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NOISE CANCELLATION APPARATUS
RELATED APPLICATIONS
: This application is a continuation-in-part of
allowed application Serial No. 07/968,180, filed October
29, 1992, incorporated herein by reference. Reference is

‘also made to U.S. Patent No. 5,251,263, issued October 5,

1993, and incorporated herein by reference.

Fleld of the Invention

This invention relates to a noise cancellation
apparatus and, more particularly, to an apparatus for
canceling or reducing background acoustié noise for use
with a telephone handset or a boom microphone device or
boom headset or the like.
Description of the Prior Art

- As is to be appreciated, ih numerous . -

3

. - situations, the presence of background acoustic noise is
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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
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
electrical signal which is supplied to the telephone(s)
of the person(s) having the conversation with the '
operator and is converted thereat to an acoustic signal.
a8 result; the person to whom the operator is

ifcating: constantly hears the loud: background noise.
etlér; when the person is speaking, such speech is
combined with the background noise and, ‘as such, may be
di:ficult'for'theaother person(s)y to understand. As a
result, the operator may have: to shout into the '
microphone 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. Thus, the operator also
constantly hears the background noise from the speaker in
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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
5 wishes to-oommunioate with another person by way of radio
- frequency (RF) communication. - In 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.speeoh is

10 converted into RF signals which ere transmitted to a

. second rece1v1ng/transmitting device and converted
therein to speech so as to be heard by the: other
person(s). As with the. above sxtuation of a telephone |
located in a noisy area, the loud hackground.noise from

15 the helicopter is received and converted into an: .

~electrical signal by the boom microphone or_headset
. device and-thereaffer supplied to the receiving device.
As a result, the-person(s&,oommnnicgting with the pilot
hears the loud background noise. This may be '

20 particularly annoying—when the:pilot leaves the radio
transmitting/receiving device in the "ON" position while
operating the-helicopter.- _

- As yet another example, consider voice
verification and/or recognition systems into. which an

25 operator must speak for access,. for instance to a
.ph sioal facility or, to operate a computer or automatic

n@;maehine Background noise. can prevent access (no

“'idm or verification due: to background noise) or

- yn;ovide-false access by false verification.

30 R In anaattenpt to,reduce-background noise so as
to improve performance. of. a telephone~or a boom .
microphone or headset or the like located-in a noisy
environment;orathe:like,.pres;ure gradient microphones
may be utilized. Basically, a pressure gradient

35 microphone:responds-to.thevdifferehce in pressure at two
closely spaced points. When used in an environment where
the pressure gradient of the background noise is
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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
isotropic and, as a result, in these gituations, 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
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
badkgfound noise cancellation may not be sufficient and
the performance may not be adequate.

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
microphone to respond to the acoustic pressure.
Moreover, as.a result of using such a microphone in a
telephone handset, the electrical signals. produced
therefrom should be amplified.. Thus,; to replace the
cbnvehtional.microphone in: a telephone handset of an
existing telephone with a pressure-gradient microphone
would typically necessitate replacing fhe~handset_with a
'”&Ehandset and, as such, would be relatively expensive.
- AS an alternative to-using pressure-gradient
_._3dnesfman acoustic: feed=back type system may be
utilized. Such a system normally:includes compensation

- filters which are used. to. equalize the transfer function

of the speakers. Since the characteristics of the

.speakers: are tightly controlled by these filters, the

cost of the filters is relatively high. Aas a result,
such acoustic feed-back systems are typically relatively
expensive. \ '
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Thus, the prior art has failed'to provide a
relatively low-cost means for reducing backgroundjneise
to an acceptable level for use with telephones and/or
boom micrdphone devices or the like, and a cost-effective
means for enabling:existing telephones, to reduce
background noise to an.acceptable'level.

An object of the present 1nvention is to
provide noise reduction apparatus which overcomes the
problems associated with the prior art.

More specifically, it is an object of the
preeent'invenﬁion to provide noise reduction apparatus
which reduces background noise to an acceptable level.

Another object of the present  invention is to
provide noise reduction apparatus as aforementioned for
use with a telephone—or boom.: microphone or headset device
or to provide a noise reduction microphone device or the
like. . : : - . . .
It is still another object of. the present.
invention to provide noise reduction-apparatus as
aforementioned which is relatively inexpensive.

It is yet another object of. the present.
invention. to provide:a,relatively,lowscostJnoise
reduction apparatus for use.with telephones: which is
operable with standard available on~line power.

A still further;objeetzogsthefpresent invention
provide a relatively low-cost noise reduction
s:which is readily. adaptable to handsets of
11ig- telephones. and which is. operable with standard

availah&e on-line.power:. L - . :

v A yet further object. o£4the present. 1nvention
is to provide a relatively~1cw»cost_noisegreduction
apparatus for use with:telephonee.or:Which.may be readily
adaptable to handsets ofpexisting telephones which
enables an operator to selectively amplify a received
signal 6r, which may be used in a boom microphone or
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headset or, which may be used as a noise canceling

microphone. o

In accordance with an aspect of this invention,
a telephone handset apparatus for use with a telephone

.5 operable by standard power supplied to the telephone
handset for transmitting and receiviné signals
representing speech'between two or more operators is
provided. The apparatus includes a housing having a
first microphone means for receiving a first acoustic

10 signal composed of speech from the operator using the
apparatus and background noise in the vicinity of the
speech and for converting the first acoustic sound to a
first signal, and a second microphone means arranged at a
predetermined angle with respect to the first microphone

15 means for receiving a second acoustic sound composed'cf
substantially the background noise and for converting the
second acoustic sound to a second signal; and a device
for subtracting the second signal from the first signal
so as to obtain a signal representing substantially the

20 speech. '

' In another aspect the invention provides a boon
microphone or headset device for transmitting and .
receiving signals representing speech by at least one,
preferably two or more operators. The device includes

25 housing having a first microphone means. for receiving a
first acoustic signal composed of speech from the
':J'T_tcr using the device and background noise in the
'7"$ty;o£ the speech and for converting the first
”‘féicdscund to a first signal and a second microphone
30 meahemarranged at a_predetermined:angle”and/or distance
with respect to the first microphone means for receiving

a second acoustic signel composed: substantially of
background noise and for converting the second acoustic
sound to a second signal; and an apparatus for

35 subtracting the second signal from the first signal so as
to obtain a signal representlng substantially speech.




