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| NVENTI ON Tel ephone handsets usually are fitted with omi directional

m ¢rophones, which offer little discrimnation against background noise. As
a consequence, noise 5 may be transmtted together with the speaker's
voice, and interfere with the far end party's ability to understand what is
bei ng said. Noise cancelling m crophones have been proposed as a possible
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designs Noise cancelling microphones have been proposed as a possible solution
to this problem. These microphones, sometimes referred to as pressure gradient or
first-order differential (FOD) microphones, have a vibratable diaphragm which is

10 acted upon by the difference in sound pressure between the front and back sides of
the diaphragm. An electrical signal is thus produced which is proportional to the
gradient in the sound pressure field at the microphone. At the telephone mouthpiece,
the acoustic field due to ambient noise will generally have a smaller pressure
gradient than the acoustic field due to the speaker’s voice. As a consequence, the

15 voice will be preferentially sensed and transmitted relative to the ambient noise.

U.S. Patent Nos. 4,584,702, 4,773,091 and 4,850,016 describe designs
for incorporating a pressure gradient microphone into a telephone handset. Although
useful, these designs fail to take into account all of the acoustic spatial information
that might be used to enhance the speaker’s voice relative to ambient noise.

20 Moreover, the frequency response of pressure gradient microphones generally causes
a change in the frequency content of the transmitted voice that becomes more
noticeable as the distance from the speaker’s mouth is increased. This tendency is
readily offset by electronic frequency shaping. However, the use of electronic
frequency shaping tends to partially counteract the ability of the microphone to reject

25 noise. Thus, if frequency shaping is to be used, it is desirable to have a microphone
with improved noise-rejection characteristics so that some marginal loss of
performance can be tolerated.

In order to achieve still better noise rejection, practitioners in the
microphonic art have proposed the use of second order differential (SOD).

30 microphones, which measure a spatial second derivative of the acoustic pressure
field. A ratio can be taken of two such second derivatives, the numerator
corresponding to the speaker’s voice (near the lips), and the denominator
corresponding to the ambient noise field. Generally, this ratio will be significantly
greater than the analogous ratio of first derivatives (such as would characterize the

35 performance of a FOD microphone). Consequently, a SOD microphone is expected
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derivative of the acoustic field near the speaker’s lips, but they do not optimally

10 exploit the spherical wave nature of the speaker’s voice field to maximize sensitivity
to the speaker’s voice. As a consequence, the voice response of prior art SOD
microphones is very sensitive to the distance R from the speaker’s lips. Specifically,
the voice response is expressible as the sum of three terms: a frequency-independent
term inversely proportional to R, a term proportional to the angular frequency ®

15 and inversely proportional to R2, and a term proportional to ®? and inversely
proportional to R. That is, with increasing distance from the lips, prior art SOD
microphones very soon exhibit an undesirable, ®? component of the near-field voice
response. This effect tends to reduce the net transmitted voice power, and to make
the voice sound deficient in low frequencies.
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20 SUMMARY OF THE INVENTION
We have invented an improved SOD microphone that overcomes the
deficiencies of the prior art by responding to the speaker’s voice like a FOD
microphone (i.e., with respect to the dependence of voice response on distance from
‘the speaker’s lips), but responding to the far ﬁeld\ﬁoise like a SOD microphone. As
25 aconsequence, the inventive microphone is significantly less sensitive than prior art
SOD microphones to positioning with respect to the speaker’s lips, and it gives
better voice quality than prior art SOD microphones while maintaining comparable
far-field noise discrimination.
~ A further advantage of our microphone is that it can be provided in a
30 compact design that is readily incorporated in the mouthpiece of a telephone handset
with little modification to the existing structure. This incorporation can be achieved
in such a way that only the acoustic field exterior to the mouthpiece is sensed to any
significant degree, and diffraction and wmd—nmse effects are no greater than with
conventional mlcrophones
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second spatial derivative of the acoustic pressure field. Accordingly, it is referred to

herein as a "second-order differential microphone," or "SOD."

The operation of the invention is conveniently described with reference

to a minor axis perpendicular to the major axis. The transducer includes means for
~ 10 sensing the pressure field at respective first and second locations-that are separated at
least by a displacement aloxig the minor axis. The first sensing means produce a first
output signal proportional to the first spatial derivative of the pressure field, along
the minor axis, at the first location. Similarly, the second sensing means produce a
second output signal proportional to the first spatial derivative of the pressure field,
15 along the minor axis, at the second location.

The transducer further comprises means for combining the first and
second output signals into a net output signal which represents the difference
between the first and second output signals. The first and second locations are
chosen in such a way that radially divergent acoustic signals emitted by the source

20 will contribute first and second output signals that mutually reinforce in the net |
output signal, and are proportional to the first spatial derivative of the pressure field
along the minor axis.

In one embodiment, the transducer comprises an array of two FOD
microphones, separated by a distance d along the minor axis. The FOD microphones

25 are situated within the platform in such a way that in use, they will be on the same
side of the source and approximately equidistant from it. The membrane of each
FOD microphone is substantially perpendicular to the minor axis, so that each
microphone is individually sensitive to the first spatial derivative of the pressure
field along the minor axis.

30 BRIEF DESCRIPTION OF THE DRAWINGS
FIG. 1 is a block diagram of a microphone assembly and associated
electronics according to the invention in one embodiment.
FIG. 2 is a partially cut-away view of a conventional first order
differential microphone useful as a com';mnent of the inventive microphone
35 assembly, in one embodiment.
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10 FIG. 6 is a block diagram of the invention in one embodiment, including
* acomponent for adaptively equalizing the two FOD microphones.

FIG. 7 is a graph of the frequency response of a typical voice-shaping
filter useful for matching the near-field output of the inventive second-order
differential microphone to that of an omnidirectional