when a preset time increment has expired. 

9. The earbud according to claim 1 wherein the operations 
further comprise: 

the invention is merely exemplary in nature and, thus, 40 

variations that do not depart from the gist of the invention 
determining the background noise level by analyzing at 

least one of the first ASM signal, the second ASM 
signal, the ECM signal, or a combination thereof. are intended to be within the scope of the exemplary 

embodiments of the present invention. Such variations are 
not to be regarded as a departure from the spirit and scope 
of the present invention. 

What is claimed: 
1. An earbud comprising: 
a first Ambient Sound Microphone (ASM), wherein the 

first ASM generates a first ASM signal; 
a second ASM, wherein the second ASM generates a 

second ASM signal; 
an ear canal microphone (ECM), wherein the ECM gen-

erates an ECM signal; 
a speaker; 
a memory that is configured to store instructions; and 
a processor that executes the instructions to perform 

45 

10. The earbud according to claim 1 wherein the opera­
tions further comprise: 

determining the background noise level by analyzing at 
least one of a modified first ASM signal, a modified 
second ASM signal, modified ECM signal, or a com­
bination thereof. 

11. The earbud according to claim 9, wherein the opera-
50 tions further comprise: 

generating an anti-noise signal using at least one of the 
first ASM signal, the second ASM signal, the ECM 
signal or a combination thereof. 

12. The earbud according to claim 10, wherein the opera-
55 tions further comprise: 

operations, wherein the processor is coupled to the first 
ASM, wherein the processor is coupled to the second 
ASM, wherein the processor is coupled to the ECM, 60 

wherein the processor is coupled to the speaker, and the 

generating an anti-noise signal using at least one of the 
modified first ASM signal, the modified second ASM 
signal, the modified ECM signal or a combination 
thereof. 

13. The earbud according to claim 11, wherein the opera­
tions further comprise: 

operations comprising: 
receiving the first ASM signal; 
receiving the second ASM signal; 
receiving the ECM signal; 
generating a first signal from at least one of the firstASM 

signal, or the second ASM signal, or both; 

mixing the ambient sound signal and audio content signal 
to generate a mixed signal. 

14. The earbud according to claim 13, wherein the opera-
65 tions further comprise: 

generating a new mixed signal by combining the mixed 
signal with the anti-noise signal. 

Exhibit 1001 
Page 35 of 36



US 11,750,965 B2 
31 

15. The earbud according to claim 14, wherein the opera­
tions further comprise: 

reducing the anti-noise signal and increasing the ambient 
sound signal prior to mixing if the user's voice is 
detected. 5 

16. The earbud according to claim 12, wherein the opera­
tions further comprise: 

mixing the ambient sound signal and audio content signal 
to generate a mixed signal. 

17. The earbud according to claim 16, wherein the opera- 10 

tions further comprise: 
generating a new mixed signal by combining the mixed 

signal with the anti-noise signal. 
18. The earbud according to claim 17, wherein the opera-

tions further comprise: 
reducing the anti-noise signal and increasing the ambient 

sound signal prior to mixing if the user's voice is 
detected. 

19. An earbud comprising: 
a first Anlbient Sound Microphone (ASM), wherein the 

first ASM generates a first ASM signal; 
a second ASM, wherein the second ASM generates a 

second ASM signal; 

15 

20 

an ear canal microphone (ECM), wherein the ECM gen- 25 
erates an ECM signal; 

a speaker; 
a memory that is configured to store instructions; and 
a processor that is coupled to the first ASM, wherein the 

processor is coupled to the second ASM, wherein the 30 
processor is coupled to the ECM, wherein the processor 
is coupled to the speaker, wherein the processor 
receives the first ASM signal, wherein the processor 
receives the secondASM signal, wherein the processor 
receives the ECM signal, wherein the processor gen- 35 
erates a first signal from at least one of the first ASM 
signal, or the second ASM signal, or both, wherein the 
processor generates an ambient sound signal from the 
first signal or a modified first signal, wherein the 
processor detects if a user is speaking by analyzing at 40 
least one of the first signal, or the first ASM signal, or 
the second ASM signal, or the ECM signal, or by 
analyzing the first signal and the ECM signal, and 
adjusts a level of the ambient sound signal sent to the 
speaker if the user's voice is detected. 45 

20. The earbud according to claim 19, wherein an audio 
content sent to the speaker is adjusted if the user's voice is 
detected. 

21. A method comprising: 
receiving the first ASM signal from a first ambient sound 

microphone; 

32 
receiving the second ASM signal from a second ambient 

sound microphone; 
receiving the ECM signal from an ear canal microphone· 
generating a first signal from at least one of the first ASM 

signal, or the second ASM signal or both· 
generating an ambient sound signal f;om the first signal or 

a modified first signal; 
detecting if the user is speaking by analyzing at least one 

of the first signal, or the first ASM signal and the second 
ASM signal, or the first ASM signal and the ECM 
signal, or the second ASM signal and the ECM signal· 
and ' 

adjusting a mixed signal sent to the speaker, wherein the 
mixed signal is a combination of the ambient sound 
signal, the audio content signal, and an anti-noise 
signal, when it is detected that the user is speaking. 

22. The method according to claim 21 further comprising: 
adjusting the mixed signal by reducing a volume of the 

audio content signal. 
23. The method according to claim 21 further comprising: 
adjusting the mixed signal by increasing a volume of the 

ambient sound signal. 
24. The method according to 31 further comprising: 
analyzing at least one of the first ASM signal, the second 

ASM signal, the ECM signal, or a combination thereof 
to detect a voice command. 

25. The method according to claim 23 further comprising: 
resetting the volume of the ambient sound signal to a 

preset value when a preset time increment has expired. 
26. The method according to claim 22 further comprising: 
resetting the volume of the audio content signal to a preset 

value when a preset time increment has expired. 
27. The method according to claim 21 further comprising: 
generating a background noise level by analyzing at least 

one of the firstASM signal, the secondASM signal, the 
ECM signal, or a combination thereof. 

28. The method according to claim 21 further comprising: 
generating a background noise level by analyzing at least 

one of a modified first ASM signal, a modified second 
ASM signal, a modified ECM signal, or a combination 
thereof. 

29. The method according to claim 21 further comprising: 
generating the anti-noise signal using at least one of the 

first ASM signal, the second ASM signal, the ECM 
signal or a combination thereof. 

30. The method according to claim 21 further comprising: 
generating the anti-noise signal using at least one of the 

modified first ASM signal, the modified second ASM 
signal, the modified ECM signal or a combination 
thereof. 

* * * * * 
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