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The present invention relates to method and
apparatus for noise canceling and noise reducing by
15 attenuating unwanted ambient noise from reaching the
eardrum and canceling background acoustic noise received
from a boom microphone or directional microphone, when
used with a headset or boom headset or the like.
The invention further relates to an active
20 noise reduction system for use in headsets, particularly
in the earphone vicinity where the systam utilizes a
sensor microphone to detect unwanted, background noise.
This noise signal outputted by the sensor microphones is
processed by electro-acoustical means to produce an
25 inverted signal so that a quiet zone is created in an
acoustical waveguide located between the output
- transducer, and the eardrum. Therefore the desired
original audio signal is not disturbed by noise when
transmitted to the ear of the user. The acoustical
30 waveguide absorbs any sound returning to the microphone
from the ear (preaeventing feedback) and deadens any sound
returning from the microphone toc the ear.
This invention also relates to a noise
cancellation apparatus, for use with a telephone handset
35__or-a boom microphone or directional microphones or the
like, where the system utilizes two microphones, a first
nmicrophone for receiving sound comprised of speech and



acoustical wavegui de | ocated between the output transducer, and the
eardrum Therefore the desired original audio signal is not disturbed
by noi se when transnmitted to the ear of the user. The acoustical 30
wavegui de absorbs any sound returning to the m crophone Aﬁ%%ﬁﬁﬁ
(preventing feW@HERI®and deadens any sound ret urni ng from

m crophone to the ear. This invention also rel ates to a noi se
cancel | ati on apparatus, for use with a tel ephone handset 35 or a boom

m crophone or directional mcrophones or the | i ke, where the system
utilizes two m crophones, a first m crophahe for receiving sound

conpri sed of speech and WO 97/ 25790
PCT/ | B96/ 01506 background noise, and a second micgophcne %W&ng

noi se, and a secondsonm cumprdsedr of csebstantially baahdrownqwnaﬁsi,oﬁith
substantial ly bac k%ﬁ:&.ﬂ;y ?%r mzséracnné %eﬂeaean&%iéﬁig t he
it he e n1crop

second signal from rst signal. one in
the noise cancel | at¥ of the present invention utilizes a two

ternminal system5 in whlGhethécnqp¥mneemnjmbesngiae cangelladdonf sgptesh
and the pover sty priedRnt mﬁednégbrd rut\nihaa ayeﬁs "té¥ifinal system,
transmtted on one fEHWHidﬂ t%%doh pu &E% éi conprised of speech and
the power support input used to driva the systenm are
transmitted on one terminal and the second terminal is
10 grounded.

The noise cancellation apparatus of the present
invention also relates to a directional microphone used
in a far-field microphone device having the ability to
accept acoustical sounds in certain directions better

15 than in other directions.

The noise cancellation and noise reduction
systen of the present invention may be enhanced by the
inclusion of an automatic audio microphone transmission
feature, a sidetone feature to transmit a portion of the

20 ;signal to the earcup of the speaker, and a feature to
convert an active noise cancellation microphone to a
standard omni-directional microphone by removing voice
microphone from the circuit, and the increasing the gain
of the noise microphone amplifier. This enhancement

25 allows all audio from external surroundings to be
transmitted to the earcup of the speaker by increasing
the sidetone channel gain without the addition of any
other microphone elements.. '
Description of the Prior Art

30 As is to be appreciated, in numerocus
situations, the presence of background acoustic noise is
undesirable. As an example, consider the situation in
which an operator is attempting to conduct a telephone
conversation from a telephone or such similar device

35 located in a noisy area. In this situation, loud
acoustic background noise is received by a microphone in
the handset of the telephone and converted to an
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I nvention also relates to a directional m crophone used inafar-field
m crophone device having the ability to accept acoustical sounds in
certain directi er 15 than in other directions. PCT/IB

noi se cancel | ation and noi se reduction system of the present invention
may be enhanced by the I ncl usi on of an automatic audi o m crophone
transm ssion feature, a sidetone feature to transmt a portion of the
20 signal to the earcup of the speaker, and a *eature to convert an

i cr ophone. by renovi RheeH el SAOARE itdh ia UpB118R7LE he dfioliRte)
i ncreasi ng the gain of the nexsonés)chaving the conygrsatien with theancenent
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earcup of the speakeggby JdiheaStd persddto With RhiaCBpREEtodddl i ! hOU
the addition of any ot her % crophone el enents. . scri ption of the
Prior .Art 30 5" compunicatipg,eonstankiy, haars the, jep dgacké;?9qquﬂﬂiéﬁs,
t he presence of backBurthetr,awhentthe perseon sis speakdagi r sixtlk. speeain is
exanpl e, consi der t gl izial 38ni Ehe nactbhturi io#8625A, | S TP a0 red
conduct a tel ephong CO ersath(‘)n froma tel S‘Rhgngoor ucrL Srixi? I'a
devi ce 35 | ocat ed |nd¥#(ﬁ'§;§’ SPEthe PERRS REXEER(BYHtO)| rstango g @
background noi se i s remuityedhpyoperaton mahhavie to sheut hinfl dtheof t he
t el ephone and cogyersfskdphon® of the telephone. Furthermore, the signal
representing the background noise is also supplied from
the microphone in the operator’s handset to the speaker
in the operator’s handset as sidetone. Thus, the
operator also constantly hears the background noise from
15 the speaker in the operator’s handset and, when the other
person is speaking, may impair the understanding thereof.
As another example, consider the situation in
which a pilot who is operating a helicopter or the like
wishes to communicate with another person by way of radio
20 frequency (RF) communication. 1In this situation, the
pilot typically speaks into a so-called boom microphone
or boom headset which is coupled to a radio
transmitting/receiving device whereupon the speech is
converted into RF signals which are transmitted to a
25 second receiving/transmitting device and converted
therein to speéch s0 as to be heard by the other
person(s). As with the above situation of a telephone
located in a noisy area, the loud background  noise from
the helicopter is received and converted into an
30  electrical signal by the boom microphone or headset
device and thereafter supplied to the receiving device.
As a result, the person(s) communicating with the pilot
hears the loud background noise. This may be
particularly annoying when the pilot leaves the radio
35 transmitting/receiving device in the "ON", (the hot mike)
position while operating the helicopter.
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el ectrical signal which is supplied to the tel ephone (s) of the
person(s) having the conversation with the operator and is converted
thereat to an acoustic signal. As a result, the person t GcHiBse/dibe
operator is Vﬂpﬁﬁﬁﬂﬁnlcatlng constantly hears the | oud background noi se. .
Further, when the person is speaking, such speech is - conbined with the’
background noi se and, as such, nay be difficult for the other

person(s) to understand. As a result, the,operator may have to shout

into the 10 mcrophone of the telephone. Furthermore, the signal

representing the background nglfgt Anctifér p1] toaBider vdiws M crophone
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ackground noise from o weilfz08! Bhifdalry, S erieduBld foiygld ed 1 nto an
microphone responds to the difference in pressure at two
closely spaced points. When used in an environment where

15 the pressure gradient of the background noise is
isotropic, the electrical signal produced by the
pressure-gradient microphone due to such background noise
is effectively zero. However, in most actual situations,
the pressure gradient of the background noise is not

20 isotropic and, as a result, in these situations, the
performance of the pressure~gradient microphone is
adversely affected. Additionally, since voice or speech
propagates in more than one direction, the electrical
signal produced by the microphone which corresponds

25 thereto is often degraded. Thus, even if a pressure
gradient microphone is utilized in either a telephone
handset or a boom microphone, the desired amount of
background noise cancellation may not be sufficient and
the performance may not be adeguate.

30 Furthermore, since two opposite sides of a
pressure-gradient microphone respond to acoustic
pressure, as previously mentioned, the handset of an
existing telephone would have to be substantially
modified so as to enable these two sides of the

35 microphone to respond to the acoustic pressure.

Moreover, as a result of using such a microphone in a
telephone handset, the electrical signals produced



30 electrical signal by the boom m crophone or headset devi ce and

thereafter supplied to the receiving device. As a result, the person(s)
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pressure gradient m crophones g anrg@téggaggbgiggdusfﬁgnpi%ggﬁreagg£3§éﬂée
gr adi ent . -m crophqgne responds to the difference | ressure at two
cl osely spaced point & %Eﬁ"ggﬁd a1, age Cr Sﬁﬁé'&?a%&r e system may be
utilized. Such a system normally includes compensation
filters which are used to equalize the transfer function
10 of the output transducers. Since the characteristics of
the speakers are tightly controlled by these filters, the
cost of the filters is relatiiely high. As a result,
such acoustic feed-back systems are typically relatively
expensive.
is Many microphones used with noise cancellation
and noise reduction apparatus are inherently
nondirectional or omnidirectional, such as the
electrostatic, piezoelectric, magnetic and carbon
microphones. With omnidirectional small microphones, at
20 low frequencies there is sufficient diffraction of sound
around the microphone so that diaphragm motion is
ingsensitive to the direction of the sound. At high
frequencies, and correspondingly shorter wavelengths, the
microphone becomes acoustically larger and shows a
25 preference for sound arriving perpendicular to the
diaphragm. Thus, the smaller in size of the microphone,
the higher in fregquency its behavior remains
omnidirectional. Hence, the omnidirectional microphones
are small compared to the wavelength and the microphone
30 - case shields the rear side of -the diaphragm from
receiving certain sound waves at different angles. As a
result, these prior art microphones are referred to as
pressure microphones since pressure is a scalar, and not
a vector quantity. Thus, a directional microphone
35 response able to increase the sensitivity of sound in a
far-field region from a variety of directions is desired
- for a microphone device in an active noise cancellation .




15 the pressure gradient of the background noise is I sotropic, the
el ectrical signal produced by the - pressure-gradi ent m crophone due to
such background noi se is effectively zero. However, in nost actual
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| sotropic and” (e result In these situations, the perfor mance of

t he pressure-gradient n1crophone IS adversely affected. Additionally,
sinnce voi ce or speech propagates in nore than one direction, the

el ectrical si gnal produced by the m cropgone which corresponds 25
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PCT/ 1 B96/ 01506 WO Sodrifitidtes. In directional microphones, distance is a
factor. The distance factor measures how much farther
10 away from a source a directional microphone may be used,
relative to an omnidirectional pattern, and still
preserve the same ratioc of direct to reverberant pickup.
Thus, the prior art has failed to provide a directional
microphone in an active noise reduction apparatus based
15 on the omni-directional patterns and the cardioid
patterns where the sound pressures arriving at a
determined point are added vectorially.
In devising the circuitry for'an active noise
cancellation apparatus for use with a boom microphone
20 device or a directional microphone device comprising at
least two microphones, it is known to use a three
terminal microphone configuration. That is, a noise
cancellation system having two or more microphones
connected to an amplifier, for example, regquires
25 circuitry having three terminals: a power supply input
terminal, an audio signal output terminal, and a ground
terminal. In an effort to reduce the complexity and cost
of the noise cancellation system utilized in the
_ microphone, or boom microphone or the like which
30 optionally may be used with a headset of the noise
reduction apparatus, a two terminal microphone
configuration is desired. It is desired to have a
microphone configuration where the DC voltage supplied
from a power supply is inputted on the same terminal as -
35 the AC audio signal outputted from the microphones,
whereby the AC signal is superimposed on the DC signal.
Thns; the prior art has failed to provide a two terminal



5 therefrom should be anplified. Thus, to replace the
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necessitate regy@oisdes he handset with a 5 new handset and, ?1

woul d be rel atively expensi ve. As an alternative to using
pressure-gradi ent m crophones, an acoustic feed-back type system may
be utilized. Such a systemnornally includes conpensation

filters which are used to equalize the transfer7function 10 of the output
transducers. Since the characteri stlcs of t he speakers,are tightly
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angles. As a resu t hese |or art m cro to as
pressur e m crophone?ig"r'% P8y egﬁﬂ nBpises
15 microphone unit are fed back in a reverse phase for

reducing the noise in the vicinity of the headphone unit.
A feedhaci circuit utilizing a closed lcop system as
shown in the prior art provides a "quiet zone" between
the speaker and the ear which eliminates the background
20 noise. This is because in a noisy environment, the ear
will detect not only the cutput of the speaker, but also
the background noise.
Reference is made to the following documents
providing a closed loop active noise reduction systenm,
25 which documents are hereby incorporated by reference:
U.8. Patent No. 2,972,018 to Hawley et al.
' U¥.S. Patent No. 3,098,121 to Wadsworth
U.S. Patent No. 4,833,719 to Carme et al.
U.S. Patent No. 5, 138,664 to Kimura et al.
30 - Japanese Patent Abstract No. 3-161999 to Saeki.
The above-referenced patents illustrate a
variety of noise canceling devices. For instance, Hawley
et al. relates to a noise reduction system for earphones
having a plastic casing located between the speaker and
35 the microphone; Wadsworth provides an earphone having a
microphone located on top of the headband; Carme et al.
is directed to an earphone having a hollow annular part



a vector quantity. Thus, a directional mcrophone 35 response able to

I ncrease the sensitivity of sound in a far-field region froma variety
of directions is desired for a m crophone device in an active noise
cancel | ation 97/ 25790 PCT/IB96/01506
PCT/ | B96/ 01506“’°9‘"’""""}/\D 6 system That is,
to achieve a directional m crophone - response by addi ng the outputs of
t he omi di recti onal pattern and bidirectional or "figure-eight”
pattern, and then sinply adjusting the a#plitude and phase of the 5
summed out put signal to produce the desired pattern. The figure-eight
pattern is al so kngﬁﬁ‘%@sap%%%tg‘&t peppker and, the micropbenei cRimyra et

expressed a p = COSl}ecallsifompa moise redwstibmdiezsiphoned haethy of adup

m crophones, di st ageghésS Focated Hatwebn 4 éﬁﬂfi%f BR85S Shd'OW
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rati o of direct St onicxephaneintlogatedpbetveen Tiwes oppositelyr factndas fail ed
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porterns where the sound pr AEMSYEEs SEPRER RKiRE yariousidisstyRatacan dn arc
added vectorial | y.the conventional pgtiveingiae wieducitioni systéms. aheactive
noi se prior active noise cancellation systems, for instance,
10 utilize closed loop-type circuits governed by the
associated equations:

ag( ety oo 1
P=3( 1+BHle)+N( 1*BH,_H,>

where P = output
S = standard audio signal
H,= high pass filter
15 Hy= speaker at headset
N = noise component
B = variable gain/ phase control
The conventional closed loop noise reduction
system is not ideal as a very large direct transmission

20 gain (1 + BH1H2) is required in order to reduce the noise
component (N) to zero at the output (P). This system
suffers from the problem of instability. This creates
drawback of-oscillation, i.e., sgquealing due to the
unatable loop conditions caused by variations in the

25 transfer function of the speaker, feedback microphone and
acoustic cavity containing these elements and user
headgear. The degree of noise ‘cancellation generated by
the conventional closed loop noise reduction device, at
any frequency, is directly related to the direct _

30 transmission gain at that frequency. However, the higher
the gairi the more susceptible the device is to
instability.

The conventional active noise reducing
headphone device also has the drawback that when



cancel | ati on apparatus for use wth a boom m crophone 20 device or a

directional m crophone device conprising at | east two m crophones, it
is known to use a three term nal m crophone configurati On'p&;}ﬂﬁadlscm a
noi se canogbloaksren system having two or nore m crophones

connected to an anplifier, for exanple, requires 25 circuitry having
three termnals: a power supply input termnal, an audi o signal output
termnal, and a ground terminal. In an effort to reduce the

conpl exity and cost of the noise cancellation systemutilized in the

m crophone, or boomjdcHa®RRANE vabratfons ksucthiagh impcept £ried ionatnndeced ed
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second conventional active noise reducing headphone devices is

10 the complexity added to the device to avoid canceling the
desired audio signal, which signal is inputted as an
electrical signal. The desired audio signal (S) of the
conventional device is input into two summing nodes to
create the signal transmitted to the user’s ear. The

15 first summing node adds the negative feedback nmicrophone
signal to the desired input audio signal. But, in a
conventional closed loop feedback device, the signal
feedback from the microphone contains the desired audio
signal as well as the ambjent noise signal which is

20 desired to be canceled. This feedback signal is
subtracted from the desired input audio signal to create
the anti-noise signal, with zero desired audio signal
content. Then, a second summing node is used to add the
desired audio signal back into the loop so it can be

25 transmitted to the output transducer. This method of
generating the desired audio signal adds complexity and
cost to the conventional noise reducing device. The
additional summing node processing in the conventional
device also increases chances of creating distortion in

30 the desired audio signal as well as increasing the
possibility of instability.

In addition, various other prior art headphone
configurations have been developed for creating an active
noise reduction device, where the input and output '

35 transducers are positioned in relation to the ear, such
as the following three documents, which are incorporated
by reference:
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al . diStakisd eiouldd the HIBrHelan® tirbigh &l foam 30

. ' Th
;ggsg?fgf5?2ﬁgggAgg%éﬁﬁér{anﬁéﬁi%%2?24kg)S@%b#%ﬁecﬁﬁdI%ﬂ §8_cance?ing
devi ces. For inst afitectrpagauptic fypction, tngluding, neise sancedlatiom for
system for ear phonese withheadbands having casnitydptdied tholAtvacon t fise
speaker and 35 thenasaﬁzm&l%e;fa\é_édiw)émep&ﬂ/é@ﬁ%x@%ﬁe%mhaas gémf.i‘g a
m cr ophone | ocat e&,on?iﬁo}f)-o&lfvﬁ?ﬁe hﬁggbangé acanrorgiaseetca%éellatign Isrgé:i edf )
an ear phone havi ng & ufFgr2paPt system for

15 headbands having a speaker, microphone, and a baffle.

' Thus, in general, the Moseley patents are
concerned with the location of the speaker, being the
output transducer, and the microphone, which is input
transducer. 1In fact, the patents regquire that the

20 speaker and microphone be in the same plane or
substantially aligned in the same plane. Also, the
patents teach that the processed signal output is
substantially in the same time domain as the original
acoustic wave, that is the signal is in phase.

25 In contrast to the Moseley patents, the present
invention is not per se concerned with the alignment of
the speaker and microphone in the same plane (although
such alignment need not be explicitly excluded). The
output transducer and microphone utilized in the open

30 loop active noise reduction of the present invention may
be perpendicular, tangential, or in any other location
out of the same plane (as well as in the same plane).

The present invention provides a noise reduction system
having the capability to transmit the original input

35 audio signal to the speaker without the readdition of the
input audio signal. This is because the sensor
microphone, which is the control action of the open loop,
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8 | ocat ed between the speaker and the m crophone; Kinura et al .
calls for a noise reduction headphone having a cup menber |peqgakech1506
bet ween a speak9m2&9® ni cr ophone; and Saeki relates to a noise
cancel i ng headphone having a 5 m crophone | ocated between two oppositely
facing | oudspeakers. However, there exist various

di sadvant ages in t he conventional active noi se reduction systens. The
prior active noise cancellation systens, for in¥tance, 10 utilize closed

Lnop type SLrou Lo 90 Ed H1BYoklS £ron WA GLAYBICEGHAL; Wnr tud Shitho
Herr] = high pass fisigslids not detected by the pickuppr|sens@¥oaker at
headset nicrophone. That\ is,ndinseheoopenclbop system of the
B = variable gain/ pRsg.aeNihObntion, the original desired audio signal is
' 5 transmitted to the speaker independent of the ambient
' noise detected by the microphone. 1In addition, in the
present invention an acoustical material can be located
between the output transducer and the eardrum of the user
to create an acoustical waveguide for the transducer by
10 coupling the audio signal to the ear of the user. The
acoustical material located between the output transducer
and microphone acts as an acoustic filter to decrease the
open loop gain by placing an acoustical impediment in the
path of the pickup microphone and the output transducer.
15 The acoustical material isolates the desired original
inputted audio signal from the noise detected and
canceled by the pickup microphone. The background noise
signal detected by the pick-up microphone is inverted
through electric-acoustical processing means producing an
20 anti-noise signal, which signal is transmitted to the
acoustical waveguide to create a quiet zone. This quiet
zone is located between the output transducer and the
eardrum of the user.
Thus, the prior art has failed to provide a
25 relatively low-cost means for reducing background noise
to an acceptable level for use with communication systems
or the like, and a cost-effective means for enabling
existing audio communication systems to reduce background
noise to an acceptable level.



The conventional closed | oop noi se reduction systemis not ideal as a-
very. large direct transm ssion 20 gain (1 + BHLIH2) is required in order to

reduce the noise conmponent (N) to zero at the output (P). This system
suffers from tygeppepbem of instability. This creates dr aETAB6/01506

of -oscillation, i.e., squealing due to the unat abl e | oop conditions
caused by variations in the 25 transfer function of the speaker, feedback
m cr.ophone and acoustic cavity containing these el enents and user
headgear. The degree of noise cancellation gggerated by t he conventi onal
cl osed | oop noi se reduction device, at any frequency, is directly
related to the direct 30 trapBIEGES NS RY BE cINwENTTONHOWever, the

a4 O % "! ¥ o H

] 't%ffﬂ%ﬂﬁ M| & lsnstability.
The conventional active noiser ?n Eg& hﬁﬁei gv#%%”%ﬁ%okﬁas t he
dr awback t hat Wheﬁmcvide an)\acs yg5yg£¥e cancellation apparatus and an
PCT/ | B96/ 01506 active noise reduction apparatus t9 create W fbidgacal

vibrations sucls asdaidtly systeh! PRfth iddicetes thebiéridud 3skb8itea
connecting cords, r Jaw _novenen I nduced vi brations efc., AFe
transmtted-to th@H%§i§ée pr‘°Fe%ﬁ%ack m crophone, these vibrational noises
are 5 converted to el ectrMone spepificadly, hédtnisrapobirctibesthe
present invention to provide an active noise cancellation
apparatus and active noise reduction apparatus which

10 reduce background noise to an acceptable level.

Another cbject of the present invention is to
provide noise reduction apparatus for use with a headset
device and boom microphone or to provide a noise
cancellation microphone device or the like.

15 It is still another object of the present
invention to provide noise reduction and cancellation
apparatus and an active noise reducing systenm as
aforementioned which is relatively inexpensive.

_ It is yet another object of the present
20 invention to provide a relatively low-cost noise
- reduction and cancellation apparatus for use with
telecommunication systems which is operable with standard
available on-~line power.

Another object of the present invention is to

25 provide an enhanced active noise cancellation and noise
reduction headset by adding a talk thru feature, which
enables the user to hear the microphone audio signals as
well as the external audio from the surfounding
environment, without the physical addition of any other

30 microphong elements. The object of the present invention
is to have an active noise cancellation and noise
reduction headset where all the audio from external area
is transmitted to the earcup of the speakers by
increasing the gain of the sidetone channel. This active

35 noise cancellation microphone of the present invention is
converted to a standard omni-directional microphone by

hi gher the gain the noreaapgggﬁé



signals are anplified and cause instability and other . non- | i near
effects, for exanple, audio interruption, |oud noi ses or pressure

sur ges. Anot her drawback of conventional active nqlcsl‘?m*}@tﬁ!ﬁ ng
headphone devi ag@9otsss7940 the conplexity added to the device to avoid
canceling the desired audi o signal, which signal is inputted as an

el ectrical signal. The desired audio signal (S) of the conventi onal
device is input into tmo sumi ng nodes to create the signa

transmitted to the user's ear. The 15 first sﬁﬁnlng node adds the negatlve

f eedback ni crophone c ose}?iil Q@,g ?Qi&%: ,E&Egﬁ?%e' epdhR GHQ' éé‘tﬁ:‘b:ﬂi]pe g&)\d

a conventi onal eed e, the. si
from the ni crophone Wﬁé‘ &h& poise mip °%& appli rt- he

anbi ent noi se signal which isa aﬁiﬂbsfunhhetocbgecanoeleﬂe ﬁiasen&e&ﬁbaﬁkion
signal is subt raxlq % %&Bea d@éiiad,algp%waudge ﬁaﬂa@'chﬁeﬁ&sggsn

the anti-noi se si I red

i 0.Si conj ent en,
second suming n eqﬁ?QF H’tU gﬂﬁ § gead Hegﬁfggagtﬁltp 1ﬂd§ et8.0F i nto
the loop so it can lexiztingacomnunichtion sysgempuandrvhich cks opérablecwith

?L gen;aratl Ing tI&gmgaedvaygamé@p._?__lr::_ngdgaweggpgm tly and co;t to
e conventional noise reducipg devigc e onal_s oge
rocessing in the conventi onaﬂ y %l.g%hg P'5‘8°Fn3 %sp%??aeﬁg‘éngfn on

Ereatlng glStOFtIOnj@htEOPFPEiQESQr¥§#QQ*HPéYSL§“E?°%§ nedse redugtiensi ng

the possi bi lig y uifpalrathabfbrtxyse with audio comhinbéktidd BystansoWiich

oL B o Set, Do iSEs, sne Q50 L UhGBELVEL] DESPAP P ARRIVRE" picmes
35 transducers are (93 WRdFBIBRK be | ugach A, 8 bﬁ@méﬁicr%RRRFe withoa; pgadset
foll owi ng three docuwrgnwhichhimalh be axsedcaspar nbikse candmglimf erierophone.

In many applications as describgd herein,

15 mnicrophones with other-than-omnidirectional
characteristics are desired. Such microphones reject
signals from certain directions and thus yield an
improvement of the signal-to-noise ratio. The
directional microphones based on summation scheme, which

20 is that of the present invention, may depend cn the _
algebraic combinations of the sound pressure signals with
phase differences which are exclusively due to the
electronics of the system. As opposed to gradient-type
microphones, the directivity of such microphones is

25 dependent on the ratio of linear dimensions to

wavelength.
When two or more microphones are fed into the

same amplifier, it is possible that signals from a sound
source at distance from the microphones may arrive at the
30 microphones 180° out of phase, .canceling each other.
Therefore, it is an object of the present inventicn to
ensure the omni-directional and directional microphones
are phased properly.
It is also an object of this invention that the
35 first and second microphones arranged at a predetermined
angle and/or distance with subtraction apparatus
disclosed herein can also be used in the area of ambient

a
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10 . U S. Patent No. 5,134,659 to Msel ey. U S
Patent No. 5,117,461 to Mosel ey. U S. Patent No. 5,001,763 to
Mosel ey. woomasme Moseley (1659) relates to a noi se cancetcTmpI6/dises
system for head%ﬁones having a baffle, tw speakers, and t wo B

m cr ophones wherein the baffle serves to i npede noise fromtraveling
directly froma noise source to the input transducer by forcing the

noi se to travel a |onger di stance around th€ baffle and through a foam

10 barrier. Mbsele "461) is directed to an el ecf roacoustic function
i ncl udi ng noi se ca%BéFFﬁt%%cﬁlglr‘ﬁ‘m %?5 %&Fﬁ"ﬁﬁﬁﬁ%ﬁn’d& acenstdea ni crophone
mount ed on the sunveilblance foxc felemetry direven alirscttionalamiczophones

Mosel ey (' 763) rel agfightfs aa11Rictd ohdlIC Rl ERbpROnSY St AR fﬂhé%&ﬁ@?gaggﬁeral

havi ng a speaker, m crophone, fle, Thus,

t he I\/gsel es patents are @o%c%g.rd é‘gi&ltﬁstﬁﬁ ?B%%ﬁti"cﬂ{ She prespatier

bei ng the oubpuinyenkion d& pravddena ie¥reesh micxophonei fornpsé in a

transducer. In factnoide ¢Eﬁc§ﬁ1&t&0ﬁuh?§téhaﬁiﬁﬁmbéﬂhﬂﬂﬁhﬁhﬂbmﬁ@?iPEEE ne
S0,

be in the sane plang%gg cter sgantially aligned in the same plane.
c t%at t

t he patents tea rocessed signal output is substantially

e
in the sane time domain as tH& 3Fi§iﬁﬁ¥ther eRinah iqf thecpresenti invention
signal is in phase.to provide a controllable variety of directivity patterns

10 with a microphone based on the magnitude and phase lobe
construction. )

It is yet another object of the present
invention to provide a directional microphone by adding
vectorially at a determined point the sound pressures

15 arriving at that point from all simple sources.

It is still another object of the present
invention to provide a two-terminal microphone system,
including the directional microphone as aforementioned,
in an active noise cancellation ehvifonment, which allows

20 the audio output signal to be superimposed on the voltage
input signal at the same terminal.

Another object of the invention to provide a
novel active noise reduction apparatus for use in
headsets due to its simplicity and low cost circuitry by

25 positioning elements in an open loop system.

It is object of the present invention to
provide a noise reduction apparatus in which the ambient
noise is attenuated in a regular manner without being
degraded by mechanical or vibration induced microphone

30 signals. .

It is another object of the present invention
to provide an active noise reducing system comprised of a
headset, handset or the like with a boom microphone or
directional microphone or the like which is

35 unconditionally stable due to its open lcop
configuration.



25 In contrast to the Moseley patents, the present I nvention
IS not per se concerned with the alignnment of t he speaker and

m crophone in the sane plane (although such al i gnnent need 3@*"ﬂ£” 6
explicitly excl weodj)2s7@the out put transducer and m crophone Ilzegﬂ n
the open 30 | oop active noise reduction of the present invention my

be perpendi cul ar, tangential, or in any other |ocation out of the sane
pl ane (as well as in the sane pl ane). The pr, gsent i nvention provides a
noi se reduction system havi ng t he capabllltﬁ to transmt the original
input 35 audio signal to the gpedkeruitndio¥bidit beatflb! prdsdit tﬁs%ntion

| nput audi o signal. This 'F be Use t he sensQr ghcro gEKQeductgh IS the

control action of thé"b Qﬁ) € power required by

PCT/ | B96/ 01506 WD 97/@ptRgratus by coupling dhejielostza-acowstin tranisduseynal ,
that the audio st fivllericy N0t detected by the pickup or sensor

M oCOPIone: NG 1 T LR, P9 OB meck s ehe piLEHR oyt ien

i nventi on, “the original desire

speaker mdependent o txRAuGH, thg compl | ahdfercerel of the astivepneisee
In addition; in the reductdionseitrciibtcy wpmiagoushetmdrw&efmm 8e
| ocat ed bet weenyddis-ed altlio! £ 85541 Ghla Lud hRese ﬂ&ﬂéé’@ﬂnatlh%ouéﬂ
output transducer in a single summing node.
io0 It is further object of the present invention

~in a noise reducing system to reduce anti-noise
processing induced distortion of the desired electrical
input signal which is converted to an acoustic signal and
transmitted to thé ear in a noise reduction system.

i5 Another object of the noise reduction
apparatus involves a sensor.or pickup microphone placed
behind or in front of the output transducer, and outside
of the sound field and the plane of the speaker, so that
the microphone detects only the background noise by

20 utilizing of the acoustical material, which performs dual
functions.

It is a further object of this invention to
provide an acoustical material as an acoustic filter when
positioned over a microphone, and as an acoustic

25 waveguide when placed between the output transducer and
ear of the user. .

" It is the microphone that is the control action

of the system, the microphone is independent of the
inputted audio signal, the desired output. A resilient

30 acoustical waveguide is preferably positioned between the
speaker/microphone and the ear to create a quiet zone.
This waveguide is preferably more than just the usual
rubber sponge which is commonly provided on earphones for
comfort purposes. One type of such material is called

35 "Slo~Flo" foam and it is of such a density and
construction so as to define a noise~free response and to
deaden any sound reflections returning'to the microphone,



to create an acoustical wavegui de for the transducer by 10 coupling the
audio signal to the ear of the user. " The acoustical material |ocated
bet ween t he output transducer and m crophone acts as an acoustic
filter to decrease the open | oop gain by placing an acousti cal

| npedi ment in the path of the pickup m crophone and the output

t ransducer. &) acoustical material isolates the desi r e BCHIB9G/0A%H6

i nputted audi 0 signal fromthe noise detected and cancel ed by the

pi ckup m crophone. The background noi se signal detected by the

pi ck-up m crophone is inverted. t hrough el ectric-acoustical processing
means produci ng an 20 anti-noise signal, whkéch signal is transmitted to

t he acousti cal ui de to creat i et zone. . This, quiet

zone is | ocated bePﬁ@g% g& Bt pTPUS d%éggeﬁnd§¥ﬁ% the 11 ifh §Rcehe
user. and/oruear; hwhereas thet phiorf artcdses pmegatdve 25
relatively lo""'cosrfemﬁkf 8r & {:ﬁg%idiﬁlbi‘ikﬂrﬁﬂédmﬂ&éﬁnone, E’Osﬁaﬂe and &

accept abl e | evel ti syste
cost-effective nea%?eHgF°£L ﬁl?ﬁ ?gxggFlﬁ ﬁﬁﬁﬁc}QﬁﬁﬁﬁfﬁPbatFBﬁ 3¢ ens
to reduce backgouss OPGR'AQFBeartﬁn§¢ﬂab§eé?ab#éliéﬁdﬂ wherein th!tbQIbZﬁiQO

PCT/ 1 B96/ 01506 need to add another audio signal, But the original input
audio signal is transmitted to the speaker, as the signal
has not been disturbed by the open loop sy#tem.