WO 96/15841 ' PCT/US95/14756

10

15

20

25

30.

35

6

The boom microphone or headset can be used in
flight (e.g., helicopter or airplane) or in other.
settings such-as-telephones, or voice recognition and/or
verification systems'for instance, for access to a
physicel facility or to a computer (either via direct or
indirect interface or via telephone lines) or to an
automatic teller machine or, in other recognition and/or
verification systems. The first and second microphones
arranged at a predetermined angle-and/or distance with
subtraction apparatus disclosed herein can also be used
in'theﬁarea-of amhient*noise§cance11ation for microphones
in acoustic surveillance or telemetry or even directional
microphones such as directional microphones with
sidelobes. | ' .
Other objects, features and advantages:
according to the present invention will become apparent :

'from_theéfollowing-detailed'description-of the -

illustrated embodiments when read in conjunction with the

_accompanYing.drewingS'in which corresponding components

are identified by the Same reference numerals.

Fig: 1. illustrates a telephone having a noise

'reduction apparatus: accordinq to: an embodiment of the
‘present. 1nvention, =

Fig. 2 is a block diagran of the noise
reduction apparatus used: in the. telephone of Fig. 1;
: =”_'riq. 3A is a front plan view of the receiver
:of the. telephone of Fig. 1;
TR Eig. 3B is a side elevational. view of the
receiver portion of the. telephone of Fig. ' with the top
rempoved; o S . e
Fig. 4 is a schematic diagram ot the block
diagram of: Fig. 2, " S :
Fig. 5 is another schemetic diagram of the
noise reduction apparatus illustrated in Fig. 2; and
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Figs. 67, 6B and 6C illustrate a boom
microphone devide utilizing a noise reduction apparatus
according to an embodiment of the present invention;

Figs. 7A and 7B are schematic diagrams to which .
reference will be made in explaining the operation of the
present invention; :

Fig. 8 illustrates of a noise reduction
apparatus according to the present invention;

. Figs. 9A, 9B, 9C, 9D and 9E illustrate boom
microphone and headset embodiments of the invention
(Figs. 9A and 9B each showing an embodiment having
particular placement of the microphone; Fig. 9C showing
an overview of the headset and Figs. 9D and 9E shoﬁing

: side views of the boom.microphone);

~ Figs. 10A and 10B are schematic diagrams of the
noise reduction apparatus of Fig. 8; :
Fig. 11 illustrates a phase reversing circuit;
Fig. 12 illustrates an oppositely charged microphone
circuit, and |
Figs. 13A and 13B illustrate active _
cancellation curves from embodiments of the invention.

: Fig. 1 illustrates a telephone 8 whioh utilizes

a noise reduction apparatus in accordance with an -
embodiment of the present invention:. As shown therein,
the;telephone 8 generally. includes.a handset. 10, having a
RT: -portion 41 and a receiver portion 42, and a

ne unit 18 which may be coupled therebetween by
£ a telephone cord 48. Alternatively, the telephone
may be a: cordless type telephone and, as such, the - '
hapdset 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, (Fig. 2), a
switch 40 for adjusting the volume of a: signal supplied
to the speaker portion 41, and a cap 48 having a recessed
portion 44 and a mesh portion 46. .
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Flg. 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
preferred embodiment is an operationa; 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 contalned within the receiver portion 42 (see
Fig. 1). _ _
Acoustic signals composed of speech or the like
and background noise are supplied to the first microphone

"12 and converted therein into a corresponding electrical

signal which is thereafter supplied to the plus terminal
of the op-amp 16. The background noise is supplied to
the second microphone.14_andaconverted-therein-into a .
corresponding electrical signal which is thereafter
supplied to the minus terminal of the op-amp 16. The op-
amp 16 is adapted to subtract the noise signal from the
second microphone 14 from the speech and noise signal
from the first microphone 12 and to supply therefrom an
electrical signal representing substantially the speech
to. the telephone unit 18 whereupon the speech signal is
transmitted therefrom through the;telephone lines to a
desired telephone or telephones,._The-output.slgnal from
th'*opéempa16+is*also:combinedﬂin:the telephone unit 18
‘& T received signal from the telephone lines and
- 'o& tc~the amplifier 20. 'The op-amps 16 and 17 are
orahly relatively low-power integrated circuits
(IC*s), such as complementary metal. oxide: semiconductors

- (CMOS), and may be constructed from: either one or more

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 to adjust the amplification of
the received signal to a desired level. The amplified
signal from the amplifier 20 is supplied to the speaker
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22, whereuponlphe.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
portion 42 generally includes a housihg 74, a circuit
board assembly 78, the first and second microphones 12
and 14, respectively, and the cap 48. The first and
second microphones 12 and 14, respectively, which are
preferably electret microphones or similar such
microphones, are arranged or positioned as hereinafter
described. These microphones are held in place-of
secured by a holding member 76 which, for example, may be
constructed of a foam-like material, which, in turn, is
secured to the housing 74. The respective outputs from'
the first and second microphones 12 and 14 are supplied
through respective wires (not shown) to the op-amp 16:
which is contained on the circuit board assembly 78
which, in turn, is attached to the housing 74. As
hereinafter more fully described, the circuit board 78
may contain additional circuit elements for processing
the signals received from the first and second
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.

Thﬂ; ower 72 and the housing 74 with the circuit board
_:’;; ly 78, holding member 76 and the first and second
tﬁj:phonesflz and 14 form an assembly 71.