It is important to understand the distinctions

10 between a conventional closed-loop reduction apparatus
and the novel opgn 1oqp reduction apparatus of the
present invention.

An open loop system of the present invention is
one in which the control action is independent of the

15 output or desired result. A closed loop system is one in
which the control action is dependent on the output. The
key term in these definitions is control action.
Basically, the term refers to the actuating signal of the
systenm, which in turn represents the guantity responsible

20 for activating the system to produce a desired output.
In the case of the open loop system, the input commanad is
the sole factor for providing the control action, whereas
for a closed locp system, the control action is provided
by the difference between the input command and the

25 corresponding output.

To complete the comparison of the closed loop
versus open loop operation, certain performance
characteristics of each system is as follows: open loop
systems have two outstanding features, namely, the

30 ability to perform a function being determined by
calibration and simplicity in construction, for instance
because the problens of instability are not incurred.

For closed loop systems, a noteworthy feature is the
ability to faithfully reproduce the input owing to the

35 feedback, since the actuating signal is a function of the
deviation of the output from the input; this control
action forces the actuating signal almost at zero. A



OBJECTS AND SUMVARY OF THE | NVENTI ON An object of the
present invention is to provi de an active noise cancel |l ation apparatus
and an active noise reduction apparatus to create a noise 5 reducing
system whi ch overcones the problens associated - wth the prior art.
More specifically, it is an object of the present invention to provide
an active noi se tion apparatus and active noi se redRET{IBI§01506

apparatus which 10 reduce background noise to an acceptable |evel.

Anot her obj ect of the present inventionis to provi de noi se reduction
apparatus for use with a headset devi ce and boom m crophone or to
provi de a noi se cancel l ati on m crophone devage or the like. 15

It is still another object of the E;esent i nvention to provide noise
reduction and cancel PajPsndisadyantage of hds,fegdbpck fiecter riaitbatgit is

?ys;en1as ﬁforeg?abbaﬁedbmbifhridné(ﬂﬁgthﬁebtehﬂaéﬁeﬂﬁfifbu%}ies in using
t is yet another obpe t [ ESEdme n n ide a .
relatively | ow cost ho%ggggd E?% uéclfl on dn&aé%}r‘igeﬁgt F(&)'?ld%;;) rtﬁ geciitates
W th t el econmuni cati on systens which is operable with standard
avai |l abl e on-11i neSpower. The active\mviiser reipnetionfappuratussast well as
invention is to 25 peaWi A8i38 SANGETAMIHA hpbBalsl |\ ilde® 1 n2Rfly "PLSE
- reduction headset by adding a *alk t ru%?%gﬁgzg?tﬁﬁigﬂﬂqﬁé'g%%€ 8sgﬂﬁgeﬁ§%ﬁ
to hear the m crophofif®BHRrGaLign fystans pre used Ain Lldghh (8.@+0 from

- the surrounding helicoprentor ainpdane) horphpsother mititings sichanysot her
30 microphone el enentalephéenéed; asd videeeBbgittioh "WMsHlid® rerisibation have
a

BUdi o from extor Al Sysfemd el uliaike, £ok 440008 ko' PiymItRY Endliany”
by i ncreasi ng t her gkP rd oFonsrter daishercwistireatior dndirecgsintertase
cancel | ati on m crophotevid tdbepticteliineBycoti €4 af automatic teller machine
or, in other recognition and/or verification systenms.
The noise cancellation apparatus comprises: a
15 housing having first microphone means for receiving a
first acoustic sound composed of speech originating from
an operator operating said apparatus and background
noise, and for converting said first acoustic sound to a
first signal, and second microphone means arranged at a
20 predetermined angle ¢ in close proximity with respect to
said first microphone means for receiving a second
acoustic sound composed of substantially said background
noise and for converting said second acoustic sound to a
- second signal; and means for subtracting the second
25 signal from the first signal so as to obtain a signal
representing substantially said speech. The two terminal
transducer for use in the noise cancellation apparatus
. for reducing background noise comprises: a plurality of
microphones connected to an amplifier means of the noise
30 cancellation apparatus; the amplifier means for receiving
audio signals from the microphone having a first terminal
and a second terminal wherein the second terminal is
grounded; a_gpltage means inputting a DC signal on the
first terminal; a transistor means connected to the first
35 terminal for receiving an AC signal from the microphones;
means for superimposing the AC signal onto the DC signal
on the first terminal; means for filtering the AC signal



converted to a standard ommi-directional m crophone by
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renovi ng the voi ce microphone fromthe el ectronics and i ncreasing the
gain of the noise mcrophone amplifier. A still further

obj ect of the present invention Is to provide a relatively | ow cost

noi se cancel |l ation 5 apparatus which is readily adaptabl e t @crapsknses of
exi sting comm¥¥R¥25¥h systens and which is operable with standard
avai |l abl e on-1ine power. A yet further object of the present’
I nvention IS to provide a relatively | owcost noise reduction 10
apparatus for use with audi o communi cati on syESenB whi ch enabl es the
user to selectively anplify a received signal or, which nmay be used in

a boom ni crophone iddh 3nepeSglignal, &£ - ﬂw“lfchsF&XaQ SpdinGh %geaaﬂpgigxer

cancel i ng m crophone. cations, as
herein, 15 ni cr op/REARSHAPE BEABS. Q%ﬁ%ﬂ#&% theAf signal generated
characteristics ar eydhe adcrophtnes artotinenEirse] tetninal. sitpeal s from
certain directions a%ééiuaaw ﬁkéraghone fazmrsavgﬁeaim&irbﬂge 3 far-tiel
signal -t o-noi se ratio. m.c oghon S on sunmati on
scheme, which 2& | §qﬁ?§f"8f VhRR ﬁ? rlrWr'(?n E? g"fﬁﬁ?@ﬂ\? 8% fRe
- al gebrai ¢ conbi nat iastivef nohsescanceation eppiagauus. which accepts sounds
' in a variety of directivity patterns comprises: a housing
having an array of spaced microphones means for receiving
acoustics signals and outputting electrical signals
10 having a spaced separation between the microphones; a
pressure sound source inputted into the housing as a
sinusoidal sound wave ﬁaving a magnitude and phase which
intersects the microphones at a predetermined distance to
form an angle; means for calculating the distance from
15 each microphone to the sound source; a summing channel
for adding the output signals of the array of microphones
to obtain a sum output signal; a signal processing means
to produce an acoustic signal representing only speech
from the sum output signal; and means for adjusting the
20 magnitude of the sum signal to produce the desired
response pattern. The open-loop active noise reduction
apparatus for reducing ambient noise in the vicinity of
the eardrum comprises; a housing for receiving an input
and to signal; an output transducer located in the
25 housing; an input transducer for detecting and reducing
ambient noise located not in substantially the same plane
as the output transducer; an open-loop signal processing
means to reduce the ambient noise detected by the input
transducer; means for transmitting the input audio signal
30 to the 2?77?72 without disturbance of the ambient noise;
an acoustic means to isolate the output transducer from
the input transducer for channeling the input audio
signal representing substantial speech between the output
transducer and the eardrum, wherein a quiet zone is
35 created to isolate ???? transmitted from the input
transducer. The open loop noise reduction system for use
with an active noise cancellation apparatus comprises; a



phase differences which are exclusively due to the el ectronics of the
system As opposed to gradient-type m crophones, the directivity of
such m crophones is 25 dependent on the ratio of |inear dinensions to

wavel engt h. When two or nore m crophones are fed into the
sane anplifier, it is possible that signals froma sound source at

di st ance fromt% fshgpphones may arrive at the 30 m crophones E@Vf@ﬁﬁ“}soﬁut

of phase, - canceli ng each ot her. Therefore, it is an object of the
present invention to ensure the omi-directional and directional

m cr ophones are phased properly. It is also an object of
this invention that the 35 first and second m ca®phones arranged at a

pr edet er mi ned angl e and/ or distance with sub&ract%ﬁ; %ﬂparatus
di scl osed herein can RiSkrUR BICEOPRORE £, deteghingnetfe signals g convert

97/ 25790 to electrical signals; a speRKer| BoStext(h the headset
14~ noise cancyll@idddn hBbuft £ HEHHESS ah"a840YSttdnsmission signal:
surveillance or telenmetry“or even directional, nkgaoqmﬂgi . gﬁ aé
directional ni crophorfé%‘"%/ﬁ r{?rsPSEF cally xejecting Sti\lc"éﬁ(ﬂ n?#’? is an
obj ect of the pres®ntelectricaiyvsignal; t yardable gainirarimolrimeanshdow f or
use in a noi s CacPfidtAngothe s wighallh ABARE -#d¥2TiaErdngeehikonal
mechanical vibration induced low fregquency disturbance
from reaching the speaker; a summing node to combine the
anti-noise signal and the noise signal to produce a quiet
10 zone in the acoustic means; means for transmitting the
audio signal to the speaker; and means for maintaining
phase agreement between the noise signal and the anti-
noise signal of the speaker. _
An open loop active noise reduction apparatus
18 for reducing ambient noise in the vicinity of the
eardrum, comprising: a housing for receiving an input
audio signal; an output transducer located in the
"housing; an input transducer for detecting and reducing
~ ambient noise located in the housing; a open loop signal
20 processing means to reduce ambient noise detected by the
input transducer; means for ttansmitting the input audio
signal without disturbance of the noise to the eardrum;
an acoustic means to isclate the output transducer from
the input transducer for channeling the input audio
25 signal representing substantial speech between the output
transducer and the eardrum and creating a quiet zone to
isolate sound transmitted from.the input transducer.
An active noise cancellation and noise '
reduction system for use in a headset for transmitting
30 audio signals from microphones and for receiving external
audio from a surrounding environment comprising: a first
microphone means having a first switch means having a
noise canceling mode and a first talk thru mode and a ... ..
second microphone means; a microphone amplifier means
35 connected to the microphones by a second switch means; an
audio microphone transmission means for connecting the
ampiifier means when the first switch means and the




characteristics. It is a further object of the present
I nvention ~ to provide a controllable variety of directivity patterns

10 with a m crophone based on the magnitude and phase | obe
constructi on. It is yet another object of the present

I nvention to provide a directional m crophone by adding  vectorially

at a determn the sound pressures 15 arriving at thpéyisvsioisebr om
all sinple soﬁ‘rqgre;gb%n It is still another object of the

pr esent invention to provide a two-terminal mcrophone system _
I ncluding the directional m crophone as aforenenti oned, In an active
noi se cancel |l ati on environnent, which allows 20 t he audl 0 out put signal
to be superinposed on the voltage I nput 9 ghal at the sane term nal.

Angt hter obj ect OI té&dﬂ@/%mteﬁ hﬁaﬁ&oﬁ-&'e%lt?esratiéxgt gﬁ:’ﬁh aaaag &EH egjﬁa)gl ow
r s for

(r:gs'tJ Cc: ?(r:]u?lto IrO;I gyu °f% HZ‘?FFEBnFﬁa EQ g‘r&?s&ﬁ&ﬁlf’ﬁoﬁei%tiﬁn

It is object of thdyrassed: vhenctheofirst swti:clpmanéeandnthsesémt i on

appar atus in whi ch duitchThiefik are in'® €£Lk-Serihd aeuateg '&&éﬁﬁb& n,

manner W|thout l}’m ﬁ§°’ Q%%é‘m%@t%g ceP?am ﬁg g# %gtllgg}?o% ;Jﬁe

m crophone
present i nvent | on cropbengrame ta a&qﬂt@mm@itéencwmsvm dirst

conprised of a switehdaeans hand sséceord téﬁﬁdhkﬁeuhhhafe boe exd %ﬁ]@&o”e or
directional mcr Opm%eiinﬁhﬂo&é%(ewm&h lthe3 tralBfieRg &1 Oélgil:el Yiso '} a.%ldue
to its open loop when tge B gégﬂléwktch means is in the talk thru mode;

10 the buffer amplifier means for transmitting the audio
signal received from the transmission gate to an audio
syster and to a scaling amplifier when the first switch
means and second switch means are operating in the noise
canceling mode; the buffer amplifier means for directly

15 outputting the audio signals received by the microphone
amplifier means when the first switch means and second
switch means are operating in the talk thru mode; the
scaling amplifier having a third switch means having a
noise canceling mode and a talk-thru mode, provides a

20 sidetone signal to an earcup of a speaker transmitted
from both microphone means and from the external audio
vhen all the switch means are operating in the noise
canceling mode; the scaling amplifier having a gain
control, wherein the gain control is increased when all

25 the switch means are operating in the talk thru mode to
increase the sidetone signal to a speaker; active noise
reduction system receives and outputs the sidetone signal
to the speaker in the headset.

Other objects, features and advantages

30 according to the present invention will become apparent
from the following detailed description of the
illustrated embodiments when read in conjunction with the
accompanying drawings in which corresponding components
are identified by the same reference numerals.

35
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15 It is further object of the present invention to
reduce the power required by the noise reduction apparatus by coupling
the el ectro-acoustic transducer ef ficiency. 5 It is
further object of the present invention to reduce the conpl exi témsos
and/ or cost of W% 6ve noi se reduction circuit by errpl

nmet hod of conblnlng desired audio signal and the anti-noise signa
to the out put transducer in a single summ ng node. 10 It
Is further object of the present invention In a noise reduci ng system
to reduce anti-noi se processing induced diadtortion of the desired

el ectrical i nput signal which |s COnY [t signal and
transmitted to the ear in a noi XSHEdFerTC . Anot her

obj ect of the noise reductionFig. 1a|iphuattstem\aorteésphoaenbwim Ppirndise

d to’an_.

i crophone placed  candiy abhels AbcdRBngtBUhn! &aBSE &
out si‘de of the sou A%qu'r g ﬁe pl ane of ntgﬁe speaker, so t% the
the microphone det ecPEeRfY Réround noise by 20 utilizjng of t he
acoustical materi®l, which peﬁﬂahnﬁ 8ak block disgrapnef the noise | t
is a fulrther obj ect é&n&éfnl%ﬁiweabpaﬂatas used nrxptndetameﬁnmtwaﬂ 9. 17
material as an acoustic filte e Q an
as an acoustic 25 wavegui de %th H?ace %ﬂ?&egﬁg?p§¥”%§ﬂ ?ﬁﬂ%ﬁ’rand
ear of the user. portion of the; P%ePP@PQnQﬁ(ﬁﬂﬁonévthat is the control
action ' Fig. 3B is a side elevational view of the

10 receiver portion of the telephone of Fig. 1 with the top

removed; |

Fig. 4 is a schematic diagram of the block
diagram of Fig. 2;

Fig. S5 is another schematic diagram of the

15 noise cancellation apparatus illustrated in Fig. 2;

Figs. 6A, 6B and 6C illustrate a boon
microphone device utilizing a noise reduction apparatus
according to an embodiment of the present invention;

' Figs. 7A and 7B are schematic diagrams to which
20 reference will be made in explaining the operation of the
present invention;
- FPig. 8 illustrates a noise reduction apparatus
according to the present invention;

Figs. 9A, 9B, 9C, 9D, 9E and 9F illustrate boom

25 microphone and headset embodiments of the present
invention (Figs. 9A and 9B each showing an embodiment
having particular placement of the microphone; Fig. 9C
showing an overview of the headset, having active noise

' reduction apparatus Figs. 9D, 9E, and 9F showing side
30 views of the boom microphone) and Fig. 9F shows a
- preferred embodiment of the active noise reduction
apparatus utilized in a headset;

Figs. 10A and 10B are schematic diagrams of the
noise reduction apparatus of Fig. 8;

35 Fig. 11 illustrates a phase reversing circuit;
Fig. 12 i{llustrates an oppositely charged microphone
circuit;



of the system the m crophone is independent of the I nputted audio
signal, the desired output. Aresilient 30 acoustical waveguide is

preferably positioned between the speaker/ m crophone and the ear to
Create a qui et zone. This waveguide is preferably nore than just the
usual rubber sponge which is commonly provided on earphones for
confort purpos\gé 975880 t Ype of such material is called 35 "SI ecHBs/gisesm
and it is of such a density and construction so as to define a

noi se-free response and to deaden any sound reflections returning to
t he m crophone,
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PCT/ 1 B96/ 01506 acting as an

acoustical filter, fromthe [FigBani3Asand 138 iu“&#&'FBF agkiveher eas the
prior art uses a negpnae&iation turvesciran dntodiments 6f Othé NEnvErtiieRjone,

no such feedback is progygedsgn ggﬂ€?§g3 I 5.an
open- | oop arrangeman{ is util |§ed V\%erel nt eredl g‘iﬁg}éﬁ%f %é‘iﬁ'ﬁ?‘:&&

anot her audio S|g e orlglnal I nput audio signal is
transnmtted-to tde speaker Fdgs hﬁsilgrmlschematlissdmmmm i Simvelaed by

the open | oop systeseray of microphones itd SyhiEho E-Eiai-eﬁéh WS HeAtdakh$n
distinctions 10 belusen AneCRKE n&ﬁ&‘ﬂioﬁ Ll 2BoafiauGt | %t%%p%rrgtsgxsnt
invention;
Figs. 16A and 16B illustrate an alternative
10 embodiment of the schematic diagram of an array of
microphones in a cylinder and the schematic diagram of
the electrical circuit array;
Figs. 17A and 17B illustrate block diagrams of
the prior art three terminal microphone configuration and
15 a two terminal microphone configuration of the present
invention;
Fig. 18 is a schematic diagram of a simple two
terminal microphone circuit;

Fig. 19 illustrates a preferred embodiment of a

20 two terminal microphone circuit used in an active noise
cancellation system; _

Fig. 20 is an alternative embodiment of a two
terminal microphone circuit used in an active noise
cancellation system;

25 Fig. 21 is a schematic diagram of the prior art
cleosed loop active noise reduction system;

Fig. 22 is a schematic diagram of a open loop
gctive noise reduction system of the present invention;

Figs. 23A and 23B illustrate a perspective view

30 and side view of the acoustical waveguide of the present
invention;

Fig. 24 is a diagram of the quiet zone achieved
by utilizing the active noise reduction system; —

Fig. 25 illustrates a preferred embodiment of

35 an active noise reduction system of the present
invention;



and the novel open | oop reduction apparatus of the present invention.

An open | oop system of the present invention is one in which the
control action is independent of the 15 output or desired result. A
cl osed | oop systemis one in whi ch the control action is dependent on

. the output. The key termin these definitions is control a yrﬁﬂsmls%

- Basically, the wearemsmbers to the actuating signal of the stem
which in turn represents the quantity responsible 20 for activating the
systemto produce a desired output. In the case of the open | oop
system the input command is the sole factor for providing the control
action, whereas for a closed | oop system #Be control action is

provi ded - by the differenc et idg%xk t PHBP 25
correspondi ng out put. ?18 ﬁ\éa'fl‘{l CcOo %Qg taﬁg cofpar |l so!tnxfagf t he
cl osed | oop ver subodimant .8 %‘E)e#%ﬁii"(?n nodse; FPAuGEIPR FEFkaR of the

characteristics of epebsenttenvent£SnfolIoms open | oop systens have
two outstanding features, nanegye. QEEHEX LoeLEAL CIVE 2uiidRth hﬁ of
or

bei ng determ ned b

Lib t :
“instance - bec us&hﬁhﬁcg?gﬁ[a s%hr g§8|#§§¥§pgﬂﬁg ' preseny

For closed | oop syst énventiont tnelnding eahdgb pssshfilter; eetnd ity to

~faithfully reproduce the Inputrpgw fhl.hti% ah8108R &ESQPQ:Ekof S&z{@%&ﬁ@ noise
e

~actuating signal is r‘£“°§%§$gh

~input; this control

joke cpocatinBieR strramoeiithen 1n's0ro

A headset having the talk thru, sidetone, and automatic
10 audio microphone transmission features.

Fig. 1 illustrates a telephone 8 which utilizes
a noise reduction apparatus. in accordance with an
embodiment of the present invention. As shown therein,

15 the telephone 8 generally includes a handset 10, having a
speaker portion 41 and a receiver portion 42, and a
telephone unit 18 which may be coupled therebetween by
way of a telephone cord 30. Alternatively, the telephone
may be a cordless type telephone and, as such, the

20 handset 10 is coupled to the telephone unit 18 by way of
RF waves. The receiver portion 42 includes first and
second microphones 12 and 14, respectively, (Pig. 2), a
switch 40 for adjusting the volume of a signal supplied
to the speaker portion 41, and a cap 48 having a recessed

25 portion 44 and a mesh portion 46. '

Fig. 2 illustrates the telephone 8 in block
diagram form. As shown therein, the handset 10 generally
includes first and second microphones 12 and 14,

' respectively, a subtracting device 16, which in a

30 preferred embodiment is an operational amplifier ("op-
amp"), an amplifier 20, which is preferably an op-amp,
and a speaker 22. The first and second microphones 12
and 14, respectively, op-amp 16 and amplifier 20 are
preferably contained within the receiver portion 42 (see

35 Fig. 1).

Acoustic signals composed of speech or the like
and background noise are supplied to the first microphone
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17 maj or di sadvantage of this feedback factor is that it is
responsi bl e for one of the greatest difficulties in using a cl osed
| oop systems, nanely the tendency to oscillate. 5 The active
noi se reduction apparatus as well as t he noi se cancel | ati on appar at us
can be used i Ry§Piasyst) €- communi cation systens that are R6EFABPI06; ght
(e.qg., hel i copter or airplane) or in other settings such as :
t el ephones, or voice recognition and/or verification 10 systens for
I nstance, for access to a physical facility or to a conputer (either
via direct or indirect interface or via 3¢l ephone lines) or to an
automatic teller machine or, in.other recognition and/or verification
syst ens. 12 and enverted therainainte & gerraspendingr piectricalls
housgI ng havi ng f} r gigRaT Rl el sranaeadteresappylivl o the iplak ﬁéﬁhlﬁidlg .
sound conposed o e NQ wh O or, 0 ng sa

3? glﬁg %-ﬂr#]oﬁéée 'xfh g‘ackgrglﬂ:é) R ey o Qﬁ?ﬁi#a Xistic

apparatus and backgP onvertlng sai d
sound to a fi r Shesseprnd %S’G'Rdl fti ard PenNerkat theredngintata a 20

predet er mi ned aBgl eofresponding eleqtrdcali sygual hwhictpdet thereaftéﬁl d first

m crophone neans f f;ga hived | 0s -
substantially sai degac o\lﬁl&d%eﬁgpsetgrgi?&ﬁ%r#%ﬁg sg%%)n(?p
acoustic sound to 3P ARk syRtirach he o EEP?-nﬁr%é’-@econd
25 signal fromt hseéond;tmiazg:mionyo 14s fromothei speech gmsdl noisershyesicnt i ng
substantial |y sai deggganie £Hiat Wiceephbhal 12 ami ey Eﬂ&r p N€
noi se cancelIa&bonefggggfaéfssig fo&egggggh chgrou sor thfs a

plurality of
: to the telephone unit 18 whereupon the speech signal is

transmitted therefrom through the telephone lines to a
desired telephone or telepﬁcnes. The output signal from
the op-amp 16 is alsc combined in the telephone unit 18
15 with a received signal from the telephone lines and
supplied to the amplifier 20. The op-amps 16 and 17 are
preferably relatively low-power integrated circuits
(IC's), such as complementary metal oxide semiconductors
(CMOS), and may be constructed from either one or more
20 CMOS IC chips. Although not shown in Fig. 2, amplifier
20 may be selectively set by use of the switch 40 (Fig.
1) by the operator so as tec adjust the amplification of
the received signal to a desired level. The amplified
signal from the amplifier 20 is supplied to the speaker
25 22, whereupon the amplified signal is converted into an
acoustic signal so as to be heard by the operator.

Figs. 3A and 3B illustrate two views of the
receiving portion 42, in which the cap 48 is removed in
the view of Fig. 3A. As shown therein, the receiving

30 portion 42 generally includes a housing 74, a circuit
board assembly 78, the first and second microphones 12
and 14, respectively, and the cap 48. The first and
sacond microphones 12 and 14, respectively, which are
preferably electric microphones or similar such

35 microphones, are arranged or positioned as hereinafter
described. These microphones are held in place or
‘secured by a holding member 76 which, for exanmple, may be



m crophones connected to an anplifier nmeans of the noise 30 - cancellation

apparatus; the anplifier means for receiving audi o signals fromthe
m crophone having a first term nal and a second term nal wherein the
second termnal is grounded; a voltage neans inputting a DC signal on
t he first termnal; a transistor nmeans connected to the fi rpgrng5s/01506
term nal for reweisvRsmg®an AC signal fromthe m crophones; nmeans for
superinposi ng the AC signal onto the DC signal on the first termnal;
means for filtering the AC signal WD 97/ 25790

PCT/ | B96/ 01506 .18 fromthe DC

signal, so the DC signal powers the anplifier 25. nmeans;- and neans for
Corhinal  The | dIBSEAERAE oRca Somn M SaBREARE IO, 4n thebl B4,
5 response when speak@fHFedhte FhBoBANFIRG AfrondbB refpective, qitputs,frem
cancel | ati on appar attlse silristh andcsptend miwiophonesi 12 candiri4tareosupplied
directivity patter nsﬂ&o&%ﬂ %%%beétb@é!sd}:[}&s _(nothéﬁi:@ﬂ) a,gbegl{@)épo.hﬁpgged
m crophones neans_f or I Vi n acoystic S|g | s apd out tht ng
el ectrical signal 8 ‘i‘biﬁhaﬁné“’gtgfﬁ%%d’%;%ﬁ §§‘F8ﬁ gz\’f at‘fﬁ?"% rzﬁhones;
a which, in turn, is attached to the housing 74. Aas
hereinafter more fully described, the circuit board 78
may contain additional circuit elements for processing
‘the signals received from the first and second
10 microphones and for amplifying signals for supply to the
speaker 22 (Fig.2). A cover 72 may be utilized which is
attached to the housing 74 by use of adhesives or the
like or alternatively may be sonically welded together.
The cover 72 and the housing 74 with the circuit board
15 assembly 78, holding member 76 and the first and second
microphones 12 and 14 form an assembly 71.

The cap 48, which may be constructed from a
plastic-type material such as polycarbonate, includes an
annular side member 43 and a portion 45 having a typical

20 thickness T which is coupled to the side member 43 and
arranged so as to be lower than the upper portion of the
side member by a minimum predetermined amount such as
0.020 of an inch, thereby creating a recessed portion 44.

The portion 45 includes a portion 46 having a thickness

25 T’ which is less than the thickness T and which has a
plurality of through holes contained therein and may
resemble a mesh-like portion. In a preferred embodiment,
the thickness T’ of the portion 46 has a thickness of
"less than 0.030 of an inch. Since the portion 46

30 represents a relatively small amount of the portion 45,
reducing the thickness therein does not adversely affect
the overall structural rigidity of the cap 48.
Alternatively, the portion 46 may be constructed from a
stronger material, for example, stainless steel or such

35 similar material, and combined with the portion 45. Aas
is to be appreciated, by arranging the portions 45 and 46
so as to be recessed from the upper portion of the side



pressure sound source inputted into the housing as a si nusoi dal sound
wave having a magni tude and phase which I ntersects the m crophones at
a predeterm ned di stance to forman angle; neans for cal culating the
di stance from 15 each m crophone to the sound source; a sunm ng channel
for adding the output signals of the array of m crophones to og@ai a
sum out put si gweley2srei gnal processi ng neans to produce a

signal representing only speech - fromthe sum out put signal; and neans
for adjusting the 20 magnitude of the sumsignal to produce the desired
response pattern. The open-loop active noise reduction apparatus for
reduci ng ambi ent noise in the V|C|n|ty of 26t he eardrun1conpr|ses a

housi ng for rece|V|n an p al : ut tran ducer

| ocated in the ﬁgﬁ e Ve sieR Qg 5%%? r g‘?f?%g’:?n& pERd PRy
anbi ent noi se | ocaaeaunﬁnctan the wigde membert A3, sand potikthe portionshés or
OlrJT::) put t t ransduge{ , 43%@&@&;&@%@1 Gﬂit'faﬁb?ceﬁﬁl agresuumaﬁas 1%5&65&156?%@

anbi ent noi se detegte r apsnmitting
the input audio si §?¥5 °§%v ;ﬂfq%&%ﬁ)?%&he %ﬁg g&g t%‘fe Eegﬁ'bl ent
noi se; an aoudbi cb%aﬂﬁet@ﬁtﬁﬂdaf’élf'ﬁﬁrﬁﬁt%tﬂﬁ moﬂ- t he
i nput transducer for channelig dape 48nist pasiitioned ovemnahe Qﬁbﬁﬁallirim

wherein ;a;ufﬁfei?)nﬁe%%@%s i 24P dba ssr%*%‘“iﬂ*ﬁ‘ﬁh e s T
i nput t r ansducERSPaFRLYRIy [AT8, axgpbged ehﬁ%‘?‘fd'?‘?‘%%%r‘su!éth theyi t h
an active noi se cafitest aticrophame mﬁt&onpd seklatively close to the
10 underside of the portion 46. Thus, the speech travels a
relatively short distance from an operator, who is
speaking into the receiver portion 42 from a distance of
preferably less than 1 inch, through the portion 46 to
the first microphone. As a result, acoustic distortions
15 are minimized.

. The arrangement of the first and second
microphones 12 and 14, respectively, within the receiver
portion 42 is illustrated in Figs. 3A and 3B. More
specifically, as shown in Fig. 3B, the first and second

20 microphones are arranged so as to have an angle @
therebetween, which preferably has a value in a range
between 30° and 60°. The first and second microphones
are furtlier respectively arranged so as to have an angle
o and [(90-6e) + @] between a plane parallel to the

25 receiving or "sensitive" surface of the first microphone
12 and the direction of speech from an operator, and an
axis normal to the sensitive surface of the second
microphone 14 and the direction of speech, as shown in
?ig. 3B; and so as to have an angle ¥ between the

30 direction of speech and the second microphone, as shown
in Fig. 3A. In a preferred embodiment, the angle e has a
‘value of less than approximately 35° and the angle § has
a value of approximately 180°. As a result of arranging
the first and second microphoneéain this manner, the

35 first microphone 12 receives both the speech from the
operator and the background acoustic noise which is
preseént in the vicinity, and the second microphone 14
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pi ck-up m crophone for detecting noise signals to convert to

el ectrical signals; a speaker located in the headset havi ng a acoustic
means; an audi o transm ssion signal; means for electrically rejecting
vibrations of the 5 electrical signal; a variable gain/control go1sbér
adj usting the ngioenrsmegnal ; neans for filtering out nmechani ca

vi bration induced | ow frequency di sturbance fromreaching the speaker;
a sunm ng node to conbine the anti-noi se signal and the noise signal
to produce a quiet 10 zone in the acoustic. neggs; neans for transmtting
t he audi o signal to the speaker; and neans for maintaining phase

agreﬁmant bet ween th%d%@h%&;b\ allgnekbcéives vhinithe same Btabﬁerénhﬁ '@ctoﬁistl?g
speaker. n, o) v '’ | on_appar at us

for reduci ng anbi ent W&F?ew?‘ﬁ'%ﬁhggvgﬁlg%ﬁey‘?o tﬁ% ﬂgg%eﬁ?fﬁﬁm?dnpri si ng:
a housing for receiving an i npaddthoughgq af Pravieuslyanentipoed thesdngte ¢

| ?rtC)at ed int heI Iuagéshngmﬁa wRpeh is q&Mulctebn.i;O-pedeheﬁtim 2 60Uk d'9
anbi ent noi se locagte t ; OR.,SLgpa sing
means ‘-t o reduce a?#oi gfr%?g ﬁo?gg §g§g§?e yit %é‘ oi°H2 %ﬁgu%“f 2%%%§§?i%aw
for transmitting theneysythel@ss operate fakisfackorilyli eVeR pif Arrangedcso
noi se to the eardrumas to haweaanusngle (kahicholies| autside thigpuwiange.

transducer from  yoR@vhPPUhs! tRESINERI d BlecohalN8hbseadfal P Shadidi ©

25 signal representl%sugrﬁ antlfl s&ﬁe h bgtwee t he ijtx.pnlljat

transducer and the e uttPan®® cr 2=y }%?"q Per TBficPpprormance may; kesound

transmtted fromithe advpuselyaatfeckted. That is, when fhe aanglec ¢hbeceomes

cancel l ati on and noi g@bstantially smaller than 30°, the second microphone 14

' receives both the speech and background noise. As a
result, upon subtracting the output signal of the second
microphone 14 from the output signal of the first

15 microphone 12, a portion or all of the speech may be
canceled. On the other hand, when the angle 9@ is
substantially larger than 60°, the background noise
received by the second microphone 14 may not be similar
to that received by the first microphone 12. As a

20 result, subtracting the output signal of the second
microphone 14 from the ocutput signal of the first -
microphone 12 may not adeguately cancel the background
noise received by the first microphone.