) _ The cap 48, which may be constructed from a
p%;stic-typeimaterial such as polycarbonate, includes an
annular side member 43 and a portion 45 having a typical
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
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T’ which is less than the thickness T and which has a
plurality of through holes contained therein and may
resemble a mesh-like-portiqn. 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 .
represents a relatively Small-amount.6£ 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 maﬁerial,ffor example, stainless steel or such
similar material, and combined with the portion 45. As
is to be appreciated, by arranging the portions 45 and 46
so as to be recessed from the upper portion of the side
member 43, even when the receiver portion 42 is placed on
a surface, the'sideamember 43, and not the portions 45 or
46, contact.éuch.surface.--As a result, any loads are not
directly impacted on the portion 45 and/or the portion
46, but are instead delivered to the side member 43.

‘The cap 48 is positioned over the assembly 71
so that the first and second microphones 12 and 14,
respectively, are arranged below the portion 46 with the
first microphone positioned.relatively=close.to the
underside of the portion 46.  Thus, the speech travels a
relatively short distancé:fromaan_operator, who is -
speaking‘intOrthesreceivet portion 42 from a distance of
preferably less than 1 inch, through- the-portion 46 to
e irst microphone. As a result, acoustic distortions
minimized. S o
¥ The arrangement of the first and.second
micfophones:iz_andn14,;respectively;rwithin the receiver
portion 42 is illustrated in Figs. 3A and 3B. More

-specifically, as shown in Fig. 3B, the-first and second

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-further respectively arranged so as to have an angle

‘® and [(90-8) + o] between a plane parallel to the.
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receiving or "sen51tive“ surface of the first microphone
12 and the directxon 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
Fig. 3B; and so as to have an angle t»between the
direction of speech and the second mierophone,_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 epproximately 180°. As a result of arranging
the first and second microphones in this manner, the
first microphone 12 receives both the speech from the
operator and the background acoustic noise which is
present in the vicinity, and the second microphone 14
essentially receives only the same backgfound acoustic
noise which is received by the first microphone.
Although, as previously mentioned, the angle ¢
has a value which is preferably between 30° and 60°, the
first and second microphones 12 and 14, respectively, may
nevertheless operate satisfactorily'even if arranged so
as to have an angle @ which lies outside thls range.
However, as the angle @ becomes. substantlally smaller

' than 30° or larger than 60°, the performance may be

adversely affected. That is, when the.angle @ becomes

' substantially smaller than 30°, .the second microphone 14

receives both the speech and background noise. As a
result, upon suhtracting the output s19na1 of the second
'e_hone 14 from the ocutput signal of the first
y hone. 12, a portion or all of the: speech may be
eﬂﬁu on the. other hand, when the angle @ is
suhstantially larger than 60°, the background noise
received by the second microphone 14 may not. be similar
to that received by tnemfirst microphone 12. As a
result, subtracting the output.signal,of the second
microphone 14 from the output signal of the first

microphone 12 may not adequately cancel the background

noise received by the first microphone.
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_ In a like manner, although ‘the’ angles @ and ¥
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
substantially different from the respective preferred
values, the performance'may be adversely affected. That
is, when the angle 6 becomes substantially larger than 35
°, the second microphone 14 may receive both the speech
and background noise. Similarly, ‘when the angle ¥ is

~substantially smaller or larger than 180°, the second

microphone 14 may receive both the' speech and_hackground
noise. As'a'result, in either of these situations, upon :
subtracting the output signal ‘of the second microphone 14-
from the output signal of the first microphone 12, a
portion or even all of the speech may be canceled.

As is to be appreciated, by using the above-
descrihed devices and materials for the components of the
receiver portion 42, the cost for constructing such
receiver portion is relatively low. Further, by using
CMOS ‘chips, as prev1ous1y described, the power
consumption of the receiver portion is kept relatively

‘low. As a result, the receiver portion may be" powered by

the standard powver available in- the handset and as such, .

: does not.. require additional power or transformers or the

~Furthermore, although the receiver portion 42 has
'_3'ibed ‘for assembly with thHe handset 10 of the :
teIephone.s, which is a new telephone, such receiver
portion, 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
the receiver portion 42. Thus, such use of the receiver
portion 42 provides a relatively easy and low-cost means
to modify a handset of an existing'telephone to include
the present noise reduction apparatus.
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Fig. 4 111ustrates a schematic diagram of one
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 resister so as to correct
the bias of an output from the first microphone, to an
input 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 mzcrophone 14 is coupled
through a variable resistor 208, which is adapted 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 the op-

amp 16. The limiting resistor 208 is preferably a-
variable current limiting resistor which enables the
level of the output signal from the second microphone to-
be matched to within a predetermined value to the level
of the output signal of the first microphone 12. More
specifically, the limiting resistor 208 enables the
output signal of the second microphone 14 to be weighted
such that when a signal having a similar level is

outputted from the first microphone 12, the amplitude of
.the difference therebetween is minimized. The value of

the  current limiting resistor 208 can be selected

-according to minimization criteria. An input terminal

- connected to resistors 204 and 206, which are
k&d! to divide the voltage received at the input

ter iﬁal 198, and to the minus terminal of the op~amp 16.
The' output of the op-amp 16 is coupled& to capacitors 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
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
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output of the op-amp 16. ,The~capacitors 218, 220 and 222

are adapted to remove residual dc (direct current) levels
which may be preseni'in the output signal from the op-amp
16. The resistors 224 and 228 and'thelcapacitor 226 are
adapted to function as a low-pase.filter having a break
point at a predetermined value which, for example, may be
3.7 kHz. . . I _

" The telephone unit 18 is further'connected to
the telephone lines and is adapted to receive signals
through the miorophone input terminal and to supply these
signals to the desired telephone or telephones by way of

. 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

such signals with_those_reoelved~through-the microphone.
input terminal, as previously described, and to supply

‘the combined signal to a speaker input terminal 231. The

input terminal 231 is connected through a capacitor 230,

-which is adapted to block dc signals, and a resistor 232

to the minus terminal of an op-amp 17 and through a
resistor 234 to a variable resistor 240. An input
terminal 199 is connected to the plus terminal of the op-

. amp 17. The output from the op-amp-17 is. connected

through capacitors 242 and;2¢4=endyafresistor“246-to the
speaker 22. The output from the op-amp is: further

ected through the‘variable.resistor 240, a resistor

a; capacitor. 236‘tovground. :

%’ The operation of the telephone 8 shown in Fig.'
now be- described below.- o

- Upon.activating the- handset; 10, by 1ifting the

handset 10 from the switch hook: (not shown): or the like,

standard telephone line: voltage is applied to input
terminals 198, 199, 200 and 201. A signal from the first
microphone 12, which has:been;biasxcorrected 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
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been bias corrected by the current limiting resistor 208,
is supplied to the minus terminal of the op-amp 16. The
op-émp 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 output
signal are removed and the signal is amplified. High |
frequency signals, such as those over 3.7 kHz, are then
removed from the amplified output signal and the
resulting signal is supplied to the telephone unit 18.
Thus, .a voltage signal is supplied to the telephone unit
18 which is proportional to the difference between the
voltages generated by the first and second microphones 12
and 14, respectively. _ :

An output signal from the telephone unit 18,
which is a combination of the signals received through
the microphone input terminal and the telephone lines, is .
supplied to the input terminal 231 of the amplifier 20.
The signal from the input terminal 231 is supplied to the
capacitor 230 so as to remove any dc signals which may be
present. The output from the capacitor 230 is supplied
through the resistor 232 to the minus terminal of the op-
amp 17. The op—-amp 17 subtracts the signal from the
telephone unit 18 from the signal received from the input
terminal 199 and supplies a subtracted signal therefrom.
Such-signal m&y'besseléctively amplified, through the use

fi¥ésistors 232, 234 and 238 and variable resistor 240,

"“-operator by use of the switch 40 (Fig. 1). Any dc
signlis=which may be present in the amplified 'signal are
thereafter removed by the capacitors 242, 244 and 236.
The output signal from the capacitor 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.

Fig. 5 illustrates an alternative arrangement
for processing the signals obtained from the first and
second microphones 12 and 14, respectively, so as to
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provide a current output for supply to the telephone unit
1&.which;is proportional to the difference of the
voltagesrgenefated by the first and-second_microphones.
More specifically, the circuit arrangement of
Fig. 5 includes a handset 10’ having a piﬁrslity.of input
terminals 300, 301, 370 and 390 which are each adapted to
receive standard available on-line power. The first
microphone 12  is coupled through a current limiting
resistor 302 to the input terminal 300 and is further
coupled to the plus terminal of a subtracting device 316,
which~is-preferably'a CMOS 0p-amp.- The output from the
second microphone 14 is coupled through a variable

| current limiting resister 308 to the input terminal 301

and is further coupled to the minus terminal of the op-
amp 316. Thé-signal outputted from the op-amp 316 is
supplied thrcughsfiltering-stages#350:to-ths-minus _
terminal of a subtfacting device 351 which is preferably
a CMOS op-amp. The filtering stages'ssd are adapted to
provide a predetermined frequency responsescharacteristic
such as a signal roll-off at a predetermined frequency.
As is to be appreciated, although two filtering stages
are shown in Fig. 5 any number_ctffiltering stages may be

utilized. The input terminal 390 is coupled to resistors

392'and5394; which are adapted:to reduce the signal
supplied thereto, ‘and to the plus terminal of the op-amp
s An.output signal from the- op-amp 351 is supplied to
ﬁasewcz'a transistor '366. The input terminal 391 is
;sﬁrto a Zener diode 360, a- capacitor 362 and a
agistor 364 which, in turn, is connected to the
collcctor of the transistor 366 and to .the m;crophone.'
input terminal of the telephone.unitwlac The emitter of

_the-trsnsistdrﬁ366:is.coupleduthrqngh-rssistcrs 367 and

368 to the-minus-tsrminal of the op-amp 351 so as to
provide a feedback loop thereto. The op-amp 351 and the
associated components provide electrical isolation
between the filtering stages 350 and the transistor 366.
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The transistor 366 is adapted to amplify the signal
supplied to the telephone unit 18. _

The output from the telephone unit 18 is
coupled to the input terminal 231 (Fig. 4) and is
thereafter processed 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
descrlbed below.

Upon applying power to the handset 10', by
lifting the handset from the switch hook (not shown) or
the like, standard telephone line voltage is applied to

input terminals 300, 301, 370, 390 and 391. A signal

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
output signal from the second microphone 14, which has
been bias corrected by the current limiting resistor 308,
is supplied to the minus terminal of the op-amp 316.° The
resistor 308 is preferably a variably current limiting
resistor which enables the level of the output signal
from the second microphone 14 to be matched to within a

' predetermined .value to the level of the output signal of

the first microghone 12, in a manner substantially
similar to that.previously described for resistor 208.
The::output: difference signal from the op-amp 316 is
ik adsthough the filtering stages 350, which may
“f%ons or more RC networks or equivalent circuits,
S0 utc -":I;i_mit- the upper frequency of the output signal
to a predetermined value which, for example, may be 3.7
kHz. The output signal from the filtering stages jso_is

_supplied to the minus terminal of the op—amp 351 and a

voltage signal from the-input terminal 390, which has
beenvdividedsto.agprsdetermined:value such as one half
thereof, is supplied to the plus terminal of the op-amp
351 which, in turn, calculates the difference
therebetween and supplies a corresponding output signal
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to the-base of the transistor 366. The voltage from the

‘input terminal 391 is supplied ﬁhrcugh the resistor 364

to the collector of the transistor 366. As a result, an
amplified signal is supplied from the handset 10’ to the
telephone unit 18 for supply therefrow 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.

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

‘understanding of the present invention.