In a like manner, although the angles 6 and ¢

25 have preferred values of less than 35° and approximately
180°, respectively, as previously mentioned, the first
and second microphones may operate satisfactorily even if
arranged -so as to have different values of these angles.
However, as the values of the angles 6 and § become

30 substantially different from the respective preferred
‘values, the performance may be adversely affected. That
is, vhen the angle 8 becomes substantially larger than 35
°, the second microphone 14 may receive both the speech
and background noise. Similarly, when the angle ¥ is

35 substantially smaller or larger than 180°, the second
microphone 14 may receive both the speech and background
noise. As a result, in either of these situations, upon




reduction systemfor use in a headset for transmtting 30 audio signals

from m crophones and for receiving external audi o from a surroundi ng
envi ronnment conprising: a first m crophone neans having a first switch
means having a noi se canceling node and a first talk thru node and a
second mi crophone neans; a mcrophone anplifier means 35 connected to the
m crophones by yosRgRoy sW tch neans; an audi o m cr ophone PCTABX¥1806 on
means for connecting the anplifier neans when the first switch neans
and the WD 97/ 25790

PCT/ 1-B96/ 01506 20 second switch

means are operating in t he noi se canceling 28 node, hmhﬁrein thet .
the first swtch neans
2hd Che second - SURFARE G 1B PREPRE LETSNAL G hsecond (ninrpRoDRond
5 gate for transm tfxom the ontput signal df mhdocfﬁ.hst mwupmp‘m:)rm maans to
a bufferharrpl i fier Mldrh%rf eeh 311 ggemrgeﬁ i sSPeeRh @ sn%% 4 eclhsmeans
i sabled - when the second MuERcEe S Apneiitens By us abovey e
buf fer anplifi erS nedsacrihed: dgvwices tand nateriadsofor the wpouponentsved them
the transm ssion gajevdiveanportion 42, the cost for constructing such
' receiver portion is relatively low. Further, by using
CMOS chips, as previously described, the power
consumption of the receiver portion is kept relatively
10 low. As a result, the receiver portion may be powered by
the standard power available in the handset and, as such,
does not require additional power or transformers or the
like. Furthermore, although the receiver portion 42 has
been described for assembly with the handset 10 of the
15 <telephone 8, which is a new telephone, such receiver
pértion, or a slight variation thereof, may be used in
handsets of existing telephones. That is, in this latter
situation, the cap and microphone contained within the
handset of an existing telephone are merely replaced with
20 the receiver portion 42. Thus, such use of the receiver
portion 42 provides a ?elatively easy and low-cost means
to modify a handset of an existing telephone toc include
the present noise reduction apparatus.
Fig, 4 illustrates a schematic diagram of one
25 circuit arrangement of the telephone 8 shown in Figs. 1
and 2. As shown in Fig. 4, the first microphone 12 is
coupled through a resistor 202, which is adapted to
function as a current limiting resistor so as to correct
the bias of an output from the first microphone, to an
30 input pover terminal 200. The.first microphone 12 is
further coupled through a resistor 210 to the plus
terminal of the op-amp 16 and through a resistor 212 to a
variable resistor 214. The second microphone 14 is
coupled through a variable resistor 208, which is adapted
35 to function as a current limiting resistor so as to
correct the bias of an output of the second microphone,
to an input terminal 201, and to the minus terminal of



systemand to a scaling anplifier when the first switch means and
second switch nmeans are operating in the noise cancel i ng node; the
buffer anplifier means for directly 15 outputting the audio signals

recei ved by the m crophone anplifier means when the first- switch neans
and second switch nmeans are operating in the talk thru nmodep~tisoen1506
scaling anplifi WMO¥281%g a third switch nmeans having a noi se canceling
node and a tal k-thru node, provides a 20 sidetone signal to an earcup of a.
speaker transmtted from both m crophone neans and fromthe external
audi o when all the switch nmeans are operatiyg@g in the noise

cancel ing node; the scaling anplifier having a gain control, wherein
the gain control is theraesagp 1éen The Rimitingwesdstorarf8alise prefextably an
the talk thru node tgariapid chepaft! Donft S5 G 9P Whieh A AREILS EhaCt i Ve
noi se reduction sgstem I’%%EI ves agd fultémt th%gm det on aggngtl to
the speaker in the ht@¥ekief the output signal fron,the, secend, e to
advant ages 30 accor dbagndtehede tpr within i apredeterminedbvadue tokhertevel

:‘Mr10m t_hedf ol  owi ng dtsfaiﬂég’t&?tﬁﬁr EPGhaD of tne :irstidhhaﬁbbﬁbﬂéi ﬁzhrpoﬁ&dgaen't S
ool monal o Como ShPaLouLab e SEEEIE Ml IOF S E i o o
35 output signal of the second microphone 14 to be weighted
PCT/ 1 B96/ 01506 such that when a signal having a similar level is
outputted from the first microphone 12, the amplitude of
10 the difference therebetween is minimized. The value of
the current limiting resistor 208 can be selected
according to minimization criteria. A power terminal 198
is connected to resistors 204 and 206, which are adapted
to divide the voltage received at the input power
15 terminal 198, and to the minus terminal of the op-amp 16.
The output of the op-amp 16 is coupled to capaciters 220,
222 and 226 and resistors 224 and 228 which, in turn, is
connected to a "microphone input® terminal of the
. telephone unit 18. The output from the op-amp 16 is
20 further coupled through a variable resistor 214, a
resistor 216 and a capacitor 218 to ground. Resistors
210, 212 and 216 and variable resistor 214 provide
variable gain, for example, 20 to 1 amplification, to the
output of the op-amp 16. The capacitors 218, 220 and 222
25 are adapted to remove residual DC (direct current) levels
which may-
be present in the output signal from the op-amp 16. The
resistors 224 and 228 and'the'capacitor 226 are adapted
-to function as a low-pass filter having a break point at
+30 a predetermined value which, for example, may be 3.7 kHz.
The telephone unit 18 is further connected to
the telephone lines and is adapted to receive signals
through the microphone input terminal and to supply these
signals to the desired telephone or telephones by way of
35 the telephone lines. The telephone unit 18 is further
adapted to receive signals from another telephone or
telephones by way of the telephone lines and to combine
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DESCRI PTI ON OF THE DRAW NGS Fig. 1 illustrates a tel ephone
havi ng a noi se cancel | ati on apparatus according to an enbodi nent of

t he present invention; 5 Fig. 2 is a block diagram of the
noi se caw&.} l,on apparatus used in the tel ephone of Fi PCTABIC/01506
Fig. 3Ais a front plan view of the receiver portion of the tel ephone
of Fig. 1; Fig. 3Bis a side elevational view of the 10
receiver portion of the telephone of Fig. 1 with the top removed;

Fig. 4 is a schematic diagramof the block 30 diagramof Fig. 2;
Fig. 5 i1s another schematic diagram of the 15 noise cancell ation apparatus
illustrated in Fi gsueh signals with thosegzeceivedthrpugh-the micraphone hoom

mcr gghg_ne devi fce fhpht Zt@BnindlD) s prévibusby opescribel, and ocsugply to

an enbodi nent of t o, '&m 7

schematic di agrarrsgggp‘\%\ﬁlﬁ%#e‘gg&/@gfl %gngesaneﬂce%ein %%Eg' n e?zﬁ ?%lgn B‘Pﬂ‘ee
tRepinal, 233 Pg

operation of the inpuy iig connected through 2 cApPpPRERY (#AQs a

noi se reducti onsapphich uks adapmmndihigckoDChsignmntandq‘aeuehmator 232

Figs. 9A, 9B, 9C, ) s e d r ae€aRO, ' d, headset
enbodi nents of theggrgz%nt Ftélér%/igﬁli ggﬂ;giﬁgg;a A?ngdﬂ%@gc agh?)vm' ng an

enbodi ment ha¥eRistRE 13341t8 & VAT %P 24%phERePOERE. oC
showi ng an overvi eteriingk igthdseiconnected totthe plis derminaledfictheop-

apparatus Figs. 9Dau§F7 animid cutgit'¢rénlthe op-amp 17 is connected
10 through capacitors 242 and 244 and a resistor 246 to the
speaker 22. The output from the op-amp is further
connected through the variable resistor 240, a resistor
238 and a capacitor 236 to ground.
The operation of the telephone 8 shown in Fig.
15 4 will now be described below. '
Upon activating the handset 10, by lifting the
handset 10 from the switch hock (not shown) or the like,
standard telephone line voltage is applied to input
terminals 198, 199, 200 and 201. A signal from the first
20 microphone 12, which has been bias corrected by the
current limiting resistor 202, is supplied through the
resistor 210 to the plus terminal of the op-amp 16. An
output signal from the second microphone 14, which has
been bias corrected by the current limiting resistor 208,
25 is supplied to the minus terminal of the op~amp 16. The
' op-amp 16 subtracts the signal received from the second
microphone 14 from that received from the first
microphone 12 and outputs the resulting subtracted
signal. DC levels which may be present in the ocutput
30 signai are removed and the signal is amplified. ﬁigh
frequency signals, such as those over 3.7 kHz, are then
removed from the amplified ocutput signal and the
resulting signal is supplied to the telephone unit 18.
Thus, a voltage signal is supplied to the telephone unit
35 18 which is proportional to the difference between the
voltgées generated by the first and second microphones 12
and 14, respectively.



30 views of the boom m crophone) and Fig. 9F shows a preferred

enbodi nent of the active noise reduction apparatus utilized in a
headset ; Figs. 10A and 10B are schenmatic diagrans of the

noi se reduction apparatus of Fig. 8; 35 Fig. 11 illustrates a
phase reversi ng vy bR1E790 Fig. 12 illustrates an oppositely ERAABASPIS06
m cr ophone circuit; WO 97/ 25790 .
PCT/ | B96/ 01506 _ 22 _ Fi gs.
13A and 13B illustrate active cancel | ati on curves from enbodi nents of
t he i nvention; Fig 14 is a schewmmtic diagramof a i

di recti onal m cr ophone. 15 is a schenmatic di agram
of a linear array of n1cr6ﬂh8“%%“¥(F*ﬂﬂﬂ@thEFeFEﬁd%F%ﬁHh°ﬂBeun§§elﬂn

expl ai ni ng the oper amhdghofisaa eohbimatcivn of the pighsld receivbavﬂﬂi- o
16B i | lggst t enma
o ot on area t?é bikfo H°ﬂ£ fﬂ 'é@%miﬁg |%§§r anQ&Fh% ﬁeﬁé?

g::g;:g:g: an array 9 supplied to tﬁg t termiXal 231 of the anplifier 17.

. 5 The signal from tbe input terminal 231 is supplied to the
capacitor 230 so as to remove any DC signals which nay be
present. The output from the capacitor 230 is supplieda
through the resistor 232 to the minus terminal of the op-
amp 17. The op-amp 17 buffers the signal from the

10 telephone unit 18 and supplies the received signal plus
the sidetone to op-amp input 231. Such signal may be
selectively amplified, through the use of resistors 232,
234 and 238 and variable resistor 240, by the operator by
use of the switch 40 (Fig. 1). Any DC signals which may

15 be present in the amplified signal are thereafter removed
by the capacitors 242, 244 and 236. The output signal
from the capacitbr 244 is current limited by the resistor
246 and is thereafter supplied to the speaker 22 so as to
be converted thereat into an acoustic signal.

20 Fig. 5 illustrates an alternative arrangement
for processing the signals obtained from the first and
second microphones 12 and 14, respectively, so as to :
provide a current output for supply to the telephone unit
18 which is proportional to the difference of the

25 voltages generated by the first and second microphones.

‘More specifically, the circuit arrangement of
Fig. 5 includes a handset 10’ having a plurality of input
terminals 300, 301, 370 and 390 which are each adapted to
- receive standard available on-line power. The first

30 microphone 12 is coupled through a current limiting
resistor 302 to the input power terminal 300 and is
further coupled to the plus terminal of a subtracting
device 316, which is preferably a CMOS op-amp. The
output from the second microphone 14 is coupled through a

35 variable current limiting resister 308 to the input
terminal 301 and is further coupled to the minus terminal
of the op-amp 316. The signal outputted from the op-amp



the electrical circuit array; ' Figs. 17A and 17B illustrate
bl ock di agramnms of the prior art three term nal m crophone
configuration and 15 a two term nal m crophone configuration of the

pr esent i nvention; Fig. 18 is a schematic diagramof a
sinple two term nal m crophone circuit; Fi $c1AB96/01506

il lustrates aMR¥28M%d enbodi ment of a 20 two terninal mcrophone circuit
used in an active noise cancel | ati on system Fig. 20 is
an alternative enbodi mrent of a two term nal mcrophone circuit used in
an active noise cancel l ati on system 25 32 Fig. 21 is a
schematic diagramof the prior art cl osed | oop active noise reduction
system 316 ibi gupplied thromgbnfdilteningrstages BShdo thepninus

active noise redu¢eriinfYSbea GbutitibRifgeabviBUCISt Which is preferamf! US
23A and 23B il lustrate_a perspect Ve bW 30 _ag% side. view of the
acoustical waveguPd&MBF PREPPusette PRIAF FHRges 350 are adaptedjtor,

a di agram of the pyowideoacpredeternined fyequency X esponse sharactevistic
reduction syst@m such as a signalixbll2bfE| htisarpiedetefifticd todgfigheg] ment
of 35 an active nglsger gdUal! i uciatBa)’ alhoRi 6 116dr3¥E"SEO00s
are shown in Fig. 5 any number of filtering stages may be
utilized. The input power terminal 390 is coupled to
resistors 392 and 394, which are adapted to reduce the
10 signal supplied thereto, and to the plus terminal of the
bp-amp 351. An output signal from the op-amp 351 is
supplied to the base of a transistor 366. The input
power terminal 391 is connected to a Zener diode 360, a
capacitor 362 and a resistor 364 which, in turn, is
15 connected to the collector of the transistor 366 and to
the microphone input terminal of the telephone unit 18.
The emitter of the transistor 366 is coupled through
resistors 367 and 368 to the minus terminal of the op-amp
351 so as to provide a feedback loop thereto. The op-amp
20 351 and the associated components provide electrical
isolation between the filtering stages 350 and the
transistor 366. The transistor 366 is adapted to amplify
the signal supplied to the telephone unit 18.
The output from the telephone unit 18 is
25 coupled to the ihput terminal 231 (Fig. 4) and is
thereafter pfocessed in the manner previously described
with reference to the handset 10 of Fig. 4 so as to
provide an acoustic signal from the speaker 22.
The operation of the telephone 8/ will now be
30 described below. .

: Upon applying power to the handset 10/, by
lifting the handset from the switch hook {(not shown) or
the like, a portion of telephone line voltage is applied
to input terminals 300, 301, 370, 390-and 391. A signal

35 from the first microphone 12, which has been bias
corrected by the current limiting resistor 302, is
supplied to the plus terminal of the op~amp 316. An



2 3 Fig. 26 illustrates another preferred enbodi nent of

an active noise reduction systemof the present invention;

Fig. 27 illustration alternative enbodiment of 5 the active noise
reduction system of the present i nvention including a high pass filter;
and wo 7879928 1S a bl ock diagramof the active noi s®CT/BI6N1506
reducti on and noi se cancellation systemutilized in a headset havi ng
the talk thru, sidetone, and automatic 10 audi o m crophone transm ssion
features. DETAI LED DESCRI PTI ON OF THE PREFERRED EMBODI MENTS
Fig. 1 illustrates a tel ephone 8 which utilizes3s a noi se reduction
apparatus in accordance with an enbodi nent of the present invention. As

shown therein, 15 t heutRReBigRals fyomthe serand microphaneidd, wdhichidhamg a
speaker portion 41 apdem biweictrrettidd © €he Gffrént lidiViegheesisros ok,

"~ which may be coupled;fh . Y, Of | e ne cord 3
Alternatively, the tjé e&%i&f%&?ebg%ﬂ%&%%&éffptgﬁa é’BHSHB &ﬁ‘ Jhe
such, the 20 handsetTa®istor AR d# Prefrrably cphvariabiy chgrept dimiting '
RF waves. The rec8i vessistdr owhith iemabldssthéerbévell(bf thes ontpdtniigmhones

12 and 14, respect | Vel {ifd recdnd dtcropithi cii 4b Y yadish Bg Lol
of a signal supplie to the speaker portion 41, and a ca %ﬂJQa
recessed 25 portioﬁ”ﬂﬁhﬂﬁﬁmggﬁggﬁ°§8Ft nthg level of the °“gPF§.5§§nﬁl of
illustrates the tel cihrfirst milgirophone 12} aip annanmer Aubstantisimy ein,
the handset 10 genergidiar td Ahatdpelibntd1l P HbsBOHMA Fob! BBEQB&?- Logind
14 respectiygl v SHBLAGERG dovl ce J5,) VI Ch b 3,30, Pl eTered
enbodi nent is an opé€ration a%BF ghee 12 : op-amp 316 is
provided though the filtering stages 350, which may
include one or more RC networks or equivalent circuits,
so as to limit-the upper frequency of the output signal
to a predetermined value which, for example, may be 3.7

15 kHz. The output signal from the filtering stages 350 is
supplied to the minus terminal of the op-amp 351 and a
'voltage signal from the input power terminal 390, which
has been divided to a predetermined value such as one
“half thereof, is supplied to the plus terminal of the op-

20 amp 351 which amplifies the corresponding output signal
to the base of the transistor 366. The voltage from the
input power terminal 391 is supplied through the resistor
364 to the collector of the transistor 366. As a result,
an amplified signal is supplied from the handset 10’ to

25 the telephone unit 18 for supply therefrom through the
telephone lines to the desired telephone(s) and for
combining with a received signal from the telephone(s)
for supply to the input terminal 231 in a manner similar

--to that previously described with reference to Fig. 4.

30 The individual circuit components without
reference designations depicted in Figs. 4 and 5 are
connected as shown and will not be discussed further,
since the connections and values are apparent to those

___ skilled in the art and are not necessary for an

35 understanding of the present invention.

Figs. 6A, 6B and 6C illustrate a boom
_microphone 100 which utilizes a noise cancellation



anp"), an anplifier 20, which is preferably an op-anp, and a speaker

22. The first and second m crophones 12 and 14, respectively, op-anp 16
and anplifier 20 are preferably contained within the receiver portion
42 (see 35 Fig. 1). Acoustic signals conposed of speech or
the like and background noi se are supplied to the first m gianpBseRS06
PCT/ | B96/ 01506W@E185P95790 24 12
and converted therein into a corresponding el ectri cal signal which is
thereafter supplied to the plus term nal of the op-anp 16. The
background noise is supplied to t he secogqg m crophone 14 and converted

therein into a 5 corresponding electrical signal which is thereafter
supplied to the ni rappaxartvusndn stcohdange aifhlén ehbodiment of atp pHesent

adapted to subtract tﬂgﬁﬁe ﬁbﬂaaépééifldiri thesﬁﬁﬂﬂqn #ﬂﬁggnané4to

fromthe speech and nois rom,t hé {irst Cro
suppl y t heref rom arfeReTA t éﬂ’"‘?i'ghaﬂm}séﬂge%@ﬁu ﬂgni'ﬂ‘ﬂ%f ly the
speech to the ta#QHJQGUE1U§htf188#Wnndnﬁaﬂ¢nﬂhuispenh¢n&sgﬂtﬂ and 114,

transmtted thergf Bpettdvelyl, hand ca giditiion 189S t ©hé@ housing 174, which
may be constructed from either a plastic-like or metal-
type material, includes a circular portion 108 having a
hole therethrough so as to enable a shaft 106 to be
inserted therein. As a result, the boom microphone 100
10 may rotate about the shaft 106 as illustrated in Fig. 6aA.
' The first and second microphones 112 and 114
are respectively coupled to the circuit board assembly
178 by wires 102 and 104. The circuit board assembly 178
contains circuitry similar to that on the circuit board
15 assembly 78 which, as previously described, processes the
signals from the first and second microphones 12 and 14,
respectively, for supply to the telephone unit 18 and, as
such, in the interest of brevity, will not be further
- described herein, Therefore, the circuit board assenbly
20 178 is adapted to receive a speech and background noise
signal from the first micrcphone 112 and to subtract
therefrom the background noise signal from the second
microphone 114 so as to derive a signal which represents
substantially the speech. Such signal is supplied to a
25 transmitting device (not shown) so as to be converted to
a RF signal and transmitted to a remote receiving device
(not shown). The first and second microphones 112 and
114, respectively, are held in place by a holding member
176 which, for example, may be constructed of a foam-like
30 material. A mesh~like screen 146 which, for example, may
be fabricated from a plastic-type or a metal material or
the like, is attached to the cut away portion 147 so as
to protect the first and second microphones. The mesh
146 has a predetermined thickness which, for example, may
35 be approximately 0.030 or less of an inch.
The first and second microphones 112 and 114,
respectively, which may be electret microphones, are



desired tel ephone or tel ephones. The output signal from t he op-anp 16
Is also conbined in the tel ephone unit 18 15 with a received signal from
t he tel ephone |ines and supplied to the anplifier 20. The op-anps 16
and 17 are ~ preferably relatively | ow power integrated circuits

(1Cs), such as wgupheogntary nmetal oxide senmiconductors ( C\NRGIYIBIG(P1§06
may be constructed fromeither one or nore 20 CMOS | C chi ps. Al t hough not

shown in Fig. 2, anplifier 20 may be selectively set by use of the
switch 40 (Fig. 1) by the operator so as to adjust the anplification of
the received signal to a desired | evel. The anpygfied signal fromthe

anplifier 20 is supplied to the speaker 25 22, whereupon the anplified
signal is converted |dt1:&ngad in amlmiemsimgmai: €0 that ®HEhe pirividusiy

oper at or . Wﬂ]a%héﬁ}-]@%nﬁ%bbuat ﬁi‘éf%%ﬂ&é’é q45 ag.h &Ee W of

receiving portion 42

Fig. 3A. As shown thé'PéPﬂc {¥e1¥ e Of \Fi%?g hapdget:19n %ﬁérralthy fﬁ%ﬂadmda
housi ng 74, a C|rCU|secondbmhcszhnmembny278ndthrui|ar§ nayie&tdoaﬂ

m crophones 12 moﬁeépf&tasv%ynaead h&.&f@ éﬁan‘éhgég t?aﬂ 2]
second n1crophones 1 nd 14, res ect|v§h¥ are b

el ectric microphones 8% weel 4 plane pazallel, ‘bh%§e°oﬁié"'9 Sﬁgéﬁn tive
posi ti oned as her ei nghrface of dhe filkst. mtheemme:rmmsdarecbﬂ:ﬁl ofh

pl ace or secur edgPiedh "erch 2R EpERAEoX) Al Ubtwddn BHABRLE ndB¥aP %o
PCT/ 1 B96/ 01506 the sensitive surface of the second nicrophone and the

10 direction of speech, as shown in Fig. SA. Purther, the
first and second microphones 112 and 114, respectively,
are arranged so as to have an angle @’ therebetween,
which has a preferred value in a range between 30° and
60'. The first and second microphones 112 and 114,

15 respectively, are located in relatively close proximity
to the mesh 146 and the cut away portion 147 of the
housing 174 so as not to receive acoustic sounds which
have been unacceptably distorted.

Although the above embodiments have been

20 described as having only one first microphone 12 (112)
and one second microphone 14 (114), the invention is not
so limited and any number of microphones may be utilized
for the first microphone and/or the second microphone.
For example, a receiver portion 42’ (not shown) may be

25 configured which includes two or more microphones
operating as a first microphone 127 (not shown) and two
or more microphones operating as a second microphone 147
(not shown). 1In this configuration, when using multiple

- microphones for the first and/or secend microphones,

30 respective variable current limiting resistors are
preferably provided for all but one microphone for the
first microphone 12’ and for all microphones for the
second microphone 14‘. Thus, the ocutputs from the first
and second microphones, 12’ and 14/, respectively, would

35 comprise a weighted sum of several such microphone output
voltages. The current limiting resistors are preferably
set to respective values so as to minimize some



WO 97/ 25790 25 constructed of a

foamlike material, which, in turn, is secured to the housing 74. The
respective outputs from the first and second mi crophones 12 and 14 are
supplied t hrough respective wires (nat shown) to the op-anp 16 5
which is contained on the circuit board assenbly 78 whi chpornBodidises, 1S
attached to tWOREEPng 74. As hereinafter nore fully described, the
circuit board 78 may contain additional circuit elenments for

processi ng the signals received fromthe first and second 10

m crophones and for anplifying signals for sugpgly to the speaker 22
(Fig.2). A cover 72 may be utilized which is attached to the housing

74 by use of adhestunstienaheof the |differencht ofnthe\Slystrmpdeesondcal |y

\Qel dgd t1 gget her - mméaﬁso{sggeizﬂ ?axﬁth4h26réggsbﬁ9¥€ﬂyw tghd f&i@hgiaht for
oar asse ol din er n e fir nd secon

m cr ophones 12 and\’!ﬁ e%?ﬂ?a#‘%s‘%%@ 1-0e chifaht f{mﬁfﬂ%r@ﬁﬁsﬁg’: @i ch
may be construct ede@mivelently theseishipgefunction|of rachaicrppbansonat e,
i ncl udes an 5 asouldrbei selaetd actdraifigatposhy oneXH Kribwn gradiunt cal

20 thickness T whi ' qgﬂg 0 the side nenber 43 and arranged so
as to be | ower tha%g?%%hupp é portion of the si de nenber by a m ni num

~ predetermi ned anount such asFige ok idlystratesi acricrophans hooma3fg a
recessed portion 4daving a Ttkrsiomicophbnansfodand aa pddreh miGrbphong 302

blurality of throulituded EiesdXit, Ao FAFLE REoropithd Yed) tHaTudes o
mesh-l i ke port 18n. PTeFSRER ensiive, syaagh, 301 and |khe AeqqRd: Biqropone,.
~portion 46 has a t302kimstudes a sdcond pressOrélSensitive muirfaSanie3: heas
portion 46 shown in Fig. 9a, the first and second microphones 300
and 302 are arranged such that the respective pressure
sensitive surfaces 301 and 303 are substantially 180°
15 apart from each other. The microphones 300 and 302 are
further arranged so as to have a structural baffle 322
between the microphones. Such structural baffle 322 may
be comprised of a structural member adapted to provide an
acoustical separation between the microphones.
20 Alternatively, an acoustical baffling arrangement could
be utilized in place of a structural member.
Furthermore, as shown in Fig. 9A, the first and second
nicrophones 300 and 302, and in particular their
respectiié pressure sensitive surfaces 301 and 303, are
25 located within a distance or dimension b.