FPigs. 6a, 6B and 6C illustrate a bocm

_microphone 100 which utilizes a noise cancellation

apparatus in accordance with an embodiment of the present
invention. More specifically, the boom microphone 100
generally includes a housing 174, a: circuit board
assembly 178, first and second microphones 112 and 114,
respectively,'and a portion 147. The housing 174, which
may be constructed from either a plastic-like or metal-
type material, includes a circular po:tion‘lOS having a

hole- therethrough so as to enable a shaft 106 to be

inlsgted therein. As a result, the boom microphone 100
'ate about the shaft 106 as illustrated in Fig. 6A.
- The first and secondiuicrophones 112 and 114

ard‘rispectively coupled to the circuit board assembly
178 by wires 102 and 104. The.circuit board assembly 178
contains circuitry similar'to_that-on:thescircuit'board
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 assembly
178 is adapted to receive a speech and background noise
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signal from the first microphone 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
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
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
be approximately 0.030 or less of an inch..

The first and second microphones 112 and 114,
respectively, which may be electret microphones, are '
arranged in a manner similar to that of the previously
described first and second microphones. 12 and 14,

respectively; of the handset 10. That is, the first and

second microphones 112 and 114, are reSpectively
positioned so as to have an-angle 6* and:[(so-el) + 2’]
between a plane parallel to the receiving or sensitive
surface of the first microphone: and the: direction of
speech from- an operator, and: between an-axis normal to
the: sensitive surface of the second microphone and the
dﬁiﬁﬁﬁion=o£Pspeech, as shown in Fig. 5A. Further, the
f&ﬂd#second_microphones-llz'and¢114,frespectively,
aﬁi%ﬁfrangédfso as -to have an angle @¢* therebetween,
which has a preferred value in a: range between 30° and
60P. The first and second -microphones 112 and 114,
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
described as having only one first microphone 12 (112)



WO 96/15541 | ' - PCT/US95/14756

10

15

20

30

35

20

~and one second microphone 14 (114), the-inventionfis not

so limited and any number of microphones"may-he utilized
for the first microphone and/or the second microphone.
For example, a receiver portion 42’/ (not shown) may be
configured which includes two or more microphones
operating as a first microphone 12’ (not shown) and two
or more microphones operating as a second microphone 147
(not shown). In this configuration, when using multiple
microphones for' the first and/or second;microphones,
respective variable current limiting resistors are
preferably provided for all but one'miorophone'for the
first microphone 12’ and for all microphones for the
second microphone 14’. Thus, the: outputs from the first
and second m;crophones, 12’ and 147, respectlvely, would -
comprise a weighted sum of several such: mzcrophone output
voltages. The current llmitlng resistors: are preferably
set to respective values: so as to minimize some:
functional of the difference of the: first and second
microphones 12’ and 14‘, respectively. The criterion for
selecting the values of the current limiting resistor or
equivalently the weighting+functiohgof-eaehfmicrophone
could be selected according tO«anggwellfknown gradient
search algorithm, so as to minimize the-functional.
Fig.?SAvillustrates:a mierophoneﬂboom-szo-

arrangpd therein.. The- first: miorophone ‘300 includes a

e: sensitive surface- 301 and the-second microphone
ieludes a second pressure -sensitive: surface 303. As
sh ;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°
apart from each other. - The microphones 300 and 302 are
further arranged-so as-to have -a structural baffle 322
between the uiorophones‘-_Suoh structural baffle 322 may .
be comprised of a structural member adapted to provide an
acoustical separation®between the microphones.
Aiternativelyf an acoustical baffling arrangement could
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be utilized in place of a structural member.
Furthermore, as shown in Fig. 9A, the first and ‘second
microphones 300 and 302, and in particular their
respective pressure sensitive surfaces 301 and 303, are
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
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'signai

provided by the first microphone corresponds to both the
speech from the user and the background noise. On the
other hand, the second microphone 302 is arranged'within
the microphone'boom 320 so as to receive primarily only
the background noise. More specifically, the-preseure
sensitive surface 303 of the second microphone 302 is
preferably arranged at an angle of substantially 180°
from the pressure sensitive surface 301 of the first
microphone 300. Further, as. previously mentioned, the
first and second microphdnesaaoo and- 302- have a baffle
322 arranged therebetween. Such baffle is adapted to
minimize or prevent any speech: from the user from being
received by: thé second microphone.302: - Furthermore, the
first and .second microphones 300 and-302° are preferably
gfidnged within relatively close proximity to each other,
"swrwith$n the distance b. As an example, such

8 é&%bﬁmay~11e-within-a-rangeroffo;lo to 0.50,
preférably about 0.25 of an.inch, or less. Suitable
distaﬁce-b-mey be determined.hy-thesskilledtartisan from

" this disclosure, without*undue-experimentation and, the

invention is not necessarily 1imited’to«a<particu1ar
value for b | ' ’ ' |

Fig. 9B illustrates a microphone boom 330
having first and second microphones 300 and 302 arranged
SOmewhat'differeﬁtly'than jn.the microphone boom 320 of
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Fig{'sa. That is, as shown 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
300 and 302 so as. to provide acoustic geparation 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.. As 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 microphone boom 440 includes first and second
-microphones 300 and 302 which may be arranged in a mannet
-.as previously described with reference to Figs. 9A and

9B. Further, such microphone boom assembly 440 includes
an upper microphone case 406, a lower microphone 407, and
the first and second microphones 300 and 302, and a.
windsock 408. : L

Fig. 9D illustrates a side view of the boom
headset assembly 400. As. shown therein, the left case
402 includes a circuit card assembly 412, which may
contain circuitry;utilized-in processing the acoustic
signals as. hereinafter more. fully described,.and further
ine udes: a-: cable assembly 413 for supplying signals to
m:outside or host equipment (not shown). Fig. 9E
ates-a side view of the right case 404. As
- =ously described; the first and second microphones
300-and: 302.°are preferably arranged within a distance b
and-arenfurther-arranged.such that the first microphone
300 receives both speech and background noise while the
second microphone_receives3primarily 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 therein, such location 304
may be located at a distance r from a center location
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between the first and second microphones. 300 and 302 so
as to form an angle 6 therebetween. As a result, the
distance between tﬁe first microphone 300 and the
location 304 is approximately equal to the value [r-
(b/2)(sih 6)], and the distance between the location 304
and the second microphone is approximately equal to the
value [r+(b/2) (sin 0)].

' Fig. 8 illustrates a differential amplifier 500
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
amplifier 312 and a summing circuit 314. The signal
produced by the first microphone 300 is supplied to the
amplifier 310 which is adapted to provide essentially a

‘unity gain to such signal and provide the same as an

output signal. Such output signal is supplied 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
summing circuit 314. The summing circuit 314 is adapted
to add the received signals together so as to produce a
summed output signal e(out,r.'Asnis to be appreciated,
such summed output signal € (out) represents a signal
corresponding- to substantially only. the speech from the
user.. ' -

- Pigs. 10A and 10B illustrate the differential
fifier 500 of Fig. 8 in more detail. That is, Fig.
Iustrates a first arrangement of such differential

_ambiifier'soo, and Fig. 10B illustrates: a. second

arrangement of such differential amplifier: Each of
these schematic diagrams will now be more- fully
described. | IR

As shown in Fig. 10A, the signal produced by
the first microphone 300 is supplied to an input terminal
600 and is supplied therefrom through a Capacitor C1 and
a resistor R to ah inverting input of an operational
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amplifier (op-amp) Vi1A. The signal produced by the .

-second.micrOphone 392 is supplied to an input terminal

602. Such input terminal 602 'is coupled to a
potentiometer RA which, in turn, is connected to ground.
The input terminal 602 is further coupled through a
capacitor C2 andjrésistors Rl and 2R to a noh-inverting
input of the op-amp V1A. Such op-amp is adapted to
operate in a differential mode andfprovides an output
signal therefrom to a terminal 606 which, in turn, is
coupled to the converting input of the op-amp V1A.  Such
output from the op-amp V1A is further supplied to a
potentiometer 608 which, in turn, has one end connected
to ground. Such potentiometer 608 is coupled through a
coupling capacitor €3 to a non-inverting input of an o§-<
amp V1B. The output of such op-amp V1B is sﬁpplied to
the base of a transistor 610. The emittor of such -
transistor 610 is coupled to a: terminal 612 which, in
turn, is coupled through a capacitor C4 to-an output
terminal 614. The summed-signal.eiouc,.iSésuppliedhfrom
the terminal 614. The collector of the-transistor 610 is
coupled to a terminal 616 which, in turn; is connected to
a power supply- (not shown) which sﬁpplies_afvoltage V+ to
the circuit. The terminal 616 is:connected to resistors
R3 and: R4 vhich: are adapted to provide a PC bias. The
elements not specifically described are-connected as
strated in Fig. 10A.

8 By utilizing the: above-described circuit
'itdd‘in Fig.- 10A, the impedance to- the first and
ficrophones 300. and- 302 is: symmetrically balanced

so as to minimize differential phase shifts between

frequencies. - Further,_thefoutput 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
to receive power through a source resistance from a power
supply (not shown). That is, the power for driving the
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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
as that of Fig. 10A). Otherwise, as is to be
appreciated, the circuit illustrated jin 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
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 second microphones 300 and 302, the magnitude
adjustment potentiometer RA, resistors R1 and R3, and
capacitors C which are coupled as illustrated in Fig. 11.
Each of the first and second microphones 300 and 302 may
include a field effect transistor (FET) in which the
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 is approximately
180°. For example, the drain thereof may have a phase of
180°, whereas the source 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
microphones_may‘be the upper terminals thereof, whereas
igative (~) terminals of such microphones may be the
'terminals thereof. Further, the magnitude
stment potentiometer RA may be adjusted or set during
the initial assembly thereof or alternatively may be
adepted so as to be adjustable by an Operator of the boom
headset assembly 400 of Fig. 9C. The output signal e 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. '

Fig. 12 illustrates a circuit 800 which may be
utilized in place of the phase reversing circuit 700 of
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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
microphones receive an acoustical sound having the same
pressure, the output signal e ) 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
described herein. :

Thus, either of the circuits illustrated in
Fig. 10a, 10B, 11 or 12 may be utilized in the present
invention. Such circuits enable . calibration processing
to be performed on the first and second mierophones 300
and 302 which-may'he electret-type microphones. Further,
such circuits may be inéluded;on-a printed circuit (pc) .
board which may be installed within the headset. assembly
400 as, for example, as on the pc board 412 illustrated
in Fig. 9D. Alternatively, such pc board may be included
in other locations of the headset. assembly 400 or
alternatively may be located on host equipment which is
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.
Such present apparatus utilizes £first and second .

Further, sudn £irst‘and second.microphones‘are preferably
arranged such that their  respective pressure sensitive
surfaces are arranged at.180 mechaniqalmdegrees from each
other and are loeated-in-close,proxihity thereto as.
previously~described, _By;so”arranging_the-first and
second microphones, a sound (in particular a background
noise) originating from a source which is located at a
distance substantially greater than the distance between
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the microphones, enables the sound from such sound source
to be received by both microphones simultaneously. As a
result, no substantial phase differential therebetween
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
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
microphone’s pressure sensitive surfeces. The physical

‘design of the microphone as seen in Figuree 9A and 9B is

the determining factor in the S/N increase. Examination
of these drawings shows that the microphone pressure
sensitive surfaces are preferably placed at. 180
mechanical degrees from each other, and provide the
optimum separation of the signal going to the voice
microphone and noise microphone in the near field. This
separation is a primary component in the. determination of
the signal in the S/N-ratio. Basically a problem in the
far field is to add vectorially, at a desired point, the
sound pressures arriving at that point from all simple
sources. The basic element of this analysis will be what
is herein called the Doublet Sound Receiver. The |

_ geometric situation is shown in Figure 74 and 7B. It is

ed that the distance r from the two receiving

ones to point A at which ‘the pressure P originates
_ _:conpared with the separation b between the two
microphones. The spherical sound wave from point A
arriving at the receiving doublet will have traveled r-
b/2 sin 6 for mic 1 and r+b/2 sin 6 for mic 2. If r>>b,

' the distance traveled by the spherical wave is r, and the
‘output of each receiving microphone is equal. If the

summed outputs of the two microphones are zero as in
Figure 8, then the associated scale factors are equal.