The first microphone 300 is adapted to receive
acoustical sound such as speech from a user and to
convert such received acoustical speech into a signal
corresponding to such speech. Such first microphone 300

30 may also receive background noise which may exist. as is
to be appreciated, such background noise is combined with
the speech from the operator and, as such, the signal
provided by the first microphone corresponds to both the
speech from the user and the background noise. On the

35 other hand, the second microphone 302 is arranged within
the microphone bocm 320 so as to receive primarily only
the ﬁackground noise. More specifically, the pressure



30 represents a relatively small anount of the portion 45, reduci ng the

t hi ckness therein does not adversely affect the overall structural
rigidity of the cap 48. Alternatively, the portion 46 nay be
constructed froma stronger material, for exanple, stainless steel or
~such 35 sim| arwggt,ﬁyggl, and conbined with the portion 45. As PCTABP&OISE he
. appreciated, by arranging the portions 45 and 46 Sso as to be recessed
- fromthe upper portion of the side WO 97/ 25790
PCT/ 1 B96/ 01506 26 menber 43, even
when the receiver portion 42 is placed on g7surface, the side nenber
43, and not the portions 45 or 46, contact such surface. As a result,

any loads are not semiiitdvel purface i3 of the percndmisrophener 3p0Reis
The cap 45 15 posi t e Tiobis aERIGEL 20, oh BHGIS B8 i oLy 1800
segoﬁgpnicrophgnes f%“gh 4Pr°ss“¥?ﬁﬁﬁﬁﬁﬁ ngF“ﬁFégerQ%déggﬁal8§Ffﬁe
portion 46 w th the microphope.3pes offvatheyss s previeusly imesitiopedscthe t he
10 underside of tge gyt anatBecond ificriophonescsbot snAcioR have ar Bagtivel y
short distance fromyy, QReLALRA  tNl}eHetween. Such baffle is adapted to
minimize or prevent any speech from the user from being
raceived by the second microphone 302. Furthermore, the
first and second microphones 300 and 302 are preferably
10  arranged within relatively close proximity to each other,
that is, within the distance b. As an example, such
‘distance b may lie within a range of 0.10 to 0.50,
preferably about 0.25 of an inch, or less. Suitable
distance b may be determined by the skilled artisan from
15 this disclosure, without undue experimentation and, the
invention is not necessarily limited to a particular
value for b _ :
Fig. 98 illustrates a microphone boom 330
having first and second microphones 300 and 302 arranged
20 somewhat differently than in the microphone boom 320 of
Fig. 9A. That is, as shdwn in Fig. 9B, the first and
second microphones 300 and 302 are located staggered side
by side relationship to one another. Further, a baffle
332 is provided between the first and second microphones
25 300 and 302 so as to ptbvide acoustic separation of the
speech in a manner similar to that provided by the baffle

322 of Fig. 9A.
Fig. 9C illustrates a boom headset assembly 400

- incorporating the active noise reduction device. Aas

30 shown therein, such headset assembly 400 generally
includes a headband 401, a left case 402 having a left
cover 403 and a left cushion 409, a right case 404 having
a right cover 405 and a right cushion 410, a microphone
boom assembly 413, and a microphone boom 440. Such

35 microphone boom 440 includes first and second microphones
300 and 302 which may be arranged in a manner as
previously described with reference to Figs. 9A and 9B.



speaking into the receiver portion 42 froma di stance of preferably

| ess-than 1 inch, through the portion 46 to the first mcrophone. As a
result, acoustic distortions 15 are m nim zed. The

. arrangenent of the first and second m crophones 12 and 14,

. respectively, W&Q; ;ohe receiver portion 42 is illustrategciripdsiodsos 3A

- and 3B. More 6§Z|fically, as shown in Fig. 3B, the first and second 20 _
m crophones are arranged so as to have an angle O t her ebet ween, whi ch :
preferably has a value in a range between 30[err] and 60[err]. The
first and second m crophones are further respectively arranged so as to
have an angl e [err] and [(90-e) + [err]] B8t ween a pl ane- parallel to
the 25 receiVing Ghrthepsi Eh&ﬁ"mﬁéﬁé;ﬁﬁ%eoiaogheaghéﬁhg‘_H&&M‘Eaes 2 and
the direction of speech fnon1ag qgerator an in g i's normal to the
sensitive surface SWREReRIEEBRYCNE CaRe; 408 A 19¥es MicrRPhANE: 4070 nand

speech, as shown i the £ipst. an®: sepand migropbohesc300 ami)30,canfl Aet ween
the 30 direction gfinaseerna08¢ tFEy.See0RHoWsCERRNAPFandeneHio W the in Fig.
3A. In a preferr daﬁ?ﬁgglgggge }éﬁh gle kerrLths a val ue of less than
appr oxi mat el'y 3§ferr and the.anhgy éﬁP r FPRAY SORRFiAinG 2 §8P8RF nat el v
- 180[err]. As a res@icrophone 459 yrangedhrelative sto the outpuitctoahsdesces n
this manner, the 33eof anat theCicotitiie £21£88ChY6SwipdN édiﬁh%oﬁeﬁbaﬁfr %&&,he
oD ! e BN GhR 0nd Sl prfieaad hibulérc iRl T9b 1 UL
Slo - flow foam, which is used to create an acoustical -

10 waveguide between the speaker and the ear of the user as
will be detailed in Figs. 23A and 23B. The function of
the acoustic filter 470, which partially covers the
sensor microphone 450 is to isolate the pickup microphone
from the output transducer. The pickup microphone 450

15 does not have to be in the same plane as the output
transducer 460, but can be located above, below,
tangential or adjacent to the plane of the output
transducer 460. The portion of the acoustic filter 470
not adjacent to the sensor microphone 450 also acts as an

20 acoustical waveguide 475 located between the output
transducer 460 and the ear of the user. The acoustical
waveguide 475 is where the quiet zone is created as shown
in Fig. 24. The acoustic waveguide 475 couples the user
ear to the output transducer for increased speaker

25 efficiency.- This positioning of the sensor microphone
450 in a plane outside the plane of the speaker allows
for a close distance to the quiet zone for accurate phase
agreement between noise and anti noise signals. 1In
addition, the placement and orientation of the sensor

30 microphone 450 minimizes microphone sensitivity lobe
patterns in the direction of the speaker sound field.
The sensor microphone 450 used in the active noise
reduction apparatus is an omnidirectional microphone,
which is receptional to noise from all angles. This

35 characteristics of the sensor microphone allows
flexibility in the positioning of the microphone with the
earpiece of the headset.
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27 essentially receives only the same background acoustic
noi se which is received by the first m crophone. Al t hough,

as previously nentioned, the angle 0O has a val ue which is preferabl
between 30[err] wod709berr], the 5 first and second m crophorf&'"f?“%ﬁfg
14, respectively, may nevert hel ess operate satisfactorily even if

arranged so as to have an angle 0 which lies outside this range.
However, as the angle O beconmes substantially smaller than 30[err] or
| arger than 60[err], the performance may be 1@89adversely affected. That

I's, when the angle [err] becones substantially smaller than 30[err],
t he second microphone 14 Fige SR cklnatraties gpside view R [4he bodm

noi se. As a I e HealdsettPaBsaMbly o060 Ng AshehewhpPuhefe A £ 1dFe Sasand
m crophone 14 from tho %Eﬁﬂheé'gnéirﬁié *J:%zfd' %E%em&lgy%@,o%c‘ihéﬁg aWnen

portion or all of the’s

the angle 0 is m&nFiﬁF‘FMr‘t}é‘( it’i%?n igopepressing the lasowstdcnoi se
recei ved by the Sseceigmailer ashhereinhftar moreb€ullyi déscribed,! @ridh&hurther

received by the fi r&haihaaepgoa&ﬂ as%%nﬁuyzﬁiieiﬂi-t %ﬁ%ﬁtﬁ%ﬂaﬂl tg;

out put signal of the secon crophoné 14 fromt

the first mi cr 89fo €°!2°\‘@§A4%t°"a gRiPRERE o nqth Showmgr oﬁ'ﬂﬁ- SE
noi se recei ved by ti3lustratesa gidmoriew of the right case addi.ke nanner,

al though the angles [err] andpfg rrdr s@:‘%wshaheaméséﬁééﬁ%% ht! §ESehban

mont1 ohed, t he A0, spensok mr%éc {0, 15EABRER A, Min dadss zedperienor |y
even if arr angemyaugst 0 Ifa\ﬁ'é-‘ﬂl e Ht sensor migraphene dsglocated
However, as the val d@jasént henhangitgfut] erahsaidet c46d MACHBL necessarily in
' the same plane as the transducer. The acoustical
waveguide 475 covers a substantial portion of the
15 speaker, with the microphone 450 outside the quite zone
area created within the waveguide 475.
As previously described, the first and second
microphones 300 and 302 are preferably arranged within a
distance b and are further arranged such that the first
20 nicrophone 300 receives both speech and background noise
while the second microphone receives prima:ily'just the
background noise. Such background noise may originate as
a pressure sound source from a location 304 as
illustrated in Figs. 7A and 7B. That is, as shown
25 therein, such location 304 may be located at a distance r
from a center location between the first and second
microphones 300 and 302 so as to form an angle O
therebetween. As a result, the distance between the
-£irst microphone 300 and the location 304 is
30 approximately equal to the value {r-(b/2)(sin 6)]}, and
the distance between the location 304 and the second
microphone is approximately equal to the value
[r+(b/2) (sin 8)]. _
Fig.-8- illustrates a differential amplifier 500
35 which is adapted to process the signals produced by the
microphones 300 and 302. As shown therein, such -
differential amplifier 500 includes an amplifier 310, an



30 substantially different fromthe respective preferred val ues, the

performance nmay be adversely affected. That I's, when the angle [err]
beconmes substantially |arger than 35 [err], the second m crophone 14
may receive both the speech and background noise. Simlarl when éhe
angle [err] iswo¥nsmebstantially smaller or larger than 180[e?$%”

second m crophone 14 may receive both the speech and background
noise. As a result, in either of these situations, upon
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subtracting the output signal of the second m4é ophone 14 fromthe

out put signal of the f t m_cro ne rtion or_even all of the

speech may be cancé$¥§i{£i 312 Rha"3 %PQ(Fﬁﬁgaiﬁp?%ﬁfatQRﬁ ing the

above- 5 despribedbxhﬂnaa@bhan&haatétstlmi¢tnphdna 80fpbacsupplied ko the

recelver portion 42am§ ie@Sh1bounsensts %ﬁ&cﬁ%hprovi&écﬁéé’&{t r}; 8” s

relatively Iow Furth %u; ng gl\/DaSJp ‘#) agdg wousgﬁ/ es

t he power cons Y ReSPERFIEAL MG SOV ﬁ? =

low. As a result8 t%ﬂ%éﬂﬂ@#lporﬁﬂﬁh eutPufe gignetcdispupplied to one
input of the summing circuit 314. The signal produced by

the second microphone 302 is supplied to the amplifier
312 which is adapted to essentially invert the received
signal and to supply the same to a second input of the

10 summing circuit 314. The summing circuit 314 is adapted
to add the received signals together so as to produce a
summed output signal e, AS is to be appreciated, '
such summed output signal €(our) Yepresents a signal
corresponding to substantially only the speech from the

15 user. .

Figs. 10A and 10B illustrate the differential
‘amplifier 500 of Fig. 8 in more detail. That is, Fig.
10A illustrates a first arrangement of such differential
amplifier 500, and Fig. 10B illustrates a second

20 arrangement of such differential amplifier. Each of
these schematic diagrams will now be more fully
described. .

As shown in Fig. 10A, the signal produced by
the first microphone 300 is supplied to an input terminal

25 600 and is supplied therefrom through a Capacitor Ci and
a resistor R to an inverting input of an operational
amplifier (op~amp) V1A. The signal produced by the
second microphone 302 is supplied to an input terminal
602. Such input terminal 602 is coupled to a

30 potentiometer RA which, in turn, is connected to ground.
The input terminal 602 is further coupled through a
capacitor €2 and resistors Rl and 2R to a non-inverting
input of the op-amp V1A. Such op-amp is adapted to
operate in a differential mode and provides an output

35 signal therefrom to a terminal 606 which, in turn, is
coupled to the inverting input of the op-amp ViA. Such
output from the op-amp ViA is further supplied to a



the standard power available in the handset and, as such, does not

require additional power or transfornmers or the | i ke. Furthernore,

al t hough the receiver portion 42 has been described for assenbly with
the handset 10 of the 15 tel ephone 8, which is a new tel epho”e?&%ﬂﬁ&msos
receiver - powbisas7omr a slight variation thereof, may be used I'n
handsets of existing telephones. That is, inthis latter situation, the
cap and m crophone contained within the handset of an existing

tel ephone are nmerely replaced with 20 the receiver portion 42. Thus, such
use of the receiver portion 42 provides a el atively easy and | ow cost
neans to nodify a handset of an existing tel ephone to include t he

present noi se reduct Pekeniismeteys608 which, in turp, jhag one ead Qonnegted
schemati c di agr am of t&nfroiind.Ci Saght potentigemater 608t e ¢cahphdd thrdughosn

in Figs. 1 and 2 ' e fiL ] |
coupl gd t hrough -a reg‘.’@&?@%%l’h\%ﬁ?%ﬁ ?jsl %%%oct:%h ?%vake%i%%%fsig °p=
current linmiting rest®® 1By Fhe; QuERRt L% such ppzapp ¥1B:ris suppided tpom
the first microphBnethe dbame 3F ai tpansistoar 610.ni The eitter hef fsucht

Lerninal of the op- alrdigi¥ter"Bib 86 LOUPIUN 3 RCELsathaPiéld Uulleh, DuHS
resistor 214. The seb rﬁ%F&Bﬁgﬁg%‘?‘ﬁg a °383ﬁ%€ﬂrt%o"®ﬁ'h%ﬂ‘§bl e
resistor 208, which termigadt 63435 The summed signslae guy:) cis suppliedy from
resistor so as t0 theé Uert@hatherdi asmHd cdl1eutertoff thd e edizidtor 610 is
m crophone, 16 oY +h°0" L0810 613" Unt8n! Nen LIHP, Y WolBeclia to
'~ a power supply (not shown) which supplies a voltage V+ to
the circuit. The terminal 616 is connected to resistors
R3 and R4 which are adapted to provide a DC bias. The
elements not specifically described are connected as
15 illustrated in Fig. 10A.

By utilizing the above-described circuit
illustrated in Fig. 10A, the impedance shown to the first
and second microphones 300 and 302 is symmetrically
balanced so as to minimize differential phase shifts

20 between frequencies. Further, the output signal from
such circuit has a relatively low impedance.

Fig. 10B illustrates a second or alternate
circuit of the differential amplifier 500 of Fig. 8 as
previously described. The circuit of Fig. 10B is adapted

‘285 to receive pawér through a source resistance from a power
supply (not shown). That is, the power for driving the
circuit of Fig. 10B is supplied from a power supply
having a finite output resistance R unlike that supplied
. from a power supply having a zero output resistance (such

30 as that of Fig. 10A). Otherwise, as is to be
appreciated, the circuit illustrated in Fig. 10B is
substantially identical to that of Fig. 10A and as such,
will not be further described herein.

Fig. 11 illustrates a phase reversing circuit

35 which may be utilized in place of the circuits
illustrated in Fig. 10A or Fig. 10B. As illustrated
therein, such circuit 700 generally includes the first



~and a capacitor 21
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op-anp 16. The limting resistor 208 is preferably a vari abl e current
limting resistor which enables the | evel of the output signal from

t he second m crophone to be matched to within a predeterm ned value to
the | evel 5 V\RI9 LopOUt put si gnal of the first mcrophone 12pcThiys®m1506
specifically, the n1t|ng resi stor 208 enabl es the out put signal of .
t he second m crophone 14 to be wei ghted such that when a signal having
asimlar level is outputted fromthe first mcrophone 12, the
anplitude of 10 the difference therebetween és m nimzed. The val ue of
the current limting resistor 208 can be selec according to

m nimzation criterand stdtiéemicophbnbs 1960 and So?z C%&e% gHitRad €si stors

206 21 200 | uhi o RS fufgRl®borant 1befhy! £ i iddaRa" SR8 ¥E1 2Ly tne
The out put of the SFARRRILOES & vbésheareoc@weadta@rgugstratedzm E:rgi aaa
and resistors 224 amacl’2E wheclfirst andnsed¢cnd nicrophonesd3dd a@nd MdZ Al

t" ot | f t t
P forther coug‘ ude o SUERACBEELEL crdhe (HiD M FRY) LhVRIY @f%r D16
P5u ﬁg chEET pay Jbe consideredsapesitive nth)v andabl e

_resistor 214 provi cche soureel affl sughi FET fuay e:eampheidaﬁeaoalng’gﬂﬁfd i on,

to the out put Gind pha8l- BEBweén glh 22,9 51 ar e
¥he

adapted to renove resi DC (direct rrent

present in the out d}% gi gk Mf ?ﬁg°f "‘Ye@#‘éﬁ (?rsPh,!EQ efid

228 and the capi tW'ZZKhQFEGEdﬁMe%Purce has a phase of 0°. As a result,
each of the first and second microphones 300 and 302

includes two terminals, that is, a positive (+) terminal
and a negative (-) terminal. 1In the circuit of Fig. 11,
the positive (+) terminals of the first and second

15 microphones may be the upper terminals thereof, whereas
the negative (-) terminals of such microphones may be the
lower terminals thereof. Further, the magnitude
adjustment potentiometer RA may be adjusted or set during
the initial assembly thereof or alternatively may be

20 adapted so as to be adjustable by an operator of the boom
headset assembly 400 of Fig. 9C. The output signal € (out)
has a value of zero (0) when an acoustical sound having
the same pressure is received by both the first and
second microphones 300 and 302.

25 Fig. 12 illustrates a circuit 800 which may be
utilized in place of the phase reversing circuit 700 of
Fig. 11. 1In the circuit 800, the microphones 300 and 302
are oppositely charged. As a result, when the outputs
thereof are summed together, as when the first and second

30 microphones receive an acoustical sound having the same
pressure, the output signal €out) has a value of
substantially zero (0). The remaining portions of the
circuit 800 are substantially similar to those of the
circuit 700 of Fig. 11 and, as such, will not be further

35 described herein. .

Thus, any of the circuits illustrated in Fig.
10A, 10B, 11 or 12 may be utilized in the present



to function as a lowpass filter having a break point at 30 a

predeterm ned val ue which, for exanple, may be 3.7 kHz. The

t el ephone unit 18 is further connected to t he tel ephone l.ines and is
adapted to receive signals t hrough the m crophone i nput terl;géﬁﬁiwaﬁg‘to
supply these wo988RbS to the desired tel ephone or tel ephones by way of
35 the telephone lines. The telephone unit 18 is further adapted to
recei ve signals from anot her tel ephone or t el ephones by way of the

tel ephone lines and to conbi ne WO 97/ 25790

PCT/ | B96/ 01506 43 30 such signal s

wi th those received through the m crophone i nput termnal, as

previ ously describedinaﬁﬂgienSLuﬁﬂ%P circuiks epablesrlibrationoprocessing

input termnal 231. thebe perfoxidd lofy kheafifst amd eevvsd fdckBpROHEs 300

Lo the mnus ter m nafod 282 %@m%%%ﬁéiﬁﬁﬁﬁﬁ*%mﬁ??g?%%%%?

variabl e resistor 2489k gﬁ,ts may; e ARgiudesd on ”(:(H’F'Mdcgﬁc‘ﬂ#e {r)s

terminal of the op- boardmghiich miye beutipstallednwithiop thep héddset casseniigd

10 through capaci t or §og4gs ANbrRtaitipled 8SbA! Qe 40 Hoari812 11 5REEkRla?2-

The output from the gg-ngLIgbj'JaBQ%%natively, such'pc board may be included
in other locations of the headset assembly 400 orx
alternatively may be located on host equipment which is

10. removed from the headset assembly 400.

Thus, the present invention provides an
assembly and, in particular, a boom headset assembly,
which is adapted to reduce or eliminate background noise.
The inventive apparatus can utilize first and second

15 microphones which act as a dipole, which may be matched
by the manufacturer or by testing after manufacture, and
which have a frequency response which is essentially flat
over the ‘anticipated operating range. Further, such
first and second microphones are preferably arranged such

20 that their respective pressure sensitive surfaces are
arranged at 180 mechanical degrees from each other and
are located in close proximity thereto as previously
described. By so arranging the first and second
microphones, a sound (in particular a background noise)

25 originating from a source which is located at a distance
substantially greater than the distance between the
microphones, enables the sound from such sound source to
be received by both microphones simultaneously. As a

. result, no substantial phase differential therebetween

30 occurs. Furthermore, the present invention enables the
amount of noise cancellation to be adjusted either during
the fabrication of the present boom headset assembly or
alternatively by an operator utilizing such assembly.

The boom microphone, for instance, of Figs. 7A

35 to 13B, can be based upon the principles governing the
directivity patterns of omni-directional microphones in
the near and far fields and the correct placement of the




connected through the variable resistor 240, a resistor 238 and a
capacitor 236 to ground. - The operation of the tel ephone 8

shown in Fig. 15 4 will now be described bel ow." Upon
activating the handset 10, by lifting the handset 10 fromthe switch

hook (not shom%,q}'zs%Fe i ke, standard tel ephone |ine vol t&ABYEG 01506
applied to inpu ermnals 198, 199, 200 and 201. A signal fromthe

first 20 m crophone 12, which has been bias corrected by the current
limting resistor 202, is supplied through the resistor 210 to the plus
term nal of the op-anp 16. An out put signgl fromthe second m crophone
14, which has been bias corrected by the current limting resistor 208,
25 is supplied to twiecrophonetsrpresswrd sehsitiivanpuifaced\c The physieaid

subtracts the si gneaesri eb\feqhgr [Q#%ﬂm?%cggdseen mcl;%. resu f gn}tthat

received fromthe fir i and out puts
subtracted Si grEB dgterpin 'égvﬁ?ﬁ'?’-' Fhe ehrerenpsee @amp&nasbon

signal are renoved cthdhese drawings ssw IthQEdthéilxgit:rophdﬁew%ﬁrﬁl gnal s,
such as those over sankikhive SGPAdY are prBFBYESLS r;szﬂi lglgf 1 €d out put
t e eleg

S Inal a0 e, peEaMhS b Gholil sech BhLh i %%ﬁé‘ht.?

proportional to thoptimpm:seperationef the signacblgqig@ tgerthaatreﬂcby t he
first and second nimicPBPREAE dWd nois¥fidfophétdoid itHY hear field. This

separation is a primary component in the determination of
10 the signal in the S/N ratio. Basically, to achieve

signals in the far field is to add vectorially, at a

desired point, the sound pressures arriving at that point

from all simple sources. A basic element of this

analysis will be what is herein called the Doublet Sound
15 Receiver.

The geometric situation is shown in Figs. 7A
and 7B. It is assumed that the distance r from the two
receiving microphones (300,302) to point A at which the
pressure P originates is large compared with the

20 separation b between the two microphones (300,302). The
spherical sound wave from point A arriving at the
receiving doublet will have traveled at a distance (r-b/2
sin 8) for microphone 300 and at a distance equal to the
value (r+b/2 sin 8) for microphone 302. If r>>b as shown

25 in Figs. 7A_ahd 7B, the distance traveled by the
spherical wave is r, and the output of each receiving
microphone (300,302) is equal. If the summed outputs of
the two microphones (300,302) are zero as in Fig. 8, then
the associated scale factors are equal. If their

30 associated scale factors are not egqual, any phase and
amplitude of pressure can be the ey, as shown in Fig.
8. amplitude adjustment can be cbtained electrically and
is performed, but phase adjustment is not necessarily
possible at all frequencies. The reguirement for phase

35 adjustment is not required because reproducibility is
inherent in the manufacture of the microphones and they
provide outputs of tracking phase with freguency. This
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31 An out put signal fromthe tel ephone unit 18, whi ch
is a conbination of the signals received t hr ough ~the m crophone i nput
term nal and the tel ephone lines, is supplied to the input term nal p
231 of the anpl {4 §instoo 5 The signal fromthe input term nal PETABDISO
supplied to the capacitor 230 so as to renpbve any DC signals V\/m ch may
be ~ present. The output fromthe capacitor 230 is supplied t hr ough
the resistor 232 to the mnus termmnal of the op- anp 17. The op-anp
17 buffers the signal fromthe 10 telephone unj4 18 and supplies the

recei ved signal plus the sidetone to op-anp I nput 231. Such signal may
be sel ectively ajpthéd efs ddvcripedt A8 asSwaghitieds Wndr phase, microﬁ&shand

(Bro D) any Do of ohah8/sichribt ong RIER L Do pagit®Beoinpdss %4%#}!“5-0
are thereafter renpvbicrophgne ﬂfeiB&pEEFFBFE '@R!‘-an@hise nigrophanes

si gnal fromt he eﬂmaché apdble sfcaceeptihg rsdmdidoylnt bertasnh sd{xfections
246 and is thereaf tiS’: B@ﬂe:?p&%é‘étﬁ?néo as to be converted
thereat into an acoustlc 5| n&h 8 igﬁastrat es an

al ternative arrangenent &, RICEeEhones h%“%ﬁ' 3*?5“5 aArethe SHal,of

first and seconda ndashigt seund?sguxice Jand carse @iniday, tecthe theory of
provide a current oujgpdidsdl SuaAPhMaleiéhs ifl@epacinyib, betwediitds |

proportional to the d ffer%q‘ce% _QLfs nglimfbygliéaq?e&ggﬁ_ggrgiﬁg % the fi rst
ci

and second m cropho § cui t
arrangenent of 10 Rayelgngtdisydd) ﬁthMS‘biSWC%a\u kheatwe prigraphases
i nput term nal s gd¥antIAN1y3é6adascs %nattld ciitputaal asppimfld @ will
recei ve standard avaﬁé az@r% %rl hQ@cﬂQ&‘eécalé]efJéﬂ’o?s (magnitude/phase) at
any frequency. In addition, the output at any angle 6
can be electrically scaled and phased for the desired
15 lobe intensity output. If b is not much smaller than r,
the phase relationship between the two microphones to an
incoming sound wave is:

¢=———353‘bf (1)

Where b = spacing between sensor mic and noise mic
20 f = frequency in hz

v = speed of sound in/sec

¢ = phase shift at a specific frequency

As can be seen from equation (1), this phase relationship

25 is the theoretical limit for the crossing of the near and
far fields of the noise canceling microphone. As the
frequency changes at a fixed b, the phase changes, i.e.:
at ¢ = 90°, there may be no cancellation at all. This
phase change, in the absence of acoustic filters can be a

30 governing factor in the bandwidth of the cancellation.

| The embodiment of the invention of Figs. 7A to
13B can be used on the far field pattarn of the
microphones for noise cancellation. The reduction of the
effect of b, is performed by the use of an acoustic

35 design that tends to minimize or reduce to zero,



30 m crophone 12 is coupled through a current limting resistor 302 to

t he i nput power termnal 300 and is further coupled to the plus

term nal of a subtracting device 316, which is preferably a CMOS

op- anp. The output fromthe second m crophone 14 is coupled through a
35 variable current limting resister 308 to the input t er npeIpostd 0@ Nd
is further col¥P&H2¥8%t he mi nus terninal of the op-anmp 316. The signal
outputted fromthe op-anp WO 97/ 25790

PCT/ 1 B96/ 01506 32 316 is supplied
through filtering stages 350 to the m nus agermnal of a subtracting
device 351 which is preferably a CMOS op-anp. The filtering stages 350

are adapted to qimbdenabpreﬂerﬂgmmdahﬂemnc;tsrmmm to reduce
'cbgalr SCE gr Ibzt :at;c)pr ec?:glt egf ic?ctn%hgnﬁk lﬁ er ?% §'s"?ai‘ggt S8l | ar etthsg gncg.
Fig. 5 any nunber &ef tP’FeFP-Prgt ® rﬁff“'&@n ‘BE’lFl e TR S<nBde pover
terminal 390 is coupled to To imsume dtmt3tBeandaBofieldirdspunseadaptrd O
reduce g gi 12\n $ ga%ﬁuagblhed Li@&@ffbala@ﬂrbﬁﬁhfiﬁ&sst%ﬂﬂll{‘ L’Tt {Ee
ggsgméf a trans?gt °ah8 |ﬂgi‘ﬁwep‘%pap%%3?:efe?}r$nﬁ? ﬂwg”ﬁgﬁﬁgcﬂeg to
a Zener di ode 360, aa,lows only voice band frequencies © ,..,=(mic;-mic,)k/ ..
to be present in the output and keep the restrictions on
b and A within practical constraints.
10 _ If the number of elements is increased, and an
array of microphones is implemented as shown in Fig. 15;
the lobe patterns for cancellajzion/reinforcement is the
side lobes (6=90°, 0=270°) and the lobe patterns at 6 =o°
and 6 =180° are increased, the greater the number of
15 elements in the linear array, the sharper the 6 =0° + 8
=180° lobe patterns. Fig. 15 shows the microphones 922
uniformly spaced along the x-axis to facilitate analysis
but spacing need not be uniform. The intermediate pair
of elements M, and M; are spaced apart a distance b, and
20 the outer pair of elements M; and My are spaced apart a
distance d. A sinusoidal wave is created when sound
pressure is applied to the microphones and is incident of
the array of elements or microphones. The direction of
propagation of the wave creates an angle 6 with the x-
25 axis inters_ecting the same at point 918, midway between
elements M,, M;. The amplitude of the wave (not shown) is
a measure of the instantaneous sound amplitude 304 at
that point. The distance d is the linear distance
between a first microphone and nth microphone. These
30 statements are based on similar microphones, and the use
of appropriate electrical filters such that when r is not
much greater than b, the electrical filter allows the
microphone dipole to be mathematically manipulated for
lobe construction. The concept of lobe construction is
35 Xknown to one skilled in the art.
After the array has been utilized to adjust the
receiving lobes to 8 =0° and 8 =180°, the 180° lobe will



capacitor 362 and a resistor 364 which, in turn, is 15 connected to the
col llector of the transistor 366 and to .the m crophone input term nal of
t he tel ephone unit 18. The emitter of the transistor 366 is coupled

t hr ough resistors 367 and 368 to the minus term nal of the ga@ErmsH01506
351 so as to pr woWwes®of eedback | oop thereto. The op-anp 20 351 and the
associ at ed conponents provide el ectrical | sol ati on between the
filtering stages 350 and the transi stor 366. The transistor 366 is
adapted to anplify the signal supplied to ke tel ephone unit 18.

The output fromthe tel ephone unit 18 is 25 coupled to the input term nal
231 (Fig. 4) and is be greatlanfatdenpated e Placing thendinepr cazxnys|ipto a

descri bed Wi th reppieiee d shbbmhandeni. WEalotFradidssd/ s vhere the

provi de an acoustic gsignal_fromt S r - i o 1NE 0perati.on
of the tel ephone & Wﬁe n%%v%@%%gﬁegg‘?ﬁeid%& (‘:')"v"?'/.t.'h the 180 Qfdw%%a"ied
appl yi ng power. to thehysirstly with pp inside sownd; pbsprhing:Pad R85 ke

swi tch hook (not shoptevert the iproluktiom gbrnyostahdingcpaves. | isloteobiage
is applied t o | npibediaide 344, 7Q, - hanal 35
fromthe first m crophone 12%1%}\/%7?1%0&%33&)%%&2‘ %I sgﬁe gg??gg%{édé%%htghe

current |imiting resPiGXAPRANe array primsinalgaxds; ke Fﬁgr?eﬁ#ﬁra%Rﬂaﬁ t he
op-anp 316. An actidiDtdy/ /odcéfiing acoustical signals is at 6=90° and
PCT/ 1 B96/ 01506 8=270°.

10 - It should also be noted that the end
microphones of the array, namely 1 + n of Fig. 16A are
displaced by a linear distance 4 along the axis of the
cylindrical baffle 905, which acts as an acoustic
resistance. Since this distance is large enough, the

15 microphones are independent and causes a further
enhancement of the sound along the 6 =0° axis, which
increases directionality.

Fig. 168 is similar to Fig. 8 in that the
differential amplifier is adapted to process a linear

20 array of signals produced from microphones 900 to the nth
microphéhe to an amplifier 910, with the output inputted
to an summing circuit 914, where the output signal is
transmitted to a final sumning amplifier used in such
circuits as described in Figs. 7A to 13B. The output

25 signal corresponds to substantially only speech from the
user. '

In Figs. 10A and 10B, the circuit is similar to
the circuits utilized in the telephone embodiments above-
described with respect to Figs. 1 to 5. In this circuit

30 UlA is utilized for the subtraction, and U1B is utilized
for output interfacing. 'The phase reversing
circuit is shown in Fig. 11. This circuit will provide
two signals at points A and B 180 degrees out of phase
with identical sound signals in microphones 1 and 2, if

35 the nmicrophones are matched parts (by manufacture). This
output can be adjusted for amplitude matching at a
reference frequency by adjustment of RA in conjunction



33 out put signal fromthe second m crophone 14, which has been
bi as corrected by the current Iimting resistor 308, I's supplied to
the mnus termnal of the op-anp 316. The resistor 308 is preferably
a variably current limting 5 resistor which enabl es the Ieépclt.r Bbe/d1366

out put si gnal wo97257®m t he second m crophone 14 to be matche owmthin a
predeterm ned value to the | evel of the output signal of the first

m crophone 12, in a nmanner substantially simlar to that previously
described for resistor 208. 10 The output difference signal fromthe op-anp
316 is provi ded though the filtering stagég 350, which may I ncl ude

one or nore RC net 244b aéent.mgé rsq inlad: t S03@s t he
upper frequency ofmhe Qu Sut Sil" ¥ a e i thgva)l, whi ch,

n
for exanple, may b&apceled o ‘%Tfé’d'thepﬂ't‘cé’ ﬁ&f‘eﬂib"rﬁ tﬂ?@‘ﬁdl Br the
stages 350 is smtlaptd.ate Mmm tenviroanent héntizmedpravicasiya

\éoltggg tSI gnal frO{nthe Inp%nmﬁs tesH mmalciwu@fq&g. 11P%Snbssnsh
ivided to a predeternin e req sup
to the pluster%dngl" °ﬂ %Hz%lﬂ%%%%%mﬁmﬁ gﬁé‘llf % %Ri
correspondi hg out p@t &hgn§purce of the: internsl FRE Wmnﬁdoﬁitbén the
voltage fromthe njcrephbnBO(Sretdrablitle1ddtres) Soach At 1tausht %ﬁe is

Bl fied ot gnaly fs%s%%%@f%‘?% Engtl o 87 8e5-44s Ylkn, Bha’ thBBE) .1 one
unit 18 for suppl yPFREFEFPoﬁ*!%buQ‘H‘ 1 the outpuprafe s I5-|5n€§°!ﬂothﬁe0§etnred
t el ephone(s) anw stlf the ﬁnﬁbrmngam idontainedi within Glactret mibLophone

tel ephone(s) a® 488! bubfd s 104 g&a&wg&ﬁ%ﬁ% %fn&aaeaeafag%ar

to that previousl y escrl be er enci
i ndi vi dual circuit "é&ﬁpﬁﬁén%gp‘ﬁ' tﬂ?&is“re s gPEFenc e SheFe tYRsTaEpTiedd
in Figs. 4 and 5 asdgnals are summed together in a voltage wmode, the output

is zero if the amplitude is adjusted by potentiometer RA
15 at a reference frequency and the magnitude response is
flat across the frequency spectrum.
' In the circuit in Fig. 12, the oppositely
" charged microphones provide two signals at A and B 180
degrees out of phase with identical sound signals at
20 microphones 1 and 2. This phase reversal is accomplished
by virtue of opposite charging during manufacture of the
electret microphone condenser plates.
All of the other characteristics are as
previously stated for the phase reversing circuit.
25 circuits of the type found in Figs. 11 and 12 provide for
- electrical subtraction without the need for using an op

amp.

In addition, the boom microphone/system of the

invention is optimally defined by the location of the

30 microphone’s pressure surfaces, preferably 180 degrees in
the case of the boor microphone, but cancellation will
occur because of the subtraction type system defined in
Figs. 10A-12 at all angles. In fact, when the microphone
pressure surfaces are at 0 with respect to each other,

35 total cancellation could be thecoretically obtained but no

| audiq signal would be transmitted. The system of the

present invention can rely on the directivity patterns of



connected as shown and will not be discussed further, since the
connections and val ues are apparent to those . skilled in the art and are
not necessary for an 35 understanding of the present invention.

Figs. 6A, 6B and 6C illustrate a boom m crophone 100 whi ch utpd1/1B96/015806
noi se cancel | at i@ 97/25790 WO 97/ 25790

PCT/ 1 B96/ 01506 ' 34 apparatus in
accordance with an enbodi nent of the present i nvention. More
specifically, the boom m crophone 100 gene @le i ncl udes a housi ng
174, a circuit board assenbly 178, first and second m crophones 112

and %14 t5 retSpSC]E't‘ﬁ@iﬁa ; éné)él)riq[ %eﬁﬁ&arTﬂﬁdmlmﬁyg otlefiation
may be constructed fr er ast | c
i n>CII udes a circul ar gﬁﬁs# 15’533 %feé'“h&%eh%%n?% 'et%do&z%p éesﬁti%*a{

enabl e a shaft 106 t@rpgess of isuhtmacgtionerein. As a result, the boom
m crophone 100 10 may rot atenmwwitﬁlsbairbuiﬁé Bsat |dais beued1iBedi for

oo gﬁﬁ*ﬁe Clr CUIf oar d miﬁr QQ efoﬁ']],% and 114 102

respectlvely coupled 178 wires 102 and

104. The circuit board assenblhe hpon mi&ﬁ'ﬁ?ﬁ?ﬂ% Qﬂ?‘ﬁﬁq I‘KP‘@H‘H PErthe t hat
on the circuit boardihVentiaents yg./Figs.cIA-23BDrean Qrovidie fori bosiputer

processes the voice recognition. The boom microphone headset provides
superior rejection of unwanted background noise and
10 excellent voice response. The boom microphone headset
can be configured to be compatible with all Sound
Blaster audio cards. All other audio card interfaces
are also easily accommodated.

The inventive boom microphone headset (e.q.,

15 Figs. 7A-13B) coupled with the latest in high quality
voice recognition software advances computer control with
Voice to a reliability and user friendliness level equal
to the keyboard and mouse. With the present invention,
voice recognition is no longer confined to quiet closed

20 door offices, but can be used in real-world noisy

' environments such as hotel lobbies, hospital emergency
rooms, manufacturing facilities and noisy office areas.
Thus, the boom microphone headset can interface with
computers, telephones or other equipment in the real

25 world or, the boom microphone (without headset) can be
employed in various voice recognition applications.

The inventive baom micrdphone headset is
designed to be sensitive to distance from the sound

. source. Arbitrary sound fields which emanate from more

30 than a few inches away from the microphone are
substantially canceled by up to 30dB (3200%).

The inventive boom microphone headset
preferably is connected to 3 meter cable which terminates
in a 3.5 mm miniature plug (not shown). To connect it to

35 the sound card, the user simply inserts the miniature
plug into the Microphone input jack of the sound card
(not shown). The inventive boom microphone headset then



signals fromthe first and second m crophones 12 and 14, respectively,

for supply to the tel ephone unit 18 and, as such, in the interest of
brevity, will not be further descri bed herein. Therefore, the circuit
board assenbly 20 178 is adapted to receive a speech and bac Hﬂﬁngﬁlse
signal fromt meO9125890 ni cr ophone 112 and to subtract there rom
background noi se signal fromthe second m crophone 114 so as to derive
a signal which represents substantially the speech. Such signal is
supplied to a 25 transmtting device (not shown) so as to be converted to
a RF signal and transnitted to a remote recei ng devi ce (not shown).

The first and seco raophone d S are_held in
pl ace by-a hol di ngrijﬁelﬁ%cga o %&Sﬁsﬂl frgre éé %’g Sfﬁéléﬁ?g"l&oﬁgfrﬁg?ed of
a foamlike 30 rmtfeatares konhelp |posdtioncthe mierqnhqne imo thex prpper nay
be fabricated fromgbditiohi €okypeliibke RRiide Feboghitien: (1)t Eajhskemés

S ophancs ol B9 O e Mg MPPRC M o T 0,
for exanple, nayp 3RdIMStaplLok1MhROP.0. T3¢ Bicrephone %%Fﬂd °f the
- The first and secomdemﬁbnepboanspﬁéﬁknuhiylhAs a white e iothelky colbi<stodey
EET?:ESE;SESSECQEPEQ?E Eﬁting the voice-side of the microphone which
sh ould be adjusted to directly face the mouth. Proper
close talking into the invention is helpful for accurate
10 operation. Preferably the distance from the mouth to the
microphone should be in the range of about 1/4 to about
3/4, preferably about 1/2 inch or less.

As to use with the Sound Blaster , it is

important to disable Automatic Gain Control (AGC) on the

15 sound card before using the present invention in noise
canceling applications. If AGC is ON, it will defeat the
noise cancellation properties of the microphone by
automatically turning up the input audio volume when the
user is not speaking. The AGC can be disabled on Sound

20 Blaster cards by running Creative Mixer and clicking on
the AGC software control under "Recording Settings ...".
The input audio gain is easily tailored to the target
application using the Creative Mixer™ program. Testing
of the inventive microphone headset can easily be

25 performed by using the record and playback features of
the Creative Labs Wave Studio™ program.

Figs. 13A and 13B are active noise cancellation
curves of the boom microphone in a headset embodiment
with Fig. 13A, top line, representing near field response

30 and Fig. 13A, bottom line, representing far field
response. In Fig. 13B, the top line represents the close
talking response and the botteom line represents the
background noise response. Typical specifications for an
embodiment of the inventive boom microphone headset

35 include:



35 arranged in a manner simlar to that of the previously
described first and second m crophones 12 and 14, respectively, of the
handset 10. That is, the first and second m crophones 112 and 114, are
respectively 5 positioned so as to have an angle [err]' and p¢ifBopersed ' )
+ [err] beWRBASWOp| ane parallel to the receiving or sensitive
surface of the first m crophone and the direction of speech from an
operator, and between an axis normal to the sensitive surface of the
second m crophone and the 10 direction of spagch, as shown in Fig. 5A
Furt her, the first and second m crophones 112 and 114, respectively,
are arranged so as to have an angl rieguehcytRespgbet we@0, Hz to »biklz has a
preferred value in a range bet weenOd@putr Impedance: 6w Inpedancei rst and
second microphones 112 and 114, 15 respectively, are (Copabdg of duiwingel y
close proximty B60tohmyesh 146 ang -ih cut away paptign 147, 0f the
FLVitY)

housing 174 so as®not to receive ab8HE hds whi cg % %r&e
unacceptably distort gg Al t hough the ab \9edgngo%iv Tge HRZ

been 20 described as havi ng only operhting verdayeioneviee(ide) and one
second microphone 14 (114), the incagkead: S not 201l Al {powe s y _
nunber of m crophoneSvyay be utilized for the first m crophone and/ or
t he second mi crophone. For exaf@petricabd®iier pobPi 6B n ) shown)

may be 25 configured which incl ud¥ei mC%vc%mr fo %g 13Bgperati ng
as a first m'crophongh}gidépot sho §ﬁn or | P'e'ﬁ E?Bbwgﬁes
operating as a aggon mcrophone liength 6£Gar¥edVn) . 3bbot & S50 mm
configuration, en using nultipl eprug MypéHLphones fop.Ehamf se&kemnd/ or
second m crophones, Afniatameacti ve variable current limting resistors are
preferably provided for all but one mcrophone for thwale fijrst mcrophone
12' and for all nicrophones for thWeightsecond ni cropA6nem1fwithonk cakie)

2 .
~outputs from the Pirst Using interpretation of speech intelligibility
" AI and ANSI S3.5-1969, a boom microphone headset of the
invention and a standard (prior art) dynamic noise
canceling microphone were tested and the results were as
25 follows: :



and second m crophones, 12' and 14', respectively, would 35 conprise a

wei ghted sum of several such.m crophone out put vol t ages. The current
limting resistors are preferably set to respective values so as to

m ni m ze sone p
PCT/ | B96/ 0150437025790 PCREEI6/0150
functional of the difference of the first and second m cr ophones 12
and 14" respectively. The criterion for sel ecting the val ues of the
current limting resistor or equi val ently the wei ghing function of
each m crophone 5 could be selected scording to any well known gradi ent
search al gorithm Fi g. 9A |IIustrates a m crophone boom 320

having a first mcrophondrRGEULARI arranged

t herein. Theg 1 g o godaoiaa.SEET LS z__““ﬂ__ﬂ,_m",_;wd
surface 3014 g bagavacense (rsymhqas) hEC! UGCS (S ELAhdNd (a) ¢
sensitive s EZ&Q& AS (Ez: | [HNPRAFPR]) FI-ra&zcrthsnflrsWafﬁEESﬂnond
m cr ophonesf 300 and 302 are arranged k@ohreabted) he Irespective pressyre
sensitiv ! b o3 b?nb&q&BO[eff]q.&{&;éﬂﬁ”t Trom
each ot'her. ASACAN32lvaaEeie
24 0.0012 0.0288
22 0.0012 0. 0264
20.5 0.0016 0.0328
17.5 0.0016 0.028 .
10 16 0.0023 0.0368 Cf
; 15 0.0023 0.0345
1000 12 0.0028 0.0336
1250 15 . }o.0035 0.0525 ;
1600 9.5 0.0043 0.04085 ?
15 § 2000 9 0.0044 0.0396 2
2500 5 0.0039 - 0.0195 l
3150 1 ' 0.0039 0.0039




further arranged so as to have a structural baffle 322 bet ween t he

m cr-ophones. Such structural baffle 322 may be conprised of a
structural nenber adapted to provide an acoustical separation between
the m crophones. 20 Alternatively, an acoustical baffling arrapgniEsebises
coul d be ut woY:@87%0n pl ace of a streggtural nenber. Furt hernore, as
showmn in Fig. 9A the first and second m cr ophones 300 and 302, and in
particular their respect i veARTECULAZION: IDBXee surfaces 301 and 303,
are 25 located within a d.grmnmﬁsnamxw Wc The first
m crophone 300 is adapted BESLPE& 2ol 2 BHONBuNnd such as speech
froma useg and to convert such recelved acoustlcal speech into a
si gnal ;
al so recelve ek pctiave Banae ¥ | nnm exi $Weight i s Antbeulation (1)
appr eci at ed, jsCettdm@rggourfBzho EWPRFRRINDI hFackbrh (BW t hdeighe W) rom t e
operator andj_as such, fhe sig provi g€ersecktad) i rlst 1 crophone
corresponds fogpth the spgesk, g rom t hel yseposgd t he acggwﬂynd noi se
Onthe-35 o : . L@ DA A" o + e
m cr ophone b 2 ye nrinn; oyoﬂﬁ?y 8-82k&ar ound
noi se. Myg¢ dpepfically, the gressure g.00¥® 97/ 25?9@.0144 |
PCT/ | B96/ 015¢®
400 11 0.0016 - { 0.0176 |
500 5.5 0.0016 0.0088 |
l 630 3 0.0023 0.0069 |
800 0 0.0023 0 I
15§ 1000 4 0.0028 0.0112 ﬂ
Hizso 3.5 0.0035 0.01225 N
1600 5 0.0043 0.0215 u
2000 2.2 0.0044 0.00968
2500 3 0.0039 0.0117
20 3150 2. 0.0039 0.0078

Interpretation of speech intelligibility using
AI and ANSI S3.5-1969 shows an accuracy level of 93% for
the present invention versus an accuracy level of only
25 45% for the Standard Dynamic Noise Canceling Microphone.
A comparison of this data reflects a reduction in error
ratico of approximately 8:1 by the present invention
(i.e., AI 45% std Dynamic Mic, Noise Canceling AI 83% by
present invention). Furthermore, additional AI is
30 expected when constants are corrected to be active down
-to 50 cycles and below. Literal evaluation of the Al
calculation states that for every 100 words spoken, the
present invention will commit 7 errors, and Standard
Dynamic Microphones will commit 55 errors. All data and
35 calculations were collected and performed at Andrea
Electronics Corporation. Both microphone systems were



37 sensitive surface 303 of the second m crophone 302 is

preferably arranged at an angle of substantially 180[err] fromthe
pressure sensitive surface 301 of the first m crophone. 300. Further,
as previously nentioned, the 5 first and second m crophones 300 and 302
have a baffle woor2888 arranged therebetween. Such baffle is FIHBEHO
mnimze or prevent any speech fromthe user from being recei ved by

t he second m crophone 302. Furthernore, the first and second

m crophones 300 and 302 are preferably 10 arranged within relatively cl ose
proximty to each other, that is, within she distance b. As an exanpl e,
such distance b may lie within a range of 0.10 to 0.50, preferably
about 0.25 of an irtestesd atcdndreni Elestronics)iCorpprationynder dbiecsameed
by the skilled artisewaftionsld this disclosure, wthout undue

particutar - value for b PiYCRiAbhd 30 bIgERCR IRk AN dA B Wk aRt
boom 330 havi nAmp¥ifiier, pleg 3 MicRRRANG 1084 shaving Huee texméndl20
somewhat di ffer esit |gisceit iconthguratiampfore dutput8fig adignals-icy: pSaerThat
are located st agger b, diuth| Frod Frangars CAOLLAE AR Uska'th AHY °0°
Further, a baffle tyPe®f PécﬁPB%?%(f’%eﬁh?‘ﬁB {peiydes, an; appldfier
m crophones 25 300 x004 iRAhnected inm telephdneaheadset methreailiike.of Thée
speech in a manner s§iydd dern®nhl tokf Hirdtdoh chbiifrisidd & powei'zgnﬁﬁtlzi g.
9A. - . "EFlag. .9c |b.b§§trat es%a beoom:t:hegldgéa;_%’g‘sasjgﬁ&l}a}(_P 0
i ncorporating tHe a‘ﬁ%’\%‘a&o t BIB9S QPR «t ABRePn, such
headset assenbly 4@rayndeferminal 1007 udasan pEfoptrkd saeduce fthet case 402
having a |eft EeR1i¢d8yase @ sBfialc yrocessiRg. carduid)l thass14ek having
a right cover 405 #d 2.0 88! pEYSNY A shins & HLCESHI plus amplifier
configuration of the present invention having a two

15 terminal microphone. Terminal 1005 is adapted to receive
the power input 1001, which is a DC signal received from
a power supply, thru a resistor 1006 and transmits the
audio output, an AC signal, on the same terminal, namely
1005, while terminal 1003 is grounded. Thus, at terminal

20 1005 the DC power is supplied for the active noise
cancellation system described herein, and the audio
signal generated by the microphone 1004 are concurrent.
This point 1015 is the collector of transistor 1050 shown
in Fig. 18. ,

25 Fig. 18 illustrates the basic circuit for
processing signals obtained from the first and second
microphones 12 and 14, respectively, so as to provide an
audio signal output 1015 generated by the microphone
signals 1060 outputted from the operational amplifier

30 1070, and a DC power inputted at terminal 1020 thru a
resistor 1005, which signal and power being concurrent on
the same terminal. That is, the audio signal is
outputted and DC power is being supplied on the same
terminal 1015. A method to separate the DC and AC at~

35 point 1035 is desired, which is preferably the resistor
1030 coupled with the capacitor 1040. The DC obtained at
point 1035 is used to power the operational amplifier




boom assenbly 413, and a m crophone boom 440. Such 35 m crophone boom 440
I ncl udes first and second m crophones 300 and 302 which may be arranged
. in a manner as previ ously described with reference to Figs. 9A and 9B.

. WD 97/ 25790 PCT/ 1 B96/ 0150
+ 38 Fur t her , waveirsmoocr ophone boom assenbly 440 includes an @CTGB%gPﬂm
m cr ophone case 406, a | ower m crophone 407, and the first and second
m crophones 300 and 302, and a wi ndsock 408. Fig. 9C shows the
arrangenment of the 5 active noise reduction apparatus conprising a sensor
m crophone 450 arranged relative to the output $Sansducer 460 and the

ti.c filter 470 | can a_fgam_pad or, the like.. The
S(r:g]l‘JZrlrgd acoustic f%ﬁ] al?ﬂﬁgi Fﬁeghe mi%rtgighqqe&vlpggm aﬂﬁi?f‘? itermimal; gt
create an acoustical painkaioIS ds_ beedcem qutpuipddiecaudid shgnaky it fpodnt
user as Wil be dejsd, kel BuBEESsighdl A t3dRemiteehUpsdh %@fcollefg.gf

. : : . . one
"sto | solate the pi g HRREERERE 100y A Hhe ag: BiBRa SR nAFatag, fron
pi ckup’ mi cr ophone M53-hes DfoEdgRal buresister | (R): RO30ancupled ovith the
out put t ransducercapaditbet (Cpnideo) omiied relsdseorbebipled withagaanti al
or adjacent to the plapa-qkorNereitddla 1ow pass filter that provides the Ac

(audio) and DC (Power Separation), which filters the AC
from the DC. The AC and DC signals at point 1015 are

10 separated at point 1035 where only the DC is allowed to
exists because of the filtering action of resistor 1030
plus capacitor 1040 arrangement. The audio output at
point 1015 is generated by the AC signals of the
microphones 1060. This separation is the preferred means

15 for operation of the present invention due to the
microphone subtraction that is regquired. At 1015, the AC
signal from the input and the DC power are transmitted to
the resistor 1030. The AC signal is then filtered out by
the resistor 1030 coupled with the capacitor 1040, and

20 the DC is used to power the circuit 1070. The audio
signal, which is an AC signal is transmitted as an output
signal at 101s. ' :
- Fig. 19 illustrates a different embodiment of
the two wire microphones where the power supply 2020 is

25 inputted through resistor 2005 and the DC signal
generated is transmitted on the same wire lead 2015.
Therefore, the audio AC signal outputted by the collector
of the transistor 2050 is superimposed on the dc signal
at the same terminal at point 2015, the combination

30 signal being supplied to resistor 2030. The AC component
is then filtered out by the resistor 2030 coupled with
the capacitor circuit 2040, with the remaining DC signal
used to power the circuitry designated by 2055 including
the operational amplifier 2070. The audio output signal

35 transmitted at 2015 is generated by AC signals outputted
by the two microphones 2060, and the signal is processed
through the circuitry 2055 and the operational amplifier



transducer 460. The portion of the acoustic filter 470 not adjacent to
t he -sensor m crophone 450 al so acts as an 20 acoustical wavegui de 475

| ocat ed between the out put transducer 460 and the ear of the user. The
acousti cal wavegui de 475 is where the quiet zone is created as shown
in Fig. 24. Thgoaeeswbi ¢ wavegui de 475 coupl es the user e RCHIPH/PiS06
out put transducer for increased speaker 25 efficiency.. This positioning of :
t he sensor m crophone 450 in a plane outside the plane of the speaker
al | ows for a close distance to the quiet zone for accurate phase
agreenent between noi se and anti noise signaI555In addition, the

pl acenent and orlentatlon or 30 nlcr hone 4 nim ze

ni crophone sensitivie®f HE;' ‘b‘?ﬁ S*Tﬂ"q:iﬂgt L P%‘Eﬁ’? %‘%&‘Pﬁ@ §b§hk%¢ in
sound fi el d. Thethenant,nandomﬂtputhﬂﬂ)a&sthelsamémtenmﬁnai ati peint
reduction apparat us jig§gan emr‘a%&mwahe%gﬁemo‘sﬁwuw E:Qz'?s impler
receptional to n0|s%hFrog+ f. é%ﬁ hi,s 35, charact eri cwi 0 sensor
m crophone al | ows Pe&PBi PY Vg e Wixe PigroRRPNRS t‘ﬁ§ Er¥phone with
t he ear pi ece &f tnwvoluvingcan input terpdngl; 2¥obkpge output terminal, and
PCT/ 1 B96/ 01506 a;ound terminal as shown in Fig. OfA. This two-wire Fig.

9D illustrates a si BSME&Q éi¥5J¥¥¥? is utilized in any of the circuitry
described in Figs. 4-5, 10-12, where the signal is
generated by at least two microphones. In addition, the
10 two wire microphone circuitry is also utilized in the
far-field directional microphones shown in Figs. 14-16.

Fig. 20 is an alternative embodiment of Fig. 19
employing a two-wire microphone circuitry, having the
auwdio signal output and power input transmitted at the

15 same lead terminal 3015. The AC signal generated by the
collector of the transistor 3050 is outputted at same
lead terminal 3015 as the DC power signal, which is
generated by the power supply 3020 fed through the
resistor 3005. Therefore, the AC signal is superimposed

20 on the input DC signal at 3015, which combined (AC plus
DC) signal is transmitted to resistor 3030. It is here
that the AC component of the combined AC plus DC signal
is filtered out by capacitor circuit 3040 coupled with
the resistor 3030, with the DC signal remaining used to

25 drive the remaining circuitry 3055 and the opefational
amplifier 3070, the understanding of this circuitry 3055
is apparent to those skilled in the art. The AC audio
signal outputted by the microphone circuitry 3055 and
3070 is transmitted at the same terminal at point 3015 as

30 the DC supplied for the active noise cancellation system
described herein.

The individual circuit component without
reference designations in Figs. 19 and 20 are connected
as shown and will not be discussed further, since the

35 connections and values are apparent to those skilled in
the art and not necessary for an understanding of the
present invention.



headset assenbly 400. As shown therein, the left case 402 includes a

circuit card assenbly 412, which may contain circuitry utilized in .
processing the acoustic 5 signals as hereinafter nore fully described, and
further i ncludes a cable assenbly 411 for supplying si gnal ?CII'RB%IOISM
and from out si dev@s7#s78t equi pnent (not shown). Fig. 9E ustrates a
side view of the right case 404. Fig. 9F shows an alternative
enbodi ment of the 10 sensor m crophone 450 |ocation in the noise reduction
apparatus. In Fig. 9F the sensor m crophone is Igcat ed adj acent the

out put transducer 460 but not necessarily in t he sane pl ane as t he

transducer. The acousti cal PRV esyl ff1eitiat@LC thelctbded AV syditidn ON

of the 15 speaker, th t he r ong. 450 ut5|d t he
created within the wa¥® 2RES"Eha 2ot Fe’ﬁ?‘g\ﬁ%?%’ﬂe%ﬁrﬁh@e&ﬁ“

the first and second art. m'me)maﬁeaimoemmisr‘e preferably arranged
within a di stance b and are further arranged such that the first 20

m crophone 300 receives both speech apds N Wiile the
second i crophone receives primrily just k%L %ét‘:ﬂ@r@nd noi se. Such
background noi se may origi nate as a pressure sound source froma

| ocati on 304 as illustrated in Figs. 7A and 7B. That is, as shown 25
therein, such | ocation 304 may be | ocated at a distance r froma center
| ocation between tHe first and second m crophones 300 and 302 so as to
forman angle [err] whexehyt dhaepcesents the aydits seundpressurepcidenthac

~first mcrophone 300 amim ignaaat Hpris3Ghe RigH pagpreiatei.cly egusheto the
val ue [1-(D/2) (11 | Spdader 3ena nédiedh s agetnstme%ﬂe? i

and the second one |s aﬁ)r oxI nat.el y equal

[r+(b/2)(sin [err] )] °°" rol and FrRe ime, 3t khesPickir Mdcx
anplifier 500 35 1M|wmoﬁamgeﬂenb 121 dss zeire atgting Q,ptpnkam;xtebputbat
m crophones 300 and 3f2g0 Hitatiae\Of!tifd Ydby Jd4the transmission gain (1 +
BH;H,). In order that the desired S audio signal 1220
which is inputted as an electrical signal is not
canceled, two summing nodes (1230, 1240} are added. The
15 audic signal 1220 is inputted into two summing nodes
(1230, 1240) to create the signal transmitted to the user
ear. The first summing node 1230 adds the negative
feedback signal to the desired input audio signal.
However, the signal feedback from the microphone contains
20 the desired audio signal as well as the ambient noise
signal, the noise signal being the desired signal to be
canceled. The feedback signal is subtracted from the
desired input audio signal 1220 to create the anti-noise
signal 1250, with no audio signal contained. A second
25 sumning snode 1240 adds the audio signal 1220 into the.
loop to transmit to the speaker.

Fig. 22 relates to the active noise reduction
system of the present invention, which is governed by the
following equation P= AH; - (N4D)BH;H,+N;. In the

30 eqguation, P represents the sound pressure 1330, A
represents the standard audio transmission 1340; H, et
represents the speaker at the headset 1370; N is the
noise at the pickup microphone 1315; D represents the
very low frequency disturbance 1320; B is the variable



differential anplifier 500 includes an anplifier 310, an WO

97/ 25790 PCT/ | B96/ 01506

40 anplifier 312 and a sutming circuit 314. The signal pr oduced
by the first mcrophone 300 is supplied to the anplifier 310 which is
adapted to praypdesgssentially a unity gain to such si gnaPCHHPSRINE de
the sane as an 5 out put signal. Such output signal is supplied to one

i nput of the summing circuit 314. The signal produced by t he second

m crophone 302 is supplied to the anplifier 312 which is adapted to
essentially invert the received sighal amBto supply the sane to a

second input of the 10 sunmng circuit 314. The summing circuit 314 is
adapt ed to add gsdn/phede, cantrghles enHeakihrationspes p3BALIH a
surmed out put si gnategrideints Ahei Eigh PesapM Ber1s80 and Bycis LHEdise

oni 't he Specch 1 ARG HEYRY Gulet' S8R at tifd'daz” 83" hR0uige " Bl ' 41
illustrate the diffastéifg foise rgduetion sypkem is-icompgisnd 19f anapen |

That is, Fig. 5 Nbep Idirstuist havingithe foklowjingecompbnent: didrd eivaily al

anplifier 500, and djqha1lQB4bl;! #SLembSs Mickptithe 1310 able to detect and
cancel noise 1315; a output transducer 1370 located near
the user’s ear; a variable gain/phase controller 1350 to
adjust the amplitude of the anti-noise 1315; a summing

10 node 1360 to sum the anti-noise signal and audio signal
1340; a high pass filter 1380 to prevent mechanical
vibration induced freguency disturbance components 1320
from reaching the_output'transducer. The system detects
ambient noise 1315 by the sensor or pickup microphone

15 and applies electroacoustical processing to produce an
acoustical signal for canceling ocut the ambient noise.
This system may be used to cancel all noise, so as to
obtain a signal representing speech, which is the desired
signal to be heard through the ear of the user.

20 The active noise reduction system in Fig. 22
cancels noise at a specific peoint in space by sensing
that noise 1315 with a sensor microphone 1310 and
producing an anti-noise signal which is of the same
magnitude but 180° out of phase with the input noise N,

25 signal 1315. By adjusting the variable gain/phase
controller 1350 to create an anti-noise signal of the
same magnitude, but 180 degrees out of phase with the
noise signal 1315, and summing the inputted audio signal
1300 and anti-noise signal at one summing node 1360 to

- 30 yield an anti-noise plus audio signal, the ambient noise
is attenuated without the input audio 1300 being degraded
by mechanical or vibration induced microphone signals.

The variable gain/phase controller or
calibration pot 1350 0of the present inventicn remotely

35 tunes or balances the sensor microphone to the output
speaker in the headset or any other communication
apparatus having an earphone with a microphone means to



20 arrangenent of such differential anplifier. Each of t hese schematic
diagrans will now be nore fully descri bed. As shown in
Fig. 10A , the signal produced by the first m crophone 300 is supplied
to an input termnal 25 600 and i-s supplied therefromthrough gcfiagpsnisoer
Cl and a rWO¥STOR to an inverting input of an operational

anplifier (op-anp) V1A The signal produced by the second m crophone
302 is supplied to an input term nal 602. Such input termnal 602 is
coupled to a 30 potentioneter RA which, in turn, is connected to ground.
The input termnal 602 is further coupled throuﬁ% a capacitor C2 and

resistors RL and 2R tQ_a_non-iny ' Lnput t he - V1A. Such
op-anp i s adapted tottransgggr%&é&{%iggﬁ&ef fBPE Fa?%u"e"n%(ﬁg?ﬁv?ﬁes an
output 35 signal thecelibratéon pet halancescthai gainiand phase of thecoupl ed
to the inverting i np¢reghehby Péspifise/lof theChoise Sigmill detestédcefdn ¥Ha

VIA is further suppl| OLL2 .
PCT/ | B96/ 01506 biQxLB ﬂicrophone 14%0 Z@ ﬁZ@Qn Eﬁ? gain 58?@%??%ﬁm§§ﬂth°-
608 which, in turf, ReisB EOERONN:, Rignad at a predetermined ppint in space.

potentioneter 608 isThisppeiinthimspace is incpupkimity tweoutput Eramsducer
non-inverting input 9hcgfe®Pin the earphone of ‘the headset. Often the phase

component of the noise signal is relatively flat due to
the close proximity of the microphone to the output

10 transducer, and the frequency response is linear to the
output transducer. By independently calibrating the gain
and phase microphone and signals in output transducer of
the headset in an active noise reduction apparatus, to
match the gain and phase in the earphone, a theorical

15 zero is yielded at a point in space, or a quiet zone.
Basically, the ambient noise signal is inverted to an
anti-noise signal by the adjusting the gain and phase to
be canceled with a noise component located at a
predetermined point in space, i.e. the guiet zone. The

20 gain phase controller or calibration pot of the present
invention provides for flexibility in the utilization of
headsets with any communication system, i.e. flight
controls system, computer interface, telephone network,
or the like, as the headsets are readily adaptable for

25 use in any communication systen.

‘Therefore, the desired audio input signal 1340
is transmitted to the output transducer in the earphone
without the disturbance of background noise. The output

- audio signal that reaches the ear of the user is of the

30 formula P=AH,, which is the desired audio transmission
that was originally inputted to the headset or the like.
The reduced complexity of the open loop design allows for
all types of noise to be canceled, namely syndromes,
repetitive, and transient.

k1 The noise cancellation system 1300 described in
Fig. 22 can be characterized as an open loop systen
withcut closed loop electrical feedback compensation.



anp V1B. The output of such op-anp V1B is supplied to 5 the base of a
transi stor 610. The emtter of such transistor 610 is coupled to a
termnal 612 which, in turn, is coupled through a capacitor C4 to an
out put termnal 614. The sumed signal e[err] is supplied from

the terminal 6y eBdfocol | ector of the transistor 610 is 10 RERIMSHSE o
termnal 616 whi ch In turn, is connected to a power supply (not
shown) which supplies a voltage V+ to the circuit. The termnal 616 is
connected to resistors R3 and R4 which are adapted to provide a DC

bi as. The el enents not specifically descrgged are connected as 15
Illustrated in Fig. 10A By utilizing the above-descri bed
circuit i |1 ust Theesystewiip Figa 22his | capabie of daviNing 2 lepdakext by

and second ni cr ophoggp18PPng el m%oﬂsofymét lthe paralatérs sk s to
mnimze d|fferent|al Rh se ShlfttS betwee& re nir}gkbgs Furt her, the
out put signal from @ U TEER Pyh'ége viriahis, %i fradler

Fig. 10B illustrat e33§°sm sorxect: ageustic fiditening of 'Glhe sirsfingent i al
anplifier 500 of sFi gicBoptione. Thiecpreférabliewiousrtde Eigterindgifs of Fig.

108 is adapted 25 tﬁ(#.}fffiﬂf RAAEILRI A Le o FoaheoLAb RS (A3 RIUCT

supply (not shown)

r1V
10B i s supplied froh®athe@to ‘s‘ﬂﬁpfﬁ"“ as ‘fmgi"a%iﬁm FQBOUtRﬁ resi st ance
R unli ke that supplpesitionisig @f &hpopick-sypmicriophiong 231errelatiive to

resi stance (such 3Qpe aépéiléﬂr Qhatie £5HN - %swhﬁeacaﬁs fc&f’v}l :Ezide

appreci ated, the circuit ustr stanti al

te
identical to thif ot4¢9 4 ﬁfﬁ"&'ﬂg giguéh‘n? bet “(ﬁef‘l tHBthﬁé s¢k (psa
descri bed herein. 1370 or any othirgsuimablld wpeakers and phbe ceae \oft $heg

circuit 35 which naygée, utpis? ﬁdcrapﬂbﬁ&&,d&ei%mlgr eHhhfels tid Hé%&&-ahed

in Fig. 10A or Fig. . Il ust -~ __therei ch cjrcuit 700
general I'y incl udes Tlﬁ%ﬁf ﬁﬁzqn 'é nser ear cana anH Psoiates any audio

signal generated from the noise detected by the pickup

15 microphone 1310. The pickup microphone 1310 is
preferably placed outside the plane of the speaker and
outside the acoustic waveguide, but close in distance to
the ear canal of the user where the quiet-zone field as
described in Fig. 24 is created. The quiet zone in Figq.