If their associated scale factors are not equal,'phase
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and/or-amplitude, the output will not be zero. Amplitude
adjustment can be obtained electrically and is performed,

but phase adjustment is impossible at all frequencies.

The requirement for phase adjustment is not required
because reproducibility is inherent in, the manufacture of
the microphones and they prov;de outputs of tracking
phase with frequency.. : '
The microphones Just described are the dual of

a doublet sound source and are similar to the theory of
dipoles. In addition, if the spacing b, between the
microphones is smallf(b<< A) compared with the
wavelengths at any distance r, the two microphones
essentially coalesce and the output at any angel 0 will
be zero fcr-natched_scale factors (magnitude/phase) at
any frequency. If b is not much smaller than r, the
phase relationship between the two microphones to an
incoming sound wave. is: '

Where b = spacing between sensor mic and noise mic

f = frequency in hz ' '

v = speed of sound in/sec :

P = phase'shift at a specific frequency

v

- (1)

As can be seen from equation (1), this phase relationship.
;. ’*;theoretical limit for the crossing of the near and
'és_of the noise canceling microphone. As the
el _ency changes at a fixed b, .the phase changes, ie:

at. @ = 90, there may be no cancellation at all. This -
phase change, in the absence of baffles can be a

governing_factqr in the bandwidtn of the cancellation.

The embodiment of the invention of Figs. 7A to
13B can use on the far field pattern of the microphones
for cancellation. The reduction of the effect of b, is
performed by tne.use.of an acoustzc ceslgn that tends to
minimize or reduce to zero, dimension b, in Figure 9a, _
and that is modified to reduce the thickness of the probe
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as in, Figure 9B. Both designs use the relationship
between b and r (ie: b << r). ' _

In addition, the boom microphone/system of the
invention is optimumly defined by the location of the
microphone’s pressure surfaces, preferably 180 degrees in
the case of the boom microphone, but cancellation will
occur because of our subtraction type system at all
angles. In fact, when thé microphone pressure surfaces

-are at 0 degrees with respect to each other total

cancellation could be theoretically obtained but no voice
would be transmitted. The inventive system can rely on
the directivity patterns of the microphones in the near
and far fields, orientation of their pressure sensitive
surfaces, and the electrical process of subtraction.

The typical circuits that can be utilized for :-
subtraction are shown in Figs. 10A-12. :

In Figure 10A and 10B, the circuit is similar
to the circuits utilized in the telephone embodiments
above-described with respect to Figs. 1 to 5. 1In this
circuit U1A is utilized for the subtraction, and UlB is
utillzed for output interfacing.

. The phase reversing circuit is shown in Figure
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 the microphones are

i matched parts (by manufacture). This output can be

“tod for amplitude matching at a reference frequency |
:”itnant of RA in conjunction with capacitor C. The
J ¥ at e,,t is the noise- canceled output when the
microphones are placed in the appropriate mechanical
enyvironment mentioned previously.

Analysis of the circuit of Figure 11 can be
shown ta-provide'the'follcwing information. The output
at A is at the Source of the internal FET contained
within the microphone (preferably electret) such that its
output. is at an electricai angle of 0 degrees with the
input pressure signal, while the output at B is from the
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brain‘of'the internal FET contained within electret
microphone and its output is at an'electrical.anqle of
180 degrees with the inputwpressuxe'signal. When these
two far field signals are summed together in a voltage
mode, the output is zero if the amplitude is adjusted by
potentiometer RA at a reference frequency and the
magnitude response is flat across the frequency spectrum.

In the circuit in Figure 12, the oppositely
charged mxcrophones provide two signals at A and B 180
degrees out of phase with identical sound signals at
microphones 1 and 2.  This phase reversal is accomplished
by virtue of opposite charglng during manufacture of the
electret microphone condenser plates.

All of the other characterlstics are as
previously stated for the phase revers;ng«czrcuit,
Circuits of the type found in Figures 11 and 12 provide
for electrical subtraction without the need for using an

The boom microphone headset device of the.

invention (e.g. Figs. 7A-13B) can provideffor computer

voice recognition. The boom microphone headset provides
superior rejection of unwanted'baekg:eundehoise and
excellent voice response. Theshoom-microphone'headset
can be.eonfigured.to-be-cempatible-with all Sound
Blaeter'-audio cards. All other audio card interfaces
are alse eaeily accommodated. S '

e Thesinventive boom mxetophone headset (e.qg.,
: X~13B) coupled with the-latest in high quality .
vet frecognition 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 cenﬁined:tejquiet clesed

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

enviromments 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
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world or, the boom microphone (without headset) can be
employed in various voice recognition applications.
The inventive boom microphone headset is

.designed to be sensitive to distance from the sound

source. Arbitrary sound fields which emanate from more
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

the sound card, the user simply inserts the miniature

plug into the Microphone input jack of the sound card
(noﬁ shown) . - The inventive boom microphone headset then
is placed on the user. The headset preferably has two
features to help position the mlcrophone in the proper
position for reliable voice recognition: (1) adjustable:
temple pads on both the right and left sides and (2) an
adjustable flex boom. The microphone at the end of the
flexible boom pre:érably has a white or other color-coded
dot indicating the voice-side of the microphone which
should be adjusted to directly face the mouth. Proper
close talklng intc the invention is helpful for accurate
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

jrtant to disable Automatic Gaih: Control: (AGC) on the
3 card before. using- the present: invention in noise _
L_fiiﬁg.applications. If AGC is ON, it will defeat the
noise cancellation properties of the microphone by
aytomatically turning up the input audio volume when the
user is not speaking. The AGC can be disabled on Sound
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 targeﬁ
application'using the Creative Mixer  program. Testing
of the inventive microphone headset can easily be
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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, representingfnear'field response.
and Fig. 13A, bottom line, representing far field - '
response. In Fig. 13B, the-top-line-repreeents.the close
talking response and the bottom line represents the
background noise response. Typical specifications for an
embodiment of the inventive boom microphone headset
include - '

Frequency Resp: 20 Hzto 10 kHz -

Output Impedance: Low impedance = '
: . : (Capable of driving 560 ohm)

Sensitlv'ny' - 47dBx2dB
(0dB==1v/Pa@1kHz.5V) .