20 24 maintains phase agreemént between the noise signal
picked up by the microphone and the anti-noise signal
located in the acoustical waveguide, located behind the
speaker. The present invention is not concerned with the
microphone and speakef being in substantially the same

25 plane. They may be in the same plane; but, they do not
need to be in the same plane. Rather, the noise reducing
device of the present invention is concerned with
creating an acoustical waveguide by use of acoustic
filters between the device speaker and the ear of the

30 user, for channelling the audio input signal to the
user’s ear canal without disturbance from any noise
detected by the pickup microphone 1310, which has been
canceled. No noise cancellation may occur when the phase
difference is 90 degrees, or 1/4 wavelength and

35 reinforcement would occur at 180 degreaes or 1/2
wavelength. The equation that governs this distance is:




PCT/ 1 B96/ 01506 WO 97/ 25790 ' 42 and
second m crophones 300 and 302, the magnitude adj ust nent potenti oneter
RA, resistors Rl and R3, and. capacitors C which are coupled as -
illustrated in Fig. 11. Each of the first and second nicroge?ﬂﬁgmﬁﬂg
and 302 may Swornohsm™e a field effect transistor (FET) in whic €

drain of such FET may be considered a positive (+) and ‘the source of
such FET may be considered a negative (-). The phase between such drain
and source i s approxi mately 180[err]. For example, the drain thereof
may have a phase of 10 180[err], whereas the s®urce has a phase of O[err].
As a result, each of the first and second ni crophones 300 and 302

includes two termnals, that is, a positive %{gﬁ@cbninal and a negative
(-) terminal. In the circuit of Fig. 11, epositive (+) term nals of
the first and second 15 m crophones nmay be the upper termnals thereof,

wher eas the negative $hdrd @ @ PNaBeOht SHpbcit L¢ OBFRRRhcyRY be the

| ower term nals thereof. Furthet = idistangait ude adj ust nment
potentioneter RA nay be adj ust &fl =orfreguengyi ng the initial assenbly
thereof or alternatively nay b&” >0 spgedpe€dsands{in/gac)adj ust abl e by an
operator of the b®om headset assenbly 400 of Fig. 9C. The output signal

eferr] The H1l transfer function 1380 of the open loop equation
as shown in Fig. 22 is a high pass filter. Over the
frequency range, the high pass filter is active at Hi=1,
and is inactive at Hix0. The purpose of the high pass
10 filter 1380 is to reject the low fregquency mechanically
induced transients in a regular manner so that the active
noise reduct;on performance is continued in a regular
manner, but not used as a lead stabilization network as
in the standard closed feedback systems. In the open
15 loop equation governing the present invention in Fig 22
is the placement of the breakpoint, which provides
optimum performance of the device. The breakpoint is
where the amplitude goes from zero (0) to the leading
edge of the paés band. In the frequency range below the
20 breakpoint, Hi=0 and the product (D x Hl)=0. The
adjustment procedure is then #s follows:
P=AH2-(N+D) BH1H24+N1 becomes
P=AH2-NBH1H2+N1 if

. NBH1H2=N1 by B adjustment
25 P=AH2, which is desired Audio Signal.

Above the breakpoint, Hl=1 and D=0. The
product H1D=0 and by similar reasoning, P=A x H2, the
desired audio signal.—The correct placement and slope of
the breakpoint transition provides for the most preferred

30 active noise reduction and optimum disturbance
performance. Due to the inherent stability of an open



has a value of zero (0) when an acoustical sound having t he sane

pressure is received by both the first and second m crophones 300 and
302. 25 Fig. 12 illustrates a circuit 800 which may be

utilized in place of the phase reversing circuit 700 of Fig. 11. In the
circuit 800, oGy Phones 300 and 302 are oppositely cP&TYBYNOINS o
result, when the outputs t hereof are summed together, as when the first:
and second 30 m crophones receive an acoustical sound having the sane
pressure, the output signal e[err] has a val ue of substantially zero
(0). The remaining portions of the circui 82800 are substantially

simlar to those of the circuit 700 of Fig. 11 and, as such, wll not

be further 35 deschadpe@yssenm,nthe mechanical apdyvibratian aw friequency

iP ICIT 7|St5 A 2} Sclisi) n Fi g-signalkobanlﬂ&eﬂécﬁ‘i.éh&l@fibeeﬂ%&'étit?dvﬂﬁhdd%teaﬁaiﬁ o
. . vention. Suc
circuits enable caﬁ%"&ﬁnﬁr 83&%?’5’9“1’ to ttgebgiﬁgygm%ﬂmtv B9 FPst  and
second ni cr ophones 4@ withyglosed 1RRR (FtaildbycFegrixamentss i cr ophones.
Furt her, su@h circuits nupaseremmitsict theatpansfer Minctiion cECFig.

22, have shown that the open loop concept is in

embodiment of the present invention. The transfer

function from N to P has shown a magnitude of less then

1, and. if the system was closed loop with G = 1, H =1
10 system the maximum cancellation is 50%.

e loue.. G -
.CLIF e, 1768 ifiGHtl G<{1

Son 1 .1

1
BT TSI OF %" o

15 An open Loop system in fact would approach 100%
cancellation under these conditions.

There is no need to add a second summing node
in the present invention as shown in Fig. 22. However,
the prior art closed loop noise cancellation systems

20 double adds the audio to reduce the effect of pick-up
microphone subtraction as detailed in Fig. 21. The
present system shows no audio reduction with only a
single audio summation node 1360 in Fig. 22, as the
present invention is concerned with canceling only noise

25 detected by the microphone 1310 and the microphone is
independent from the audio signal being transmitted to
the speaker for obtaining the desired audio signal 1340.

A mechanical diagram of the active type noise
cancellation device of the present invention is shown in

30 Figs. 23A and 23B. The acoustic waveguide 1400 shown in
Fig. 23B, may perform anyone of the functions of 1)



5 board which may be installed wthin the headset assenbly 400 as, for
exanpl e, as on the pc board 412 illustrated in Fig. 9D. Alternatively,
such pc board nay be included in other |ocations of the headset
assenbly 400 or alternatively may be | ocated on host equi prigfAiisydn1s6s i s
10 renoved frowoiBs¥eadset assenbly 400. Thus, the present

I nvention provides an assenbly and, in particular, a boom headset
assenbly, which is adapted to reduce or elimnate background noi se.

The inventive apparatus can utilize first and sggond 15 m crophones which
act as a dipole, which nmay be matched by the manufacturer or by testing

aftert,rmmif a]?lt u[e, a%i&annemh Cboﬁm/eoea:wkéaqyﬁéu{wef wsﬁavvhgtsﬁ édx 1430
essentially fla ove opera rther, suc
first and second m cPG'Bhé?le Bfﬁgp‘?’éf"g §8P98a??%’ﬁ%%3%ﬁngﬁ that their
respective pressure speskerjguiek-fzons; 1440 at the usRpR/® £ar1343tctnthieal
degrees from each ot Msanﬂicxupam:ﬂmhadum CA1D Stthep ledge/ ToE Y thé G ek eds,

previously descr cg

m crophones, a sou%ﬁdb?ﬂ n artlcuﬁur a Eag?(‘ggoundéﬁ)n%%j% rglsﬁrll%aqavr‘i‘gc‘
froma source which may| beaFw ef 1l @lesgndistance fheyngisetmickumn
the distance betweennibfophonéi id ke gaietrsdie Edrhacturatel phassuch sound

esult, no substanti 8 ﬁ%se et 9“@?2%‘*‘%%‘2“%%%3%#‘@ 2

Furthernore, the preE@ﬂ epent nt??ﬁ?Q§1§GPBs‘¥ e}s° atdom RE Bigkephone to
cancel l ation to ® avininizecnidrophime sgnsitivity flxikei pat:temsfin the

preﬁent btr)rglm headset gagaeebby &F the si,baﬂéfaéhd&ﬁi »ﬁi@&dans?peeataf éﬂ' Li zi ng
sSuch asse y. oom one or .1 nNs S .

35 to 13B,. can be Bﬁg'éﬁtﬁ‘boﬁf‘??é' %?gf%&“gﬂ/eﬂ‘ﬁcﬁg Fh ’Eﬁé ity

patterns of omi -di rGemgrﬁLOTHh'r.oMneshm suitiaid enpatexnhdl f may fhe lugeda ke

the correct placementr@atéhene acoustical waveguide. The acoustical

15 waveguide isolates the noise pickup microphone from the
speaker as shown in Fig. 23A to create the guiet-zone
1440 in front of the user’s ear as shown in Fig. 23a for
increased speaker efficiency. The acoustical waveguide
acts as a receiver for the anti-noise signal, generated

20 from the signal processing means of the electrical
signals from the microphone. This anti-noise signal
creates the guiet zone of the acoustical waveguide. The
device with acoustic waveguide can be applied to
headphones of all types including open back, that is, no

25 ear passive earcups, or closed back type headsets, that
is with passive noise attenuation earcups or any other
suitable headsets utilizing a receiver and transducer.

Fig. 24 is an evaluation of a quiet zone in
_ space whereby the first vector 1500 is the noise vector

30 and the second vector is the anti-noise vector 1501
produced by the active noise reduction system of the
present invention. The two vectors create an angle 0,
which phase and magnitude is attenuated by the variable
gain/phase controller, thereby controlling and thereby

35 reducing the anti-noise processing induced distortion of
the desired electrical input signal; which is converted
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m crophone' s pressure sensitive surfaces. The physi cal desi gn of the

m crophone as seen in Figs.. 9A and 9B is the determning factor in the
S/'N increase. Exam nation of these draw ngs shows that thgcﬂéék%g
pressure 5 sewgdgmsmosurfaces are preferably placed at 180 |caI
degrees fromeach other, and provide the opti mum separation of the
signal going to the voice m crophone and noi se m crophone in the near
field. This separation is a primary conponent in the determ nation of
10 the signal in the S/Nratio. . Basically, t 84achi eve signals in the

far field is to add ,ectoriall i.red sound
pressures arriving & afcﬁgfﬁ?& ig??%rﬁ'h‘fst nggguf 1@ £3%, 9f: the
el ement of this ugexl.ysis will be what is hereln called the Doublet
Sound 15 Receiver. Fig. 13s IPNisYratesSh! Héhbﬁﬂti&

e ophanss” Caod 3@»%%*@2%%9&%%%%#%‘*%&&% fagpoi %ﬁﬁcgnﬁr?ﬁi' e
| ar ge_conpared wi h ige 28. SThersehemabigdipsran: genpris
(300, 302). - The niprephont 600 WmmsoptaﬁwﬁiaMélgjﬁh/bhﬁse
receiving doublet WddneDaygel" £¥£0 S hi's fyrillS LRRGErLEL 1620, 2 summing
amplifier 1630, a power amplifier 1640, an anti-noise
output signal 1660. A standard audio signal 1605 is
10 inputted to the user of the headset. The sensor pickup
microphone 1600 detects ambient noise and creates an
electrical signal. This signal is inputted into an
electro~acoustical processing unit, which is comprised of
the variables gain/phase controller 1610, the signal
18 convertor 1620 and the summary amplifier 1630 to produce
an acoustical signal for .canceling out the ambient noise,
referred to as an anti-noise signal outputted at 1600.
This anti-noise signal is placed in front of the speaker
at some point in space to achieve a quiet zone as shown
20 in Fig. 24. The desired input audio signal 1605 is
isclated or disposed from the microphone, hence, the
input audio signal is not associated with the ambient
noise detected by the pickup microphone 1600. The
original input audio signal 1605 is able to be
25 transmitted.through the speaker into quiet zone, without
noise disturbance. Therefore, in the open loop system of
the presént invention, the audio input signal generated
in the active noise reduction system is not disturbed by
the ambient noise, which noise is detected and reduced by
30 the sensor pickup microphone circuitry comprising: the
variable gain adjustor 1610, the communication audio
1620, the summing amplifier 1630 and the power amplifier
1640. Hence, the audio input signal 1605 does not have
to be double added as required-in a close loop systen.
35 Pig. 26 illustrates a different embodiment of
Fig. 25 which incorporates an open loop system for active
noise reduction by using a sensor pickup microphone 1700,



sin [err]) for microphone 300 and at a di stance equal to the val ue
(r+b/2 sin [err]) for mcrophone 302. If r>>b as shown 25 in Figs. 7A and

7B, the distance traveled by the spherical wave is r, and the output of
each receiving m crophone (300,302) is equal. If the sumredecopsppsibrso|
the two m cr ophwoesr2§®00, 302) are zero as in Fig. 8, then t he

associ ated scale factors are equal. If their 30 associated scale factors
are not equal, any phase and anplitude of pressure can be the e[err] as
shown in Fig. 8. Anplitude adjustnent can bggobtai ned electrically and
I's perforned, but phase adjustnment is not necessarily possi bl e at al

Lr equenci es. ghe. Leﬁy&rﬁmm;aﬁhmﬁé‘é co@ﬁr@i&&?bri &Iﬁriﬁ#ﬂ pe¢ 1710,
ecause reproduci bili © e uf ac

m cr ophones and t hey é%ﬁt&égoﬁcg{ﬁ sé%‘natrlr &?EIBI’IQ p%%@i'\‘?é t#@g&&ﬁn&%"
Thi s and a power amplifier 1740, and speaker 1750. The

PCT/ 1 B96/ 01506 WO 97/cifet¥tion of this circuit is described in Figh} 22 and

met hod is describ a magni tude and phase i crophone | obe _

constructions which is the basiﬁgof t he directional m crophone of the
n

present invention. These mi crofi®ned’ 18 a preferred pubpdingnt, ofoFign 25
sounds in certain di neidth enhighSpass (filteraciroubthie4oliadded dos the active

noise cancellation system to reject on a regular basis
the low mechanically induced transients so not to

10 interfere with the active noise reduction performance.
The high pass filter circuit 1840 is not to be used as a
lead stabilization network as in the standard feedback
system. Fig. 27 also contains a saturation reduction
1860 for clipping diodes. The function of the clipping

15 diodes in Fig. 27 is to prevent the output transducer
from reaching its physical limits. That is, it limits
the amplitude of the signal inputted to the transducer to
prevent the speaker or output transducer from exceeding
its physical excursion.

20 The individual circuit component without
reference designations in Figs. 25-27 are connected as
shown and will not be discussed further, since the
connections and values are apparent to those skilled in
the art and not necessary for an understanding of the

. 25 present invention.
‘Fig. 28 is an enhancement of the active noise

cancellation and noise reduction system utilized in a
headset having a "talk-thru" capability.

. The enhancement in Fig. 28 is achieved by

30 including the fdllawing features: an automatic audio
microphone transmission in the active neise cancellation
system to sense speech ("VOX circuit") 1950, the ability
to transmit a portion of the received microphone signal
to earcup of the speaker ("sidetone circuit") 1960, 1907,

35 1970 and 1930, the capability of converting an active
noise cancellation microphone to a standard omni-
directional microphone by removing the voice microphone




The m crophones just described are the dual of a doubl et sound source
and .are simlar to the theory of di pol es. In addition, if the
spaci ng b, between the m crophones is small (b<< [err] ) conpared wth
the 10 wavelengths [err] at any distance r, the two n1crophones

essentially cogpasgemgnd the output at any angle [err] will  PCHIBISBISES ¢ o
mat ched scal e factors (magnitude/ phase) at any frequency. In addition, :
the output at any angle [err] can be electrically scaled and phased for
the desired 15 |l obe intensity output. If b is_pot nuch smaller than r,

the phase relatlonshlp bet ween the two n1cropﬁ nes to an I ncom ng sound

wave i s: the cigcuit, and iﬂé¥dﬂsxng the Eain XPGEKElhﬁ}se

TP e b UmbPLEfafd Ay rufy 043 Wi fha otz

frequency As cthru¥e festnré; oalbandion(199p) fhew thesextarnal areai fs25
is the theoretical éfamshifu%at B8 ﬁﬁ@sééﬂﬂxzpfspfelaﬁeﬁﬁaisﬂﬁdby an fﬁ{cxféa%kgs of
t he noi se cancelé gqm Cr?ﬁe e1 190.; enc chan ,
t he phase change °3F %?? 230790 '8P FRREREP ﬁ%@ﬁﬁ%”ﬁﬁse
cancel | ati on at al |cancpiilgtion rpdu OPhbeﬁ%ehctn Figc@Bstic
filters can be a 3(hon@!i‘iebakngaéaﬁr0rndiisé aneendut §6h »icidphanEnaslobat i on.

for PO ertorn g leieelly ol il et et s 1
reduction of the <canceddatign gicrop that det %&EFcﬁhQn?qﬂiﬁustic 35
design that terms tsigmadi ahdcbackgeoin: rtaisaara first Si1A switch 1910
having a noise canceling mode and talk-thru mode or
position; a second S1B switch 1925 having a noise
canceling mode and a talk-thru mode; a third Sic switch
having a noise canceling mode and a talk-thru mode; a
15 Push to Talk (ETTﬁ switch 1920 having a hot mike position
and simulated speech signal mode; active noise
cancellation microphone amplifier 1940; VOX circuit 1950,
speech signal 1955; transmission gate 1945; buffer
amplifier 1935; audio system 1915; scaling amplifier 1970
20 having a gain control function 1907, a sidetone signal
1960 inputted at 1906; earcup speaker 1980; external
"audio system 1990; and an active noise reduction system
as preferably described with'respect to and shown in
Figures 21-24. This headset in Fig. 28 operates in
25 either a noise canceling mode or a talk-thru mode.

In the noise canceling mode, the switch s1 is
in the "N¥ position 1910, and the active noise '
cancellation microphones 1900 and 1901 are operating as
previous described herein. The PIT switch (Push to Talk)

30 1920 is not activated in the noise canceling mode. The

" VOX circuit 1950 which is connected to the microphone

output of the microphone amplifier 1940 at A 1945
monitors the microphone output signal of the amplifier
1940. The VOX comprises an attack time (turn "on tinme"

35 averaging circuit of audio), and a release time (turn
Yoff time" averaging circuit of audio) which is adjusted
to minimize response to spurious signals and to keep the
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dinmension b, in Fig. 9A and that is nodified to reduce t he thickness
of the probe as in, Fig. 9B. Both designs use the relationship between
band r (i.e.: b <<r). To insure that the near field 506
response i s thewdorsyes ed one, electrical circuit filters, suc

I nclusion of a |low pass filter 916 as showh in Fig. 14, all ows only
voi ce band frequencies [err] = (mc[err]-mc[err]) [err] ~to be present
in the output and keep the restrictions on b and [err] within
practical constraints. 10 | the nunb®F of elenents is

i ' iS4 S ln FH Q.
15 S he obe pat t EfEEGYshe Mol MIARR°Eo 3 nfHLATE bif tnd°pBl8 chiel fig
| obes ([err]=90[err],®Pder ] B 1y FRality; Will ipcrpase the gvsterts speech
Oerr] . and [err] eaGfoise rmmeﬁswr-tthzhsneﬂ:fr%@mihﬁ zétéﬁnined
:Ilggl[eg'; f] | Inotjgep!a!t t e?{ﬁ%é{ Fﬁ?.a é1 _ saﬁ'gggpﬁgg megif%hothes %S‘B'E OPh?m?fj(')sr my
spacedal ong t he x5ax\‘§°‘f’6i A% iE WhifRAFkivate fhe Jspepch stamaMbatpe
uni form The inter mredpeint 2iX955, wbich| withienalhbe ihentdahfrissian egateaced
apart a distance b, aigisQrid w1AeWetnB%hicrbpRbrdBlididbatphtEld M 'the?' ©
spaced apart a active noise cancellation microphone amplifier means 1940
into the buffer amplifier 19535 and then to the audio
10 system at E 1915. In addition, this audio 1915 is sent
to the scaling amplifier 1970 at W 1906 to provide a
sidetone signal to the earcup speakers 1980 when the
third switch S1C 1960 is at N, the noise canceling mode.
The scaling amplifier 1970 can also simultaneously accept
15 an input from an external audio system 1990, i.e.
distinctive sounds from the surroundings, such as sirens,
bystander’s voices, or other external sounds not being
transmitted by the microphones 1900 and 1901. The
composite signal at the earcup speaker 1980 is the linear
20 addition of sidetone 1960 and external audio 1990.

In the talk-thru mode, switch 81 is placed in
the talk-thru mode or position shown as 1930 for the
first, second and third switches (1910, 1925, 1930). The

.voice microphone 1900 is disabled. The voice and noise
25 microphone 1801 is enabled. The microphone amplifier
1940 output at A 1905 is the noise omnidirectional
microphone 1901 output. In the talk-thru mode, the VOX
circuit 1950 is bypassed by the second S1B switch 1925
- placed in the talk thru position, which allows the direct
30 output of the noise omnidirectional microphone signal
1901 to the buffer amplifier 1935 at D 1903 and then
outputted to the audio system 1915 at E. As a result, no
speech signal is inputted to transmission gate 1945
_output at B 1904 because the gate 1945 is disabled. The
35 gain control function 1907 of the scaling amplifier 1970
is increased at W 1906, by tha action of switch sic 1960,
at the talk thru position 1930. Thus, the sidetone



di stance d. A sinusoidal wave is created when sound pressure is applied
to the m crophones and is incident of the array of elenents or

m crophones. The direction of propagati on of the wave creates an angle
[err] with the x- 25 axis intersecting the sanme at point 918, m dway

bet ween el e%@?,gs,@{ err], Merr]. The anplitude of the wave RGTAB&I#SN)
S a neasure of the instantaneous sound anplitude 304 at t hat :
point. The distance d is the linear distance between a first m crophone
and- nth m crophone. These 30 statenents are based on simlar mcrophones,
and the use of appropriate electrical filtggs such that when r is not
much greater than b, the electrical filter allows the m cr ophone di pol e
to be mat hemati cal | ysigneilp dukpeiitédrfrom thebactinet notse oredddtdionosgspém of

| obe construction i Sg&éﬂw (13} ?ﬂ&s.SkiiJﬁqt E.Q §Herahked at the & eaker

After the array has been utilized t0 adjust e recei ving | obés
[err] =O[err] and O"%[err], the 180[err] | obe wll WO 97/ 25790
47 be greatly attenuat edsbs pesuith@f fthel aprangementy described in

cylinder as showngi rrﬂi{g-z 6 Anal wiekbu thelphpBeeg1! B@aition \G¥ Hﬁgoatﬁei-s

Che sound oput o e ALl O o Pt e ol St
to the headset described with respect to and shown in
Fig. 9-27. This allows audio transmission of voice to be
heard in the earphone speaker 1980 without removal of the

10 headset. This enhancement provides the headset user the
option to continuously wear the headsets to receive the
audio transmitted from the microphone signals, as well as
any other distinctive external noise in the surrounding
environment. This external noise can be any sounds, such

15 as explosions, emergency sirens or bystanders speaking to
the headset user. The enhancement avoids the awkwardness
and. inconvenience encountered in removing the headset
constantly throughout the day to hear external noises not
being internally communicated thru signals in the

20 headset. The user now is able to hear internal audio
signals and external audio from the surrounding
environment while wearing the active noise reduction and
noise cancellation apparatus described with respect to
and shown in Fig. 28.

25 Further, although the above-described
embodiments of the present invention have been described
for use with telephone handsets and boom microphones and
the like, the present invention is not so limited and may
‘be used with numerous other devices such as intercom

30 systems, telemetry, acoustic surveillance
microphones, directional microphones and so forth.
Further, the invention can be utilized in voice
recognition and/or verification systems such as systens
for access to physical facilities, computer prbgrans,

35 computers or automatic teller machines and the like.
Additionally, the present invention may be used with
processing devices operating in accordance with



5 prevent the production of any standing waves. Slots or apertures
Wl |l -be added in a plane parallel to the m crophone array principal
axis to insure the dipole action to onconing acoustical signals is at

. [err]= 90[err] and [err]=270[err]. 10 It shouk%EﬁEQQE%%
~noted that the awmpl9725790vi cr ophones of the array, nanmely 1 + n o .

are di spl aced by a linear distance d along the axis of the

cylindrical baffle 905, which acts as an acoustic resi stance. Since
this distance is |arge enough, the 15 m crophones are independent and
causes a further enhancenent of the sound alemg the [err] Of[err]

axi s, which i ncreases di regtl onal i %86168 is
simlar to Fig. 8 in Prefetfgmined c?’?%‘é#f‘ﬁa?lﬁﬁﬁﬁ’l’%f 95 dggspiked in U.S.

process a |inear 20 amt;numel. gmmﬂ,mmdUthchrmmeQSSQQHeé%ﬂ}?
i g £ ELCPI°0 g Bt bt Uit WLE 4 e
summi ng anplifier use ﬁegﬁfﬁnce' e rssaghd%§d??%nh?%%?"#ﬂggecqasqny to
13B. The out put 2555|ghalinﬁ¢n§&pbnds to substantially only speech fromthe
user. In Figs. Iff-tHedmbPl Eﬂehéﬁdﬂ’ ﬁeﬂé&r@h“bﬁﬁé iﬁé¥
the circuits utilized enbodi men escr
with respect to Figs. t&E épéssﬁeﬁﬂ'%@%éf’f'cﬁ? '5?&%1%&51% Ehexees c#"f?lé’“n
subtraction, and ULB fesgxribed ckn detaid hevejm: itntis ftecbegunderstood thathe
phase rever5|ng CtﬁtﬂlinﬂéhﬁﬂBﬁMislﬂcEIﬂumﬂﬂed'HB!%Hasgpgtécﬁkég prOV|?e
two signals at poft Sehhddfh P i dentica
sound signals in %lcrggfélfﬁ?&éss éﬂegaa?ﬁ%éﬂjf'ﬁ;s mtlg‘r%g ones 7o mat ched
parts (by manufacturée¥ idhs gofipveriations Muﬁeeéffeﬁ?t%ﬁrm ange
matching at a r ef kbhibed fime dinen eythbwithiputs tdepir tdhgRéron tedjspittitoand
scope of the invention as defined by the appended claims.
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48 . Wi th capacitor C. The signal at e[err] 1is the no

out put when the m crophones are placed in the appropri ate nechani cal
envi ronment nenti oned previously. Anal ysis of the circuit of
Fig. 11 can Qg §?ﬁ§@b 5 to provide the fol | owing informati onPCHHER6BI0G it
at Ais ? e Source of the internal FET contained within the

m crophone (preferably electret) such that its output is at an

el ectrical angle of O degrees with the input pressure signal, while
the output at Bis fromthe Drain 10 of the imoternal FET contained within
el ectret m crophone and its output is at an electrical angle of 180

degr ees with (WEAR Z@.CLAMIMEDUERS signal . Wien these two far field
signals are sunmed together np a Neis@Oeardsilatien appRtthtus comsrling:i f

the anplitude is adjusted by aP a nce frequency
and the magnitude response i 8 RBEQ%+QWE%§¥QQ?§#ﬁ%t #igragﬁgégs eimd

In the circuit in megeiying: Refi¥rgbsreistic soupd, gemprped oﬁﬁm ovi de
two signals at A antifih@&ing friemrawsomertatair pbasetﬂnghsadenipﬁiﬂaeiauadd

signal's at 20 MM Cf GaRREEsy daﬂdége Tihe AR TonveLELng! shia EED dElic
by virtue of opposite glng q{lqp ngpufacture 0 E ectre
m cr ophone condens&°UBRate gnal, and sgropf micrephens means: | stics
are as arranged at a predetermined angle ¢ in close proximity
with respect to said first microphone means for receiving
a second acoustic sound composed of substantially said
background noise and for converting said second acoustic
sound to a second signal; and

means for subtracting said second signal from
said first signal so as to obtain a signal representing
substantially said speech.

' 2. The noise reduction apparatus according to
claim 1, wherein at least one of said first and second
microphone means includes a plurality of microphones.

3. A two terminal transducer for use in a
noise cancellation apparatus of claim 1 for reducing
background noise comprising: '

a plurality of microphones connected to an
amplifier means of the noise cancellation apparatus;

the amplifier means for receiving audio signals
from the microphone having a first terminal and a2 second
terminal, wherein the second terminal is grounded;

a voltage means inputting a DC signal on the

~ first terminal;

a transistor means connected toc the first
terminal for receiving an AC signal from the microphones;

means for superimposing the AC signal onto the
DC signal on the first terminai;

means for filtering the AC signal from the DC
signal, so_the DC signal powers the amplifier means; and

means for outputting the AC signal generated by
the gicrophonea at the first terminal.

Sheet Has Been RTIlaced

T




previously stated for the phase reversing circuit. 25 G rcwttl“immmtm'ﬂmmm

found in Figs. 11 and 12 provide for el ectrical subtracti

need for using an op anp. _ In addition, the boom

m cr ophone/ system of the invention is optinally defined by j&igmdessos ON
of the 30 m crowbonIBs®Opressure surfaces, preferably 180 degrees in t he
case of the boom m crophone, but cancellation wll occur because of the
subtraction type systemdefined in Figs. 10A-12 at all angles. In fact,
when the m crophone pressure surfaces are aj, 0 with respect to each

other, 35 total cancellation could be theoretically obtained but no
audi o signal would be transm t4ed. Theetwgsternbial Rransdupeesastordispiton

E%QI{EB%ISQSBEG direg&gy;ty,rgggg§gg§tgg amplifier 3&?ns is Fﬁe°ﬁ$€?%ﬂﬁ¥gﬁgs

in the near and far pppligieny j ent ati on of their pressure sensitive
surfaces, and the electrical 5. pmrhectwootesmixtalhtiransducer according tde

typical circuits thag)agn 9¢ whdrein®enbOheans Stdt 'St ing eneNRNsidghdl 95

10A-12. The, boom m,crophpne headset devic f e
i nvention (e.g. Figsft9¥LEEE§DQxﬁ+gBF8v?ﬁe’ffﬁs t%gnﬁieg V% R capacitor

recogni ti on. The boogixeeibphone headset provides
6., A directional microphone for use in

obtaining a far-field response when speaking into a boom
microphone of an active noise cancellation apparatus,

which accepts sounds in a variety of directivity patterns
comprising: '

.a} a housing providing an array of spaced
microphones means for receiving acoustics signals and
outputting electrical signals having a spaced separation
between the microphones;

b) a pressure sound source inputted into
the housing as a sinusoidal sound wave having a magnitude
and phase which intersects the microphones at a
predetermined distance to form an angle;

c) means for calculating the distance

~from each micrdphone to the sound source;

d) a summing channel means for adding the
output signals of the array of microphones to obtain a
sum output signal;

: e) a signal processing means to produce
an acoustic signal representing only speech from the sum
output signal; and

_ £} wmeans for adjusting the magnitude of
the sum signal to produce a desired response pattern.

7. The directional microphone according to
claim 6, wherein the microphone means comprise a first
microphone and a second microphone.

8. The directional microphone system according
to claim 6, wherein the distance from each microphone to
the sound source is greater than the spaced separation
between the microphones.

This Sheet Has Been RTlaced f
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superior rejection of unwanted background noi se and 10 exce||l!!‘“l(‘a‘m}l“g“"sl“‘m -

response. The boom m crophone headset can be configured

conpatible with all Sound Bl aster audio cards. Al other audio card

i nterfaces are al so easily accommodat ed. The inventive
boom mi cr ophgpe et (e.g., 15 Figs. 7A-13D) coupl ed wit RCTABIGOAHGs |
hi gh quality ol ce recognition software advances conputer control wth:
Voice to a reliability and user friendliness |evel equal to the
keyboard and nouse. Wth the present invention, voi ce recognition is no
| onger confined to quiet closed 20 door offipges, but can be used in

real -worl d noi sy envi ronnents such as hotel |obbies, hospital energency

rooms, manufacturing facili®i.esThaddivectiansl adcxpphone accomding the boom
m crophone headset%g@,z?}t %,%?gw«:ﬁb means® ¥BH cRlEul4€1 P e Spalcedt her

equi pnent in the r 0 t boom.m crophone. (W t hout headset)
can be enpl oyﬁﬁ#ﬁ%%f??oﬁﬁ E&%"’grﬁqﬁr@ﬁ o 5I?ﬁ%tﬁ\¥ﬁ]§°‘m" source
The inventive boonisvieuedhsre (Hefbi2) (830 0)).designed to be sensitive to
di stance fromthe sound 190Ur 9Re difédtivnals piedophand sacdbrdingreeat e

Lo oot Farty. ool BRACS, Yt L e’ 65 G016 Tartns e
boom mi cr ophone hetiskance frgpcthe gegond BR 3RA Lthe sound, SPUTGA; ch
t erm nat es i N f5 agualntoi pra(by2) eeirg &)t shown). To connect it to 35
the sound card, the user sigply i‘ﬁée&ifeémdglnh%%ﬂmne Riddbriaing kBe
M crophone i nput jack of the sogn tﬁar di al(snOtrcscggs . x;rehaens' rlvsergtlve boom
m crophone headsetC4aidh 6, Wherein the signals proc g :
differential amplifier having an operational amplifier
for each microphone in the array of microphones.

12. The directional microphone according to
claim 11, wherein the operational amplifier is adapted to
provide a unity gain to the signal produced by the first
microphone and provide the same signal as an output
signal. :

13. The directional microphone according to
claim 11, wherein the operational amplifier is adapted to
essentially invert the signal produced by the second
microphone and provide the same signal as an output
signal. .
14. The directional microphone according to
claim 6, wherein the sﬁmming channel means is a summing
circuit adapted to receive the output signals from the
operational amplifiers of the spaced microphones means.

15. The directional microphone according to
claim 6, the means for adjusting the magnitude of the
spherical sound wave comprises an electrical circuit when
the sum output signal is not zero.

16. The directional microphone according to
claim 6, wherein the spaced separation between the
microphone compared with the wavelength of the spherical
sound wave is reduced, when the phase angle is zero
degrees.

This Sheet Has Been Reﬂlaced
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user. The headset preferably has two features to help pos

m crophone in the proper position for reliable voice recognition: (1)
adj ust abl e tenpl e pads on both the right and |eft sides and p(-¢hpsdbisds
adj ust abl e fl| exwooewes79Phe m cr ophone at the end of the fl exi bl e boom
preferably has a white or other col or-coded dot indicating the

voi ce-si de of the m crophone which shoul d be adjusted to directly face
t he nmout h. Proper close talking into the invention is hel pful for
accurate 10 operation. Preferably the distanc@3fromthe nDuth to the

m cr ophone should be in the range of ab yt 1/4 tq ahout preferably
about 1/2 inch or |ess. ?F?ﬁﬂ?ﬂﬁ °Fﬁ@hgﬂﬁnﬂcc°rd1“9 to
Blaster[err], it is claimmag,t uherebndthabkwdhﬁ eseparatfannifoneduted A5C)
on the 15 sound card, $54§E*§§§3 he present invention in noise
cancel i ng applications % will, defeat, the

cancel | ati on properties of the ﬁrcr% i°““aﬂ’t‘&ﬁﬁ?¥‘9§?l?°‘t’?ﬁqﬁ%"@p
t he i nput audi o vol uneladmeniz whereinuthe aqouaﬁicsﬁé.alteng afacbat¥lemn be

di sabl ed on Sound 20 Blaster" gardgn dgyggglﬁEIQQX§gdué§!Ln
clicking on the AGC softmare con und Recordln Sﬁ%
The input audi o gai n JEPAFRNYS, IPK; F8 %88 se ‘Ejr'b‘ifl’uﬁ

the Creative M xer" pﬂugmamﬁrﬂustcﬂgpriSims'the i nventive n1crophone
headset can easily be 25 perfarnadsbygL:aﬁutddaavﬁagoad s ® | RS Isi al,

f eat ures of the Creative L %@: m&ugeggagghed in the hous:ln

13A and 13B are active noi se cance
an input transducer for detecting and reducing

ambient noise located not in substantially the same plane
as the output transducer; -

an open~loop signal processing means to reduce
the amh;ent noise detected by the input transducer;

means for transmitting the input audio signal
to the eardrum without disturbance of the ambient noise;

an acoustic means to isolate the ocutput
transducer from the input transducer for éhanneling the
input audio signal representing substantial speech
between the output transducer and the eardrum, wherein a
quiet zone is created to isclate sound transmitted from
the input transducer.

20. The active noise reduction apparatus,
according to claim 19, wherein the acoustic means is an

- acoustic filter when located in proximity to the input

transducer and an acoustic waveguide when located between
the output transducer and the eardrum.

21. An open~loop active noise reduction
apparatus comprisings ’

a housing having an earphone;

microphone means mounted in the earphone for
detecting unwanted ambient noise;

means to-convert the noise to electric signals;

, phase shifting and attenuation means connected

to the microphone to provide an inverted anti-noise
signal;

This Sheet Has Been Re laced
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curves of the boom m crophone in a headset enbodi nent memm“,wmmm

top line, representing near field response 30 and Fig. 13A

representing far field response. In Fig. 13B, the top line represents

t he cl ose talking response and the bottomline represents the _
backgr ound na) dssspPonse. Typical specifications for an PEREBMONNG: of
the inventive oon1n1crophone headset 35 i ncl ude: WO 97/ 25790

51 Frequency Resp: 20 Hz to 10 kHz

Qut put | npedance: Low | npedance

(Capabl e of driving 560 ohm ) 5 74 "Sensitivity:

-47 dB [err] 2 dB (OdB =1 v/iPa @
1kHz, &P utiputy t¥ahsageer SibstantiuWlly out of plane

%ancellatlon

Current: witgoéﬁﬁim aguﬂmﬁés £6c S&ansmittin%l se

El ectrical S/'N
See Fig. 13B signal to a user’s ear;

means for preventing mechanical vibration
induced low freguency disturbances from being transmitted
to the output transducer;

means for creating a quiet zone in close
proximity to the output transducer;

~ means for substantially excluding the unwanted
ambient noise from reaching the user’s ear.

22. An open-loop active noise reduction -
apparatus for use in a headset with a boom microphone to
reduce ambient noise from reaching a user’s ear without
disturbing an desired audio signal outputted to the
listening ear comprising an earphone located within the
headset;

a pick-up microphone for detecting noise
signals within the earphone; '

open-loop means for converting the noise
signals into electric signals;

electro-acoustic means for applying the
electric signals to the earphone to produce acoustic
signals 180° degrees out of phase with the ambient noise;

an output transducer means mounted in the
earphone having an acoustical filter for coupling speech
to the user’s ear and isolating vibration induced low
frequency disturbances from reaching the user’s ear.

23. An open loop noise reduction system for
use with an active noise cancellation apparatus
comprising:

a pick-up microphone for detecting noise
signals to convert to electrical signals;

a speaker located in the headset having a
acoustic means;

an audio t:ansmission signal;

means for electrically rejecting vibrations of
the electrical signal;

This Sheet Has Been Replaced
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Length of Cabl e: 3000 [err] 50 mm Pl ug
3.5 mm stereo m niatuEe_.th t ble) 20

- Wi ght : - 56 gm (w thout ca 506
Intorpretation oNOSBRSEA i ntelligibility A and ANSI 53,51 B om
m cr ophone headset of the I nvention and a standard (prior art) dynamc
noi se cancel ing m crophone were tested and the results were as 25
fol | ows: WD 97/ 25790
PCT/ | B96/ 01506 VENT] 7552 N
ARTI CULATI ON | NDEX: I
1/3 COctave Band S/ N (dB Mo able gain/c?r}t(ﬁﬂla{neon% Wé‘:g#\g fhe
Freq. (H) [ NPR- FPRpoisésignal (f%v\l’“%?ﬁmn (@Rt noise-signal; .
Correct ed) means for filtering out mechanical vibration

induced low frequency disturbances from reaching the
speaker;

a summing node to combine the anti-noise signal
and the noise signal to produce a quiet zone in the

acoustic means; ,
means for transmitting the audio signal to the

speaker; and means for maintaining phase agreement
between the noise signal and the anti-noise signal of the
speaker.

24. The open loop noise reduction system
according to claim 23, wherein the means for rejecting
low frequency responses is a high pass filter.

25. The open loop noise reduction system
according to claim 24, wherein the quiet-zone means is an
acoustic filter.

' 26. The noise reduction system according to
claim 23 vwherein the active noise cancellation apparatus
comprises: :
| a housing having first microphone means for
receiving a first acoustic sound composed of speech
”6riginating from an operator operating said apparatus and
background noise, and for converting said first acoustic
sound to a first signal, and second ricrophone means
arranged at a predetermined angle ¢ in close proximity
with respect to said first microphone means for receiving
. & second acoustic sound composed of substantially said
background noise and for converting said second acoustic
sound to a second signal; and
means for subtracting said second signal from
said first signal so as to obtain a signal representing
substantially said speech.
27. An open loop active noise reduction
apparatus for reducing ambient noise in the vicinity of
the eardrum, comprising:

- This Sheet Has Been Refi]aced
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0. 0012 0. 0264 400 20.5 00016 -

0. 0328 500 17.5 0. 0016 0.028

16 OWEOEIRS790 0. 0368 800 pLipochivide

0. 0023 0. 0345 1000 12 0. 0028

0. 0336 1250 15 0. 0035 0. 0525 1600
9.5 0. 0043 0.04085 15 2000 9

0. 0044 0. 0396 2500 576 0.0039 0O 195
3150 1 0. 0039 0039
WO 97/ 25790 53 @ housing for receiving an inpyy apdig g
STANDARD ( PRI OR ART) DYNAM C an output transducer NGpGE-@ANIEtheThotsing;

M CROPHONE 1/3 Cctave gnthput Sriinsditer for'débécting and reducin

Articulation (1) anbg:g L_e&oﬂgq‘lo&@ LL%F)EﬂsingFaCt or (BW Wi ght

(W a open loop signal processing means to reduce
ambient noise detected by the input transducer;

means for transmitting the input audio signal
without disturbance of the noise to the eardrum;

an acoustic means to isolate the ocutput
transducer from the input'transducer for channeling the
input audio signal representing substantial speech
between the output transducer and the eardrum and
creating a quiet zone to isolate sound transmitted from
the input transducer.

28. The noise reduction system of claim 23
wherein the variable gain/control means automatically
adjusts for interfacing with a communication system.

29. An active noise cancellation and active
noise reduction system as shown in Figure 28.

30. An active noise cancellation and noise
reduction system for use in a headset for transmitting
audio signals fron microphones and for receiving external
audio from a surrounding environment comprisinq.

?;$¥7' 'a first microphone means having a first switch
means having a noise canceling mode and a talk thru mode -
and a second microphone means;

a microphone amplifier means connected to the
microphones by a second switch means having a noise
cancelling mode and a talk thru mecde;

an audio microphone- transmission means for
connecting the amplifier means when the first switch
means and the second switch means are operating in the
noise canceling mode, wherein the microphone transmission
means is bypassed when the first switch means and the
second switch means are in the talk~thru mode; a
transmission gate for transmitting the audio signal from
both microphone means to a buffer amplifier when the

is Sheet Has Been Re laced
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i nvention versus an disabled Wlunalthﬁ mmdzswlscbfmmméssﬂan&hedtwnm
Noi se Canceling M craghape. A conparison of this data reflects a
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m crophone systens Wghafputting the audio signals received by the microphone
: amplifier means when the first switch means and second
switch means are operating in the talk thru mode;
the scaling amplifier having a third switch
means having a noise canceling mode and a talk-thru mode,
provides a sidetone signal to an earcup of a speaker
transmitted from both microphone means and from the
external audio when all the switch means are operating in
the noise canceling mode;
the scaling amplifier having a gain control,
wherein the gain control is increased when all the switch
means are operating in the talk thru mode to increase the
sidetone6&110001t016D .
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54 tested at Andrea El ectronics Corporation under the sane

condi tions. Fig. 17A shows a bl ock diagramof a prior art
amplifier plus awpeieabpne 1004 having three term nal 5 Ci r CUipiCTABY6/61506
configuration for outputting signals or power - supply inputs from
standard on-1ine power used in any type of m crophone device, which

i ncl udes an anplifier 1004 connected in tel ephone headset or the like.
The three term nal configuration conprising a_power input 10 term nal
1001, a voltage output term nal 1005, and a [éﬁ und term nal 1003. In
an effort to reduce the sinplicity of a signal processing circuit, the
bl ock - diagramof Fig. 17B shows a m crophone plus anplifier

configuration of the present invention having a two 15 termnal .
m crophone. Terminal 1005 is adapted to receive t heespower i nput 1001,

which is a DC signal received from a power Qru a resistor 1006
and transmts the audi o output, an AC signal ¥ane terninal

nanel y 1005, while terminal 1003 is groundgd/ AR \ erm nal 20 1005
the DC power is supplied for the active noise X0 \

descri bed herein, and the audio si gnal ¢ 1004
are concurrent. This point 1015 is the

?gfmn in Fig. 18. 25 ~ Fi g.l18 t
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processi ng signals obtained fromthe first and second m cr ophones 12
and 14, respectively, so as to provide an audi o signal output 1015
.generated by the m crophone signals 1060 outputted fromthe operational
canplifier 30 10w@.9788W@ea DC power inputted at term nal 1020 thrPCHIB96/01506
.resistor 1005, which signal and power being concurrent on t he sane
termnal. That is, the audio signal is out putted and DC power is being
supplied on the sane . termnal 1015. A nmethod to separate the DC and AC
at 35 point 1035 is desired, which is preferably the resistor 1030
coupl ed with the capacitor 1040. The DC obt ai n2d3t poi nt 1035 is used
to power the operational anplifier

PCT/ 1 B96/ 01506 WO 97/ 25790 55

1070 as well as the m crophones 1060, arﬁ the':=_t erm nal at poi nt 1015
is used to output the audio signal. At peint — 1015, the audio signal is
transmtted fromthe collector of éé"trarﬁ stor 1050, and the AC signal
is separated from 5 the DC signal by %e5| r (R 10(&coupl ed with the
capacitor (C) 1040. This resistor couple§ ¥ t he pacitor creates a
| ow pass filter that provides the AC 2 &ﬁo) and D@Power
Separation), which filters the AC
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fromthe DC. The AC and DC signals at point 1015 are 10 separated at
poi nt 1035 where only the DCis allowed to exi sts because of the
filtering action of resistor 1030 pl us capacitor 1040 arrangenent. The
audi o out put at wooezRpdent 1015 is generated by the AC signal s ofpcirigosnises
m crophones 1060. This separation is the preferred neans 15 for operation

of the present invention due to the m cr ophone subtraction that is
required. At 1015, the AC signal fromthe input and the DC power are
transmtted to the resistor 1030. The AC 3 jgpal is then filtered out

by the resistor 1030 coupled with th 1040, and 20 the DC
is used to power the circuit 1070. The aECZ@C 3Agnal which is an AC
signal is transmitted as an out put si gna Fig.
19 illustrates a different e i ment i wre micr ophones where
the power supply 2020 is 25 inpatteathreug esTstQr Z28Q5/and the DC

si gnal generated is transmtted onAhe sang wire MNeZe )
Therefore, the audi o AC signal puited by the collecto of the

transi stor 2050 i s superinposed e dc signal at tr anme term nal

at point 2015, the conbination B0 /<7&&=i_being supplied t& rAdsistor 2030.
The AC conponent is then fifl t¢red ouf ===t hg resi-ptor RO coupled with
t he capacitor circuifyf@e4e h {he remai Al ‘1.4 R aI ded to power
the circuitry designat By~ 055 -t A pr-eriHar anpl i fier
2070. The audi o out p§PEEtKnal 35 transmtte \: 3 ofner dted by AC

si gnal s out putted by the tWo m crophon d 4%l t'hef si ghal is
processed t hrough the circu\try 2055 and t he opggati onal
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PCT/ 1 B96/ 01506 WO 97/ 25790 . 56
2070, whi ch understanding i s apparent to those skilled in the art, and
outputted at the sane term nal at point 2015. This two-wi re m crophone
circuit is nore w9 than the prior three wire m crophonegrnnesnisos
circuitry, 5 involving an input termnal, voltage output termnal, and
ground termnal as shown in Fig. 17A. This two-wire m cr ophone
circuitry is utilized in any of the circuitry described in Figs. 4-5,
10-12, where the signal is . generated by at jgeast two racrophones. |
addition, the 10 two vigre nmiwrophone circuitry is also utlizZd in the =,
far-field directional m'gr ph&es shown in Figs. 14-16. i Fi
20 is an alternative enbeg ne @f Fig. 19 ° enpl oyi ng @tmchMre NN
m crophone circuitry, W:,nq%:ﬁg audi o si gnal output s&dd r inpu
transmtted at the 15 #arre 'Iéad-term' net 8645~ —Fhe AC-5i-ghat -geherated— —,
by the col | ector TE=tThnsi stor 13050 is outputted at s | ead
terminal 3015 as the DL pawer sjgnal, wiich is gener &e t he power
supply 3020 fed through t | resistqr 3005. Therefore,~ the JAC signal is
superinposed 20 on the aEg&Rl ST gna : Ich co
DC) signal is transmtied-io repistor 3030. It is here &
conponent of the conbi hed=AC plpus DC si dnal is fiﬁter‘:e'd
capacitor circuit 3040icoupled M th | the resistor 3630, t e
signal remaining used to R5 drive thefremaining circyitry B055 and the
oper ati onal anplifierf 3070, the unqlerstandi ng of tR uitry 3055
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I's apparent to-those skilled in the art. The AC audio si gnal outputted

by the microphone circuitry 3055 and 3070 is transmtted at the sane
termnal at point 3015 as 30 the DC supplied for the active noise

cancel | ati on syswmaswrnzs7zep descri bed herein. - The | ngcyi1gsdises
circuit conmponent w thout reference designations in Figs. 19 and 20
are connected as shown and wll not be discussed further, since the
35 connections and val ues are apparent tqut hosa_.slg#:)@ed in the art
and not necessary for an understandi ng of sent |nvent|on

PCT/ | B96/ 01506 W7/ 25790
Fig. 21 illustrates the closed |oop systgrajz g-—ﬂﬁ:orporat ed | nto t he

active noise reduction of the prior ?Ie—-gover ni ng equation is:
[err]
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whereby P represents the audits sound pressure, S is the audi o signal,
Herr] is the high pass filter, Herr] is the speaker at the headset,
‘B is the variabl e gai n/ phase control and Nis the noise at the pickup
m crophone. The wgQsMNsfgi se conponent 1210 is zero at the P, prepgusinvenisos
out put 1200 because of the very large transmssion gain (1 +

BH errJ]H err]). 1In order that the desired S audio signal 1220 whi ch
is inputted as an electrical signal is not cancel ed, two summ ng nodes
(1230, 1240) are added. The 15 audio signal 1220 is inputted into two

sunmm ng nodes (1230, 1240) to create thes £3¢nal transmitted to the
user ear. The first summ ng node 1230 adds the negative f eedback
signal to the desired inpuhgﬁudio si gnal . However, the signal feedback

fromthe m crophone cont ai 20 the deg + ;¢ signal as wel | |0§s the
: oi se siFJEZWhe c]&m jgpal to be

ambi ent noi se si gnal
subtracted fromthe

audi o signal 1220 tojppr-ea
signal contai ned. A second
into the. | oop to trang

which is governed by the il
(N+D)BH err]H err]+Nerr]. Iththe 30 7aq

pressure 1330, A representé t he stangﬁq ;
H err] represents the speaker at the headset. 1370; noi se
-at the pickup mcrophone 1315; D represents the ver §gguency

dirsturbance 1320; B is the variable

/100
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WD 97/ 25790 58 gai n/ phase controller
or calibration pot 1350; Herr] represents the high pass filter 1380
and N[ err] is the noise 1390 at the quiet zone at the ear of the
user. The aGhh ¥4y Se reduction systemis conprised of an ?9 06
| oop circuit having the follow ng conponents: an audio si gnal g
sensor m crophone 1310 able to detect and cancel noise 1315; a out put
transducer 1370 | ocated near the user''s ear; a variabl e gain/phase
controller 1350 to adjust the anplitude of the anti-noise 1315; a
summing 10 node 1360 to sumthe anti-noise i3§nal and audi o signal

1340; a high pass filter 1380 to prevent nechani cal vi bration i nduced
frequency di sturbance conponents 1320 fromreaching the output
transducer. The system detects anbi ent noi se 1315 by the sensor or

pi ckup m crophone 15 and applies el ectroacoustical processing to produce
an acoustical signal for canceling out the anbient noise. Thi s
system may be used to cancel all noise, so as to obtain a si I
representing speech, which is the desired si gnal 30 be hear diN\(hr ough
the ear of the user. 20 The active noise rgduction systemin
Fig. 22 cancel s noi s t a specific point in spac¢ by sensi nfo t hat
noi se 1315 with a sensorﬁcrophone 1310 and p.od ng an an®™- noi se
signal which is of the sa magni t ude but 180[ errfdout of p e wth
the input noise N err] 28esignal 1315. By adj usti ng e vari abl

gai n/ phase control | e Q350 to create an anti-noi ge'§ignal of the
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sanme magni tude, but 180 degrees out of phase with the noi se si gnal
1315, and summing the inputted audio signal 1300 and anti-noi se signal
at one summ ng node 1360 to 30 yield an anti-noise plus audio signal, the
anbi ent noi se wofsdd enuated without the input audi o 1300 bepogrssmsased
by mechani cal or vibration induced m crophone signals. The
vari abl e gai n/ phase control |l er or cali bration pot 1350 of the present
invention renotely 35 tunes or bal ances the sensor m crophone to the

out put speaker in the headset or any othgr3pcomuni cation appar at us
havi ng an earphone with a m crophone neans to WO 97/ 25790

59 transmt intelligible speech. The controller or cal i bration
pot bal ances the gain and phase of the frequency response of the

noi se signal detected fromthe pi ckup m crophone 1310 to match the
gain and phase of the 5 noi se conponent signal at a predeterm ned point
i n space. This point in space is in proximty to output transducer

| ocated in the earphone of the headset. Oten the phase conponent of
the noise signal is relatively flat due tQ the close proximty of the
m crophone to the output 10 transducere and the frequency response is
‘linear to the =

Cout=MIC |-

500
M

FIG.8
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out put transducer. By independently calibrating the gain and phase

m crophone and signals in output transducer of the headset in an
active noise reduction apparatus, to mat ch the gain and phase in the
ear phone, a theorywgahnsip zero is yielded at a point in space, orpdrsndsBisos
zone. Basi cally, the anbient noise signal is inverted to an
anti-noise signal by the adjusting the gain and phase to be cancel ed
wi th a noi se conponent |ocated at a predet erm ned point in space, i.e.
the quiet zone. The 20 gain phase controller gr,ncalibration pot of the

pr esent i nvention provides for flexibilitﬁﬁiﬁ the utilization of
headsets with any communi cation system i.e. flight controls system
conputer interface, tel ephone network, or the like, as the headsets
are readily adaptable for 25 use in any comruni cation system

Therefore, the desired audi o i nput signal 1340 is transmtted to the
out put transducer in the earphone wi t hout the disturbance of '
"background noi se. The out put audi q hat reaches the ear of the
user is of the 30 formula P=AHerr], i is{the desired audio

transm ssi on that was originallydnputtedito the headset or the |ike.
The reduced conplexity of the open | of® dest al | ows for all types of
noi se to be cancel ed, nanely syndrones, epeEtive, and transient. 35

. 22 can be
characterized as an open | oop system ™. ClOEfS | oop el ectrical

f eedback conpensati on. r

FlG.
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60 The systemin Fig. 22 is capable of driving a speaker by

enpl oying a nethod of adjusting the paraneters of the open | oop system
by the variabl e gayshpRgse controller 1350 and/ or correct apgepiHos61506
-filtering of the sensing 5 mcrophone. The preferably acoustic filtering
IS utilizing specifically selected foam the nost preferable IS
the Slo-Flo foamas shown in Fig. 23B. The positioning of the pick-up
m crophone 1310 relative to t he speaker and the foam creates an

acoustical waveguide 10 1400 as shown in Fig/33A between the headset

speaker 1370 or any ot hep, suitabl e speaker and the ear of the

user. This m crophone positiongg channels the desired audi o si | to
t he user ear canal and isol at \%)» BrtheH=e si gnal gener at e o] e
noi se detected by the pickup 15 M 5 X TCr ophpne
1310 is preferably placed outsi bl P and &

dist= the earyanal
of the user where the quiet-zone field]|as described in Fig. 24 i‘d\
created. The quiet zone in Fig. 20 24tmaintai ns phase agreenent between

t he noi se signal pi cked up by the g crophone and the anti-noise signal
| ocated in the acoustical wavegui de, |®cated behind the speaker. The
present invention is not concerned with the m cr ophone and speaker
being in substantially the sang 25 pl ane. Theé may be in the sane pl ane;
but, they do not need to b® in the same pl &ne. Rather, the noise
reduci ng device of the presnt invepLigini erned with creating
an acoustical wavegui de by use o TILL

ud
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filters between the device speaker and the ear of the 30 wuser, for

channel ling the audio input signal to the user's ear canal w thout

di st urbance from any noi se detected by the pickup m crophone 1310,

whi ch has been wogeassyaed ed. No noi se cancell ati on may occur wheRCTABIGHIRI0S
difference is 90 degrees, or 1/4 wavel ength and 35 reinforcenent would

occur at 180 degrees or 1/2 wavel engt h. The equation that governs this
di stance is: ' WO 97/ 25790 '

PCT/ 1 B96/ 01506 61

[err] where [err] = phase at specif#£38requency

[err] = distance f = frequency v = speed of
sound (in/sec) 5 The H1l transfer function 1380 of the open | oop
equation as shown in Fig. 22 is a high pass filter. over the

401

FI1G.9F
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frequency range, the high pass filter is active at Hl=1, and is

I nactive at Hl[err] O, The purpose of the high pass 10 filter 1380 is to

‘reject the |ow frequency nechanically i nduced transients ’in a regul ar

“manner so that tywe9ansidge noi se reduction performance i s CORCTARSSHIS0H

a regul ar manner, but not used as a | ead stabilization network as

I n the standard cl osed feedback systens. In the open 15 | oop equation

governing the present invention in Fig 22 is the placenent of the

br eakpoi nt, which provides opti mum performance of the device. The

breakpoint is where the anplitude goes fro[r%[fero (0) to the | eading

edge of the pass band. |In the frequency ran ow the 20 breakpoint,

Hi[err] 0 and the product (D x Hl) =0 The adj ust ment procedure is t hen

as follows: P=AH[ err (N+D) BH1H2+N1 becones

P=AH2- NBHLH2+NI i f 1 =N1 by B Zdj ust nent 25

P=AH2, which is de?Tred Audi o Si gna Above the breakpr)r nt,

H1=1 and D=0. The product H1 Defi=—t by simlaf reasoning, P-A %8 HE, the

desired audi o signgdl, The ._correct “Pplacenment andesl ope of ®
T ll

1 “?-

€O v
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t he breakpoint transition provides for the nost preferred 30 active noise

reducti on and opti num di sturbance . performance. Due to the inherent
stability of an open

PCT/ 1 B96/ 01506 Y& 97725590’ 90 6 2PCT/IBY6/015080 D
system the nmechanical and vibration | ow frequency . signal s can be
electrically filtered out w thout adding significant conplexity to the
circuitry and having to deal with closed |oop stability requirenents.
5 Measurenents of the transfer function of Fig. 22, have
shown that the open |oop concept is in engggkﬂent of the present

i nvention. The transfer function fromN t as shown a magni tude of

| ess then 1, and if the systemwas closed loop with G =1, H=1 10
. system t he maxi mum cancellation is 50%
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[err] 15 An open Loop systemin fact woul d approach 100%

cancel l ati on under these conditions. There is no need to add
a second summi ng node in the present invention as shown in Fig. 22.
However , thewydmsrsar t cl osed | oop noi se cancel |l ati on syst enpcRibogho1s06 €
adds the audio to reduce the effect of pick-up m crophone subtraction
as detailed in Fig. 21. The present system shows no audi o reduction
with only a singl e audi o summation node 1360 in Fig. 22, as the
present invention is concerned with canceling only noise 25 detected by the
m cr ophone 1310 and the m crophone is i ndepdhdent from the audi o signal
being transmtted to t he speaker for obtaining the desired audi o signal
1340. A nmechani cal diagram of the active type noise
cancel | ati on device of the present invention is shown in 30 Figs. 23A and
23B. The acoustic wavegui de 1400 shown in Fig. 23B, may perform anyone
of the functions of 1) WO 97/ 25790 i
PCT/ | B96/ 01506 22
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63 channel i ng sound between speaker 1410 and user ear 1430 and

2) isolation of sound emanating fromthe speaker/ qui et-zone 1440 at
the user's ear 1430 to the: noi se pi ckup m crophone 1420 at the edge of
t he speaker. 5 vwbemesywws of the nmechani cal design of the presentpdEeignésises
may be any of 1) close distance between the noise pickup m cr ophone
and the quiet-zone for accurate phase agreenent between noi se and
anti-noi se signals, 2) pl acenent, orientation and isolation of the
m crophone to 10 m ninm ze m crophone sensitiv” Y obe patterns in the
direction of the speaker so fr-g-tr—3)Tosepfiaf cpugtct-ter-jor
baf f|l e 1440, such as the pref& frogm{-Stoy o bpt oty sartabh &S
material may be used to 3 st tat—wavegr T
acoustical 15 waveguide is oHSe-prefctp—grophphe—i+grmihe
speaker as shown in Fig. 23A_{0 elthe dgul et-rome 1440 _jin {f r pnt] of
the user's ear as shown in Fi¢. A ngreaged spepker |efifijci gngy.
The acoustical wavegui de gy fecerye or—tirerapt—hottse—stegial ,
generated 20 fromthe signal {p eski ang pf tWe eleciric
signals fromthe m crophone— REL Ty T test-He—frti &
zone of the acoustical waveguidé. PTh Vi ge mitf'a%ous i vmﬂeghide
can be applied to headphonégs pof} al | jtvp nel wdilnagl ope agk,j that
is, no 25 ear passive earcups$, {orf cll ose back\\ﬁbe hegadsefs| {hat B3
W th passive noise attenuationh ¢a cups o; gny| of ?ﬂ sbi tabl ¢ Headsets
utilizing a receiver and trangsdyicgr. Fitg.l 2@ §star
eval uati on of a quiet zone t+# sipaterniter Hhe—frristreetot—is { S<
the noi se vector 30 and t he—$e¢ofereti-gr—isitherahti—Rerpetreeton—Hb0
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produced by the active noise reduction system of the pr esent

i nvention. The two vectors create an angle [err], whi ch phase and
magni tude is attenuated by the variable gai n/ phase controller, thereby
controlling and Wieéglsyee 35 reduci ng the anti-noi se processing i pguas5801506
di stortion of the desired electrical input signal; which is converted
WO 97/ 25790 64 to an acoustic
signal and transmtted to the ear of the user. Fig. 25
illustrates a schematic di agram which enbodi es the active noise
reducti on system described in 5 Fig. 22. Thgsgphenatic di agram conprises
a pickup m cr ophone 1600, a speaker 1650, a vari abl e gain/phase
controller 1610, an signal convertor 1620, a sunm ng anplifier 1630, a
power anplifier 1640, an anti-noise out put signal 1660. A standard
audi o signal 1605 is 10 inputted to the user of the headset. The sensor

pi ckup m cr ophone 1600 detects anbi ent noise and creates an

el ectrical signal. This signal is inputted into an el ectro-acousti cal
processing unit, which is conprised of t he vari abl es gai n/ phase
controller 1610, the signal -

FIG.138

o CL08E TALK NG RESPONSE
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15 <convertor 1620 and the summary anplifier 1630 to produce an
acoustical signal for canceling out the anmbient noise, referred to as
an anti-noi se signal outputted at 1600. This anti-noise signal is
placed in front of the speaker at sone point in space to achieve a
qui et zone as sheMPI28®0 in Fig. 24. The desired input audio siRFFBI&RIS
IS i sol ated or disposed fromthe m crophone, hence, the i nput
audi o signal is not associated with the anbi ent noi se detected by the
pi ckup m crophone 1600. The original input audio signal 1605 is able
to be 25 transmtted through the speaker into quiet zone, without

noi se di sturbance. Therefore, in the open | o¢pp/s3fet em of t he present

i nvention; the audio input signal generated in the active noise
reduction systemis not disturbed by t he ambi ent noi se, which noise is
detected and reduced by 30 the sensor pickup mcrophone circuitry
conprising: the vari abl e gain adjustor 1610, the Eﬁmnunication audi o
1620, the sunming anplifieriZ®¥630 and the power anplifi®s 1640. Hence,

t he audi o i nput signal 16@5*®oes not have to be dgubl e added as
required-in a close | oop g¥ystem 35 Fig. 26 | ustrates a
different embodiment of = Fig. 25 which incorporatepg™~an open | oop system
for active noi se reduction by using a sensor pick m crophone 1700,
PCT/ 1 B96/ 01506 & =2
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65 . a variabl e gain/phase controller or calibration pot 1710,

communi cation audio signal 1720, a sunmm ng anplifier 1730 and a power
anplifier 1740, and speaker 1750. The operation of this circuit is
described in Figs. 22 and 5 25. : Fig. 27 is a preferred
enbodi ment of Fi gWO¥25M0 i th a high pass filter circuit 1840 ad®#cunbm/otsee
active noi se cancellation systemto reject on a regular basis t he

| ow nmechani cally induced transients so not to 10 interfere with the active
noi se reduction perfornmance. The high pass filter circuit 1840 is not
to be used as a | ead stabilization network as in the standard feedback
system Fig. 27 also contains a saturation r dd1dd0i on 1860 for clipping
di odes. The function of the clipping 15 diodes in Fig. 27 is }EZ)@ /641
out put transducer fromreaching its physical |I§Q§ That

the anplitude of the S|gnaI-|nputtpd to Bhe trapsg to prevent t he
speaker or output transeses SRt e =