Operating Voltage .2V to. 10V

Current: < 1 mA (power supply 5V)
Electrical:S/N: 60 dB:(minimum): -

Noise Cancelliation: See Figure 138 ..

Cable Type: Non-detechable, shielded
Length of Cable: 3000 + S0 mm -
‘Plug Type: . 3.5 mm stereoc miniature.

_ ) male
Weight: 56 gm (without cable)

'Using intetpretation of. speech intelligibility
AI ‘and. ANSI. ss 5-1969, a boom microphone: headset of the
_"'i_-ienr and a standard (prior art) dynamic noise
ing m.crop_hone were tested. and the results were as
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ARTICULATION INDEX: INVENTIVE

Weight Factor

Articulation (1) |

PCT/US95/14756

Center Freq. (H2) | [NPR-FPR] | (BW Corrected) | Weight (W)
5 | 200 |28 000046 = ]oo1219
| 24 0.0012 0.0288
122 0.0012 0.0264
20.5 0.0016 | 0.0328
0.0016 0.028
10 16 0.0023 0.0368
| 800 15 0.0023 0.0345
I 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
5

1 0.0039
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- ARTICULATION INDEX:
'STANDARD (PRIOR ART) DYNAMIC

| 1/30ctave Band | S/N (dB) - Asticulation (1)
| Conter Freq. (Hz) | [NPR-FPR] ‘Weight (W)

255 1o. 001173
18 |oooiz  |oo218
12 Jooo1z  |oo14a

11 "Joocote  |oo17e
55  |oocots |o.0088
N | 0.0089
.

| oot12
0.01225
10,0215

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
45% for the Standard Dynamic Noise Canceling Microphone.
ufiaon of this data reflects a reduction in error
--approximately 8:1 by the present invention
€., AT 45% std Dynamic Mic, Noise Canceling AI 93% by
present invention). Furthermore, additional AI is
expected when constants are corrected to be active down
to 50 cycles and below. Literal evaluation of the AI
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
calculations were collected and performed at Andrea
Electronics Corporation. Both microphone systems were
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tested at Andrea Electronics Corporation under the same
oonditions. _

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
systems, telemetry, acoustic surveillance

nicrophones, directional microphones and so forth.
Further, the invention can be utilized in voice
recognition and/or verification systems such as systems
for access to'physical facilities, computer programs,

 computers or automatic teller machines and the like.

Additionally, the present invention may be used with
processing devices operating in accordance with
predetermined processing algorithms, as described in U.S.
Patent No. 5,251,263, which has a common assignee with
the present application, and which is hereby incorporated
by reference; however, such is not believed necessary to
the invention.

Furthermore, although preferred embodiments of
the present invention and modifications thereof have been
described in detail herein, it is to be understood that
this invention is not limited to those precise |
embodiments and modifications, and that other
modifications and variations may be affected by one

1Jed in the art without departing from the spirit and
of” the invention as defined by the appended claims.
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WHAT I8 CLAIMED IS: .
| 1. Noise reduction apparatus comprising:
a housing having first microphOne means for
receiving a first acoustic sound composed of speech
5 orlglnatlng 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 predetermined angle ¢ with respect to said
first microphone means for receivihg;a second acoustic
10 sound composed of substantially said background noise and
for converting said second acousticlsound-to a second
signal; and | _ ' .
means for subtracting sazd second s1gnal from
said first signal so as to obtain a szgnal representlng
15 substantlally said speech. _ o
: 2. The noise reduction apparatus accordxng to
" claim 1, wherein at least one of said first and second
microphone means includes a plurality of microphones.
3. The- noise reductionaapparatus according to
20 claim 1, wherein the first and/or second microphone means
comprises a plurality of microphones and outputs from the
first and/or second microphone means- comprises a weighted
sum of several microphone output voltages;which.are
weighted according to a desired function.
25 ' 4. The noise reduction apparatus. according to
claim.s, wherein the desired function: is a gradient
| "algorithm. ' S -
i Be. A microphone apparatus for reducing
R ound noise, said apparatus comprising.
30 . a housing; -

R a first microphone having a first pressure
seusitive surface and arranged within said housing so as
to receive a first acoustic sound composed of . speech
originating from an opsrator operating said apparatus and

35 said background noise, said first microphone for
converting said first acoustic sound to a first signal;

36
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a second microphone having a second pressure
sensitive surface and arranged within said housing so as
to receive a second acoustic sound composed of
substantially said background noise, said second
microphone converting said second acoustic sound to a
second signal, said second preSSure sensitive surface
being arranged at a predetermined angle with respect to
said first pressure sensitive surface; and

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

| 6. A microphone apparatus according to claim

5, wherein said predetermined angle is substantially 180
degrees. |

7. A microphone apparatus according to claim

6, wherein said first and second sensitive surfaces are

located less than a predetermined amount from each other.
8. A microphone apparatus according to claim
7, wherein said predetermined amount is approximately
0.25 of an inch.
9. The noise reduction apparatus according to
claim 1, wherein said predetermined angle ¢ lies within a

-range from approximately 30 degrees to approximately 60

degrees. , .
10. The noise reduction apparatus according to
claim 9, wherein said first microphone means is arranged

% ﬁfd'hcusing such that an angle 6 formed between a
fpassing through a portion of said first mlcrophone
meaﬁsjwhich.receives said first acoustic sound and an
inpuf direction of said speech is less than approximately
35 degrees. |

11. The noise reduction apparatus according to

claim 10, wherein said second microphone means is '
arranged in said housing such that an angle g formed

 between an axis normal to the receiving portion of said

second microphone means and said input direction of said
speech is approximately equal to [(90 - 8) + ¢] degrees.
TR
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