The individual circuit coqggegnt

Figs. 25-27 are conned ) g\ & -
since the connecti M* Ot e e | n
the art and not necessary fdr‘aﬁ ) sent SOUND

i nvention. Flg 28 is an enhancenent of the active noi gyt
cancel | ati on and noi se redudtion systemutilized in a headset having a
"tal k-thru" capability. - ‘THE'Eﬂﬁaﬂfenent in Fig. 28 is

achi eved by 30 including the follow ng feature an autonmatic audio

m crophone transm ssion in the active noi se cancellation systemto

sense speech ("VOX circuit") 1950, the ability to transmt a portion of

t he received m crophone signal

F/G /68

w0 | 910
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to earcup of the speaker ("sidetone circuit") 1960, 1907, 35 1970 and

1930, the capability of converting an active noi se cancel | ation

m crophone to a standard omni - di rectional m crophone by renoving the
voi ce m crophone -

PCT/ | B96/ 01506 \\W®Y7#25%9000 66 PCT/IB96A15e6m
the circuit, and increasing the gain of the noise m cr ophone
anplifiers ("talk thru") 1930. Wth the "talk thru" feature, all audio
(1990) fromthe external area is transmtted to the earcup speakers
1980 by an increased 5 gain sidetone channel 1907. The enhanced active
noi se cancel | ati on and noi se reduction hiaBlet in Fig. 28

conprises: active noise cancellation mcrophone 1900 -that detects only
t he audi o signals and active noi se cancel | ati on m crophone 1901 t hat

detects the audio 10 signal and background noizﬁ; a({Erst S1A switch 1910
havi ng a noi se canceling node and tal k-thru nod or,lo position; a second
S1B switch 1925 having a noi se cancel ing no nd a tal k-thru node; a

third S1C switch havi ng a noi se cancel i ng de and a tal k-thru node; a
15 Push to Talk (PTT ) switch 192 i ] posi tion and
si mul at ed speech signal node; active noise cancdl | ati on m clipphone
anplifier 1940; VOX circuit 1950 /p
iCCe™—~—L eout
—— 1003
PRIOR ART
Ve 1001
IOOS\ R
_ \ e
1004 — . A oui\_ 1002

¢1F$____

1003
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speech signal 1955; transm ssion gate 1945; buffer anplifier 1935;
audi 0 system 1915; scaling anplifier 1970 20 having a gain control function
1907, a sidetone signal © 1960 inputted at 1906; earcup speaker 1980;

ext er nal audi o system 1990; and an active noi se reduction system as
preferably descrwioadzsrdoh respect to and shown in Fi gur es 21rQriABIaIONSes
headset in Fig. 28 operates in 25 either a noise canceling node or a

tal k-t hru node. i In the noise canceling node, the switch Sl is
inthe " N' position 1910, and the active noise cancel | ation

m crophones 1900 and 1901 are operating as oprevious descri bed herein.
The PTT switch (Push to Tal k) 30 1920 is nog activated in the noise
cancel i ng node. The - VOX circuit 1950 which is connected to the

m cr ophone out put of the m crophone anplifier 1940 at A 1945

nonitors the m crophone output signal of the anplifier 1940. The VOX
conprises an attack tinme (turn "on time" 35 averaging circuit of audio),
and a release tine (turn "of f time" averaging circuit of audio) which
is adjusted  to mnimze response to spurious signals and to keep the
WD 97/ 25790 PCT/ 1 B96/ 01506

67 m crophone "on tine" to a m

ni napad n the noi se canceling
o
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node. This in reality will increase the system s speech to noise ratio
"S/IN'. Wien the VOX 1950 has determ ned that the signal at the output
of the m crophone is 5 useable audio, it will activate the "speech
signal " at poi nt C 1955, which will enable the transm ssion gate

1945 and al | ow t W© 928799phone audi o outputted fromthe act | MermoEA %06
cancel l ati on m crophone anplifier neans 1940 into the buffer anplifier
1935 and then to the audio 10 systemat E 1915. In addition, this audio
1915 i s sent to the scaling anplifier 1970 at W1906 to provide a

si detone signal to the earcup speakers 1880 when the third swtch SIC
1960 is at N, the noise canceling m@e. & o Thepkcying anplifier 1970 can
al so sinmultaneously accept 15 an i fyut an external audio system 1990,
i.e. di stinctive sounds f % oundi ngs, such as sirens,

byst anders voi ces, or other 8xernal sg1nd§ not .bei & transmtted by
the m crophones 1900 and 196E. The sl cofBosite sﬁb at the earcup
speaker 1980 is the linear 20 additi & of °9i det one&al 0 and external audio
1990. . In the tal kghruSrpde, switcEsZL Fs placed in t he

tal k-thru node or position showngas 93| Wnd
third swtches (1910, 1925, 1930). & bhone 1900 is

di sabl ed. The voice and noise 25 habl ed. The

m crophone anplifier 1940 out put af { hoi se

omi di recti onal m cr ophone 190l oui—p-uh. K-t hru node, tlhe VOX
circuit 1950 is bypassed by the second Sl@,:gu’- C g pl aced i the
talk thru position, which allows the di rrggeﬁ Df the noi se

omi di rectional m crophone signal . alu er anplifier 1935 at
"D 1903 and then outputted to the dio sy at EE As a rgsult,
no speech signal is inputted to triansg=5ions 1945 . out gut at
B 1904 because the gate 1945 is disabled. & 35 in gontrol functijon

1907 of the scaling anplifier 1970 ‘i's-é'*ﬂ'e'r-eas-a Wl%G by t hqg
[~ ~4

_acti on of switch S1C 1960,
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at the talk thru position 1930. Thus, the sidetone WO 97/ 25790

PCT/ 1 B96/ 01506 68 signal outputted
fromthe active noise reduction system (described in Figs. 21-27) is
i ncreased at the speaker 1980. An a result of the
arrangenent descwolsedsion 5 Fig. 28, and without the physical aBETAB/IH6
any ot her m crophone el enents, a talk thru feature has been added
to the headset described with respect to and shown in Fig. 9-27. This
al l ows audi o transm ssion of voice to be heard in the earphone speaker
01980 without renoval of the 10 headset. Thi /ﬁphancerrent provi des the
headset user the option to continuously wear fhe headsets to receive
t he audio transmtted fromthe mcrophone _sigBls, as well as any
other distinctive external noisg in the suZouding environnent. This
external noi se can be any soun@, —such 15 H&,g}?jd}gsi ons, energency sirens
or bystanders speaking to t’ﬁe%ﬁﬂgg éhzgnhancerrent avoi ds the
awkwar dness and i nconveni ence 8ncount eNed |i n=F&#Bvi ng t he headset
constantly throughout the day to hear exter gl not bei ng
I nternally conmuni cated thru signal sl_i_n_,t he @0 headsgt. The-tser now is
able to hear internal audio l—',<}; . K
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signals and external audio fromthe surrounding envi ronment whi'l e

wearing the active noise reduction and noi se cancel | ati on appar at us
described with respect to and shown in Fig. 28. 25 Furt her,
al t hough the above-descri bed enbodi nents of the present invention have
been descri bed wo%mmsi9se with tel ephone handsets and boom m crpEINBYEM1586d
the like, the present invention is not so limted and may be used with
nuner ous ot her devices such as intercom 30 systens, telenetry, acoustic
surveill ance m crophones, directional m crophones and so forth.

Further, the invention can be utilized in voice recognition and/ or
verification systens such as systens for access to physical facilities,
conput er programnms, 35 conputers or automat@gs/B3gl1er machines and the |ike.
Additionally, the present invention nmay be used with processi ng devi ces
operating in accordance with .

PCT/ | B96/ 01506 WD 97/ 25790 69

predet erm ned processing algorithns, as described in U S Pat ent . No.
5,251, 263, which has a conmon assignee wth t he present application,
and which is hereby incorporated =

i

1210

1240

FIG 2/
PRIGR ART
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by reference; however, such is not believed necessary to 5 the invention.

Furt hernore, although preferred enbodi nents of . the present invention
and nodifications thereof have been described in detail herein, it is
to be understood that this invention is not limted to those precise
10 enbodi ments sngloraxted | cati ons, and that ot her nodi f i cat PCTaBI0YS06
vari ations nay be affected by one skilled in the art w thout departing
fromthe spirit and scope of the invention as defined by the appended.
cl ai ns. : 70 \What
is clained is: 1. Atw termnal transducer for use in a noise

cancel | ati on apparatus for reducing background noi se conpri sing:

a housing having first mcrophone neans for r&/&80ving a first acoustic
sound conposed of speech originating froman operator operating said
apparatus and background noise, and for converting said first acoustic
sound to a first signal, and second mcro ne &4eans arranged at a
predeterm ned angle [err] in close proxim with respect to said first
m cr ophone neans for receiving '

+
!
=
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a second acoustic sound conposed of substantially said background noi se and
for converting said second acoustic sound to a second signal; at

| east one of the first and second m crophone neans includes a plurality of
m cr ophones; said first and second m crophones are connected to a
differential anpypfehgsregeans. of the noise cancellation apparat PCT/EB6AES06 O -
obtain a signal representing substantially speech; the anplifier
means is for receiving acoustic sounds from each m crophone and has a first
term nal and a second termnal, wherein the second terminal is grounded,

a voltage neans for inputting a DC supply ﬁgﬁﬁ3 a transistor neans
connected between the first termnal and t ogtage means for receiving
and anplifying an AC signal representative of the audio input from each

m cr ophone; means for filtering the anplified AC signal fromthe
DC signal, so the DC signal powers the anplifier neans. 2. The
two termnal transducer according to claim1, wherein the anplifier neans
is an operational anplifier.

FlG.238
1400

1430

1400

Fl1G 234
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71 _ 3. The two termi nal transducer according to claim1l1, wherein
the nmeans for filtering the AC signal fromthe DC signal is a resistor

coupled with a capacitor circuit. 4. An open-loop active noise
reducti on apparatus for reducing anmbient noise in the vicinity' of a
eardrum conpri SWwWa97/257%0 a housing for receiving an input apci/fBe6/o1506
si gnal : ~an out put transducer located in the housing; an

i nput transducer for detecting and reduci ng anbi ent noi se, the input
transducer not |located in substantially the same plane as the out put

transducer: an open-| oop signal processing neans to reduce the
anbi ent noi se detected by the input transdpger3p an acoustic neans
i ncl udi ng an acoustic wavegui de for transmtting the input audio signal to
t he eardrum wi t hout di sturbance of the anbient noise; and havi ng

| ow pass filter characteristics wwth a zero phase shift over a desired
bandwidth to isolate the output transducer fromthe input transducer for
channeling the input audio signal '

1500

1501

FIG. 24
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representing substantial speech between the output transducer and the
eardrum wherein a quiet zone is created to isolate sound transmtted from
t he input transducer.. 5. The active noi se reduction apparat us,
according to claim4, wherein the acoustic neans is an acoustic filter
when | ocated in pwexemistop to the i nput transducer and an aCOUStICPéﬁhQWﬁéki
when | ocated between the output transducer and the eardrum

An open-| oop active noise reduction apparatus conpri sing: a
housi ng havi ng an ear phone; m crophone neans nmounted in the
ear phone facing towards an ear of a user for detecting unwant ed anbi ent
noi se; means to convert the noise to @Ctric si gnal s;
72 phase shifting gpd attenuation nea% onnected to the m crophone
to provide an inverted antT- e
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noi se signal ; an out put transducer substantially out of plane with
the m crophone neans for transmtting the audio signal to the user's ear;
means for preventing mechanical vibration induced | ow frequency

di sturbances frombeing transmtted to the output transducer; an

acoustical wavegwidlgydsas ating the mcrophone neans fromthe out pgiaBoemises

transducer for creating a quiet zone in cI@SOproxi mty to the output
transducer and thereby excludi ng the unwant anbi ent noi se from reachi ng
the user's ear. 7. An open-loop active noise reduction apparatil
for use in a headset with a &o ] phone to reduce=anbi ent noise from
reaching a user's ear w thouts=i s:burbinnb a desired audip signal outputtedg

to the ear conprisi ngm ear §ho ed within the hghdset, a
pi ck-up m crophone fo et ecti ngZnoi signals within Bhe earphone facing
towards the ear; C\] open- | ns for converti g the noise signals

into el ectric signal s;
el ectric signals to t ear phone
of phase with the anmbignt noi g
mounted in the earphoné®havin
characteristics wth a zerogph

-acoustic neans~for applying the
duce acoustic signals 180[err] out
o an out put transducer neans

ical filter having low pass filtgdg
over a desired band-w dth for

coupl i ng speech Zn
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to the user's ear and isolating vibration induced | ow frequency

di sturbances fromreaching the user's ear. 8. An open | oop noise
reduction systemfor use with an active noise cancell ation apparatus
conpri sing: . a pick-up mcrophone |ocated in the headset for
detecting noi se sv@ofksysd 0 convert to electrical signals; PCT/IBY6/01506
73 a speaker located in the headset having an acoustic nmeans wth
| ow pass filter characteristics wth a zero phase shift over a desired
bandwi dt h; an audi o E[ ansm ssi on si gn ?730 means for
electrically rejecting vibr '_L_ et pegel ectrical signal; a
vari abl e gai n/ control mear%?or’ P'\Le—“' lge signal to_pfoduce an
anti noise-signal: / Ry Pt =
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the acoustic means -for filtering out mechanical vibration induced |ow

frequency di sturbances fromreaching the speaker; ' acoustic

sunmmi ng neans to conbine the anti-noise signal and the noise signal to
produce a quiet zone in the acoustic neans: means for
transmtting the waod?/zs796 gnal to the speaker; and means PCOABI6/01506
mai nt ai ni ng phase agreenent between the noi se signal and the anti-noise
signal of the speaker. 9. The open | oop noise reduction system

according to claim8, wherein the neans for rf! ﬁ&ti ng | ow frequency
responses is a high pass filter. 10. opeH | oop noi se
reduction systemaccording to claimg wherein the quiédt-zone means is an

acoustic filter. ' 11. Th ¥ se reduction systiem accor dj to 25
claim8 wherein the active ngjise k&¥®l|ation apparat us conpri sgy! S
a housi ng having first nicrophonel e%hs for receiving a first acOMbtic w %
sound conposed of speed® ori g &g from an operatjor ‘operating I d se
apparatus and backgro@(i,‘:',noi se, for converting|saild first asstic ;é
sound to a first si n%,gand segofEb m crophone maanﬁ ar'ranged at
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: A : . ampsUo-t

- predetermned angle [err] i . with respect to sai d™ir st

m crophone neans for recei vnmumlﬂu!mmmlmlmt I ¢ sound corrposedﬁﬂj ACEMENT SHEET
subst‘?nt ially sai d background ndisé alld Yor® convertjng said secon(}' _

acoustic sound to a second signal; and

74 means for subtracting said sggond signal fromsaid first signal
so as to obtain a signal representing substantially said speech.

12. The ppR JdfLdeifisi on system of claim8 wherein the variable gain/control
means automatically adjusts for interfacing with a communicati on system
13. An open | oop active noise reduction apparatus for reducing anbient

noi se in the yigl tU/iotté/rgxlh?dfl trﬁﬁ&%ux[%?rﬁﬁlruk'mq LRIR LefMion apparatus for ﬂ:dﬂﬁh'gfi ng for

recei ving an input audio signa an out put transducer located in

t he housing; @ o . d-pput transducer located in the housing for
detectingdaﬁ%wg%?nﬁﬁﬁg@ﬁ?%géted in the housing;

-a housing having first microphone means for receiving a first aéoustic sound composed of
speech originz-lting from an operator operating said apparatus and background noise, and f‘or
converting said tirst acoustic sound to a first signal, and second microphone means arranged at a
predetermined angle ¢ in close. proximity with respect to said first microphone means for receiving.
a second acuusfic sound composed of substantially said background noise and for converting said
second acoustic sound to a second signal;

at least one of the first and second microphone means includes a plurality of micn_mphunés;

said first and second microphones are connected to a differential amplifier means of the noise
cancellation apparatus so as to obtain a signal representing substantially speech;

the amplifier means is for receiving acoustic sounds from each microphone and has a first
terminal and a second terminal, wherein the second terminal is groﬁnded;

~a voltage means for inputting a DC supply bias;

é transistor means connected between the first terminal and the voltage means for receiving
and amplitying an AC signal representative of the audio input from each microphone;

means for filtering the amplified AC signal from the DC signal, so the DC signal powers the

amplifier means.

2. The two terminal transducer according to claim 1, wherein the amplifier means is an

operational amplifier.
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an open | oop signal processing nea ' se detected by the input
t ransducer; an acousti c. ngmmnmﬂﬂmJMass filter REPLA EME
characteristics with a zero phase shift dver tfie “desired bandwi dt E ’f(g NT SHEE
i sol ate t he output transducer fromthe input transducer for channeling the
I nput audi o signal representing substantial speech between the output
transducer and the eardrum and an acoustic wavegui de neans for
transmtting the input audio signal w thout disturbance of the noise to
the eardrum cr3eqhd (@ ternlitl @hnsdQRE adcOrdinEQh bt 5.oMMReL4 the Rriistibedkin@ e Ade

I nput transducer. 14. An active noi se cancellation and noi se

reduct i ORgaMSE RN IFC Vighat il AesiBBAElRBled Wath o LipRASikchik.ng audi o signals from
m crophones and for receiving external audio froma surroundi ng

envi ronnment conprising: a first mcrophone means having a first
swi tch neans hawhNfpesiddpiadife HBRE Rlabiidn APARANHr Adudif dntidht HoiSOHShSNGinfy
second m crophone neans; a m crophone anplitier neans connected to

the m cropheR@fimdYeompiisia@nd switch neans having a noise canceling node and
a talk thru node;” =~ = | |

a housing for receiving an input audio signal:

an oufput transducer located in the housing;

an input transducer for detecting and reducing ambient noise, the input transducer not located
in substantially the same plane as the output transducer;

an open-loop signal processing means to reduce the ambient noise detected by tﬁe input |
transducer;

an acoustic means including an acoustic waveguide for transmitting the input audio signal to
the eardrum without disturbance of the ambient noise; and

having low pass filter characteristics with a zero phase shift over a desired bandwidth to
isolate the output transducer from the input transducer for channeling the input audio signal
representing substantial speech between the output transducer and the eardrum,

wherein a quiet zone is created to isolate sound transmitted from the input transducer.

5. The active noise reduction apparatus, according to claim 4, wherein the acoustic means is
an acoustic filter when located in proximity to the input transducer and an acoustic waveguide when

located between the output transducer and the eardrum.

6. An open-loop active noise reduction apparatus comprising:
a housing having an earphone;
microphone means mounted in the earphone facing towards an ear of a user for detecting

unwanted ambient noise;

means to convert the noise to electric signals; REPLACEMENT SHEET
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75 = an audio m crophoneLl“l“Uﬁ'lm Hum ns for connecting the
anplifier nmeans when the first the second sw tqi&:‘w%h}

are operating i'n t e noi se cancel i ng node, erein the m cropho
transm ssi on neans i s bypassed when the first switch neans and the second
switch means are in the tal k-thru node; transm ssion gate for

transmtting the audio signal from bothym crophone neans to a buffer
anplifier when the first switch neans and second switch means are in the

noi se cancel i Rfase WWHR : M%&u mus m@dnt mmémustﬁ 'tm.%bﬁmh % ;Qbﬁ@@h?@lvéﬁ%@ fud-ne

second switch nmeans is in the hru node;
ampli fieg,geapsyfor transmtti ng the audi o si gnal recei ved fromthe
transm ssion gate to an audio system and to a scaling anplifier when the

first switch qﬁ%ﬂﬁuﬁ?ﬂs&ﬁ&%ﬂ% @ Swil &e%&r,@&,h@&em tfnhﬁad“ﬂhﬁﬁr

cancel i ng nod | er means

t he audi %esd#gﬂa‘a@a(t%qgé Y& g the m crophone anplifier neans Wnen t he

first switc S and second’ switch neans are

means for preventing mechanical vibratmn induced low frequency disturbances from being
transxﬁitted to the output transducer;

an acoustical waveguide isolating the microphone means from the output tr;.msducer for
creating a quiet zone in close proximity to the output tfansducer and thereby excluding the unwanted

ambient noise from reaching the user’s ear.

7. An open-loop active noise reduction apparatus for use in a headset with a boom
microphone to reduce ambient noise from reaching a user’s ear without disturbing a desired audio
signal outputted to the ear comprising an earphone located within the headset;

a pick-up microphone for detecting noise signals within the earphone facing towards the ear;

open-loop means for converting the noise signals into electric signals;

electro-acoustic means tor applying the electric signals to the earphone to pr.oduce acoustic
signals 180° out of phase with the ambient noise;

an output transducer means mounted in the earphone having an acoustical filter having low
pass filter characteristics with a zero phase shift over a desired band-width for coupling speech |
to the user’s ear anﬁ isolating vibration induced low frequency disturbances from reaching the user’s

ear.

8. An open loop noise reduction system for use with an active noise cancellation apparatus
comprising:

a pick-up microphone located in the headset for detecting noise signals to convert to electrical

signals;
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operating in the talk thru node. LI“I mﬁmmﬁmml ifier having a
third switch neans having a noise canc t al k- thBEPME?E T SHEET
provides a sideton€ signal to an earcup *of“a 'spdakér fransmitted from N

m cr ophone neans and fromthe external audio when all the switch means are
operating in the noise canceling node; the scaling anplifier

having a gain control, wherein the gai mgontrol is increased when all the
switch nmeans are operatlng in the talk thru node to increase the sidetone

signal to a SBS Rérlocated in fhe heet Adihg/! J‘Q&xﬁ@ mreﬁQ%L H 108 gﬁ%ﬁ%ﬁt@mhgtEIQ@}lé{E? 1gnd

outputs the sidetone signal to the spe Int ead

The noi S%lﬁx%diéﬁ%lﬁgk ﬁxﬁ?ﬂvcﬂtathgu?eﬁ%%ﬁl to_ claim 14, wherein the first
|

m crophone ‘means” is an omi di recti onal’ m crophone consisting of speech

only. 76
t
16. The noise’ré d%tm%srqlmﬁjaa“"rggfus accord| ng to claim14, wherein the second

m crophone means for electrically rejecting vibrations of the electrical signal;

a variable gain/control means for inverting the noise signal to produce an anti noise-signal;

the acoustic means tor filtering out mechzmi_cal vibration induced low trequency disturbances
from reaching the spes..ker;

acoustic summing means to combine the anti-noise signal' and the noise signal to produce a
quiet zone in the acoustic means;

means for transmitting the audio signal to the speaker; and

means for maintaining phase agreement between the noise signal and the anti-noise signal

of the speaker.

9. The open loop noise reduction system according to claim 8, wherein the means tor

rejecting low frequency responses is a high pass filter.

10. The open loop noise reduction system according to claim 9, wherein the quiet-zone means

is an acoustic filter.

11. The noise reduction system according to claim 8 wherein the active noise cancellation
apparatus comprises:

a housing having first microphone means for receiving a first acoustic sound composed of
speech originating from an operator operating said apparatus and background noise, and for
converting said first acoustic sound to a first signal, and second microphone means arranged at a
bredetermined angle ¢ in close proximity with respect to said first microphone means for receiving

a second acoustic sound composed of substantially said background noise and for converting said

second acoustic sound to a second signal; and REPLACF*. - 7 ‘--‘=-?"ET
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active noise reduction apparatus ihcludi'ng”a *holisi ng conprising a speaker
to produce an acoustic anti-noise signal in the housing, a mcrophone to
detect an external noise signal, an76coggtical wavegui de -having zero phase
shift over a desired bandwi dth to isolate and direct the acoustic

anti-noi se si gfighs frABGREng FdCRMAQNBal AR sANRMREA WK @dbii! DB MEANS
to calibrate the acoustic anti-noise signal to create a quite zone in the

housi ng f@freRR@EAlbAMuMIY fai@Epebiddependent el ectrical assenbly, wherein t he
apparatus is callbrated separately fromthe electrical assenbly, the nethod

conprising the steps of. produci ng the external noise signal

having a gain @f‘%?ﬁ]ﬁ@reﬁﬁ‘&ﬁ{?ﬁfs&lﬁﬁ*&ﬁﬁaf’&d\vl@&iﬁ Iﬂf%.vaﬂlbl% SO0l Reddde

housi ng; Inputting the external noise signal Tecelived by the

m cr 0phorbﬁt(‘)m[iaglgbldﬂlgtg'i’(ﬁ'tihl(éﬂﬁ!ilggc‘fiftlpa REAGESA GeflRANS In the electrical |

assenbly to proddce an el ectrical anti-nolse signal; transmtting
to the speaker the electrical anti-noise signal having an equal gain and

-opposite phasg r,esponse. t Q. Lxternal noise signal tected. Q.
m cr ophone; and’ A (’%Qn ﬁ’“p %%E@lseﬁggg’d?‘ﬂgg&%“ rﬁ&"zintc’lr rﬁ‘ﬂ%@é “g'g‘s‘fg‘o‘%’gsé* “g%etvg'gmty

el ect i cals @LiqR Shoplige! by the amplitude

a housing for receiving an input audio signal;

an output transducer located in the housing;

an input transducer located in the housing for detectihg ambient noise located in the housing;

an open loop signal processing means to process nuise detected by the input transducer;

an acoustic means having low pass filter characteristics with a zero phase shift over the
desired bandv(ridth to isolate the output transducer from the input transducer for channeling
the input audio signal representing substantial speech between the output transducer and the
eardrum; and

an acoustic waveguide means for transmitting the input audio signal without
disturbance of the noise to the eardrum creating a qhiet zone to isolate sound transmitted trom

the input transducer.

14. An active noise cancellation and noise reduction system for use in a headset for
transmitting audio signals from microphones and for receiving external audio from a surrounding

environment comprising:

a first microphone means having a first switch means having a noise canceling mode and a
talk thru mode and a second microphone means;

a microphone amplifier means connected to the microphones by a second switch means having

a noise canceling mode and a tatk thru mode;
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adj ust mnent neans |ocated in the n0| B@ﬂl Hul:ﬂ ratus to match the gain
and phase response of the external yield a theorBEPWEMENT SHEE
zero in the quitet zone. 18. “Thé nethod in claim 17 wherein the _
anpl i fude adjustnent neans is a cal i bration pot .

PCT/ | B96/ 01506 WO 97/ 25790 75 77

first swtch nmeans and second switch neans are in the noi se cancel i ng

node, wherein the transm ssion gate is - disabled when the second switch

nmeans i s in thg ahidb kidrfBphdne transmiBBE imeans for connecting the ainplidd Ulhfy widithé fitser
means for transmtting the audi o- signal received fromthe transm ssion

gate to @Ritch meandUfd MeS¥Dh® BWidhdndaRs @e Sp&hdidgdn A¥oksk kcelMpaRodeN @hdrbinst
switch nmeans and second switch neans are operating in the noi se

cancel i NghdRE&iphone tmnsmlssmn means idWypRuéS ﬁﬁen%ﬁ@ﬁﬂ\f é»ﬂfuh%@{% anl Qe QLJrﬂCt ly
out putting the audio signals recei'ved by the m crophone anplifier

means WheRitihGednk aid ; %M\“h{aﬁctthfﬁelﬁ(ﬂﬁ and second switch nmeans are
operating in th etalﬁ ru node; the scaling anplifier

Pg?’ L n? h?ut R'DBQI' ﬁs\%lgﬁtrh gate for H‘gﬁﬂﬁmnﬁh Q&Ii@si@ﬂf-{ %Sm%ﬂlcnﬁi&dﬂﬂm{é[}%n@&ﬁda Bhtter

amplifier when the first switch means and second switch means are in the noise canceling
mode, whereih the transmission gate is disabled whén the second switch means is in the talk
thru mode;

the buffer amplifier means for transmitting the audio signal received from the transmission
gate to an audio system andl to a scaling amplifier when the first switch means and second
switch means are operating in the noise canceling mode;

the buffer amplifier means for directly outputting the audio signals recéived by the
microphone amplitier means when the first switch means and second switch means are
operating in the talk thru mode.

the scaling amplifier having a third switch means having a noise canceling mode and a talk-
thru mode, provides a sidetone signal to an earcup of a speaker transmitted from both
microphone means and from the external audio when all the switch means are operating in
the noise canceling mode;

the scaling amplifier having a gain control, wherein the gain control is increased when all the
switch means are operating in the talk thru mode to increase the sidetone signal to a speaker;

an active noise reduction System receives and outputs the sidetone signal to the speaker in the

headset.

15. The noise reduction apparatus according to claim 14, wherein the first microphone means

is an omnidirectional microphone consisting of speech only.
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provides a sidetone signal to an ll ulﬁﬂ ker t r ansrAEPLASENE Nﬂg
both m crophone nmeans and from thIHlmu “ audi o when all the swt HEET

means. are operating in t he nbdi se dandel fng” node; ' t he
scallng anplifier having a gain control, wherein the gain control is

I ncreased when all the switch rreans7€are operating in the talk thru node
to increase the si detone6 & 110001t O16D

16. The noise reduction apparatus according to claim 14, wherein the second microphone
means is an omnidirectional microphone consisting of substantial speech and background

nojse.

17. A method for independently caiibrating_ an active noise reduction apparatus including a
housing comprising a speaker to produce an acoustic anti-noise signal in the housing, a
microﬁh’one to deteét an external noise signal, _alﬂﬁcoustical waveguide having zero phase shift
over a desired bandwidth to isolate and direct the acoustic anti-noise signal from the
“microphone, and an amplitude adjustment means to calibrate the acoustic anti-noise signal to
create a quite zone in the housing for operation with an independent electrical assembly,
wherein the apparatus is calibrated sepdrately from the electrical assembly, the method
‘comprising the steps of:
producing the external noise signal having a gain and phase response detected by the
microphone in the housing;
inputting the external noise signal received by the microphone through acoustic-electro
processing means in the electrical assembly to produce an electrical anti-noise signal;
transxﬁitting to the speaker the electrical anti-noise signal having an equal gain and opposite
phase response to the external noise signal detected by the microphone; and
balancing the gain and phase response of the electrical anti-noise signal by the amplitude
adjﬁstment means located in the noise reduction apparatus to match the gain and phase

response of the external noise signal to yield a theoretical zero in the quiet zone.

18. The method in claim 17 wherein the amplitude adjustment means is a calibration pot.
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(57) Abstract

This invention relates to & method and an apparatus for reducing ambient noise for use with a headset or a boor headset attached to

a boom mlcrophone device or the like. The apparatus can include a sensor microphone to detect a background nolse signal, a desired input
audio transmission, and signal processing means for canceling the noise signals to create an inverted antinoise s:gnal within an acoustical
waveguide located adjacent to the carphone of headset. The method for reducing noise according to this invention is provided by an open
loop circuit allowing the input andio signal from an operator or caller to be transmitted to the user's ear without the disturbance of unwanted
ambient noise. The method provides ajustments to the gainfor and phase of a noise signal for canceling the noise component detected,
within an acoustical waveguide to produce. a quiet zone for the desired audio speech to be transmitted. The apparatus can also include a
noise cancellation microphone transmister system having a first and second microphone arranged such that the first microphone receives a
desired speech input and the background noise present in the vicinity of the speech, and the second microphone receives substantially only
the background noise. The background noise from the second microphone is converted into a comesponding electrical signal and subtracted
from a signal comresponding to the speech and background noise obtained from the first microphone so as to produce a signal representing
substantial the speech. The active noise cancellation and noise reduction system is enhanced with the following features: an automatic audio
microphone transmission by sensing speech (a "VOX" circuit), transmitting portion of microphone signal to earcup speaker by an increased
gain sidetone channel ("sidetone”), and converting an active noise cancellation microphone to a standard omni-directional microphone by
removing the voice microphone from the circuit design and increasing the gain of the noise microphone amplifier. The first and second
microphones may be utilized as a directional microphone according to this invention when a far field response is desired. The method of
the invention also relates to the use of a two terminal microphone configuration.
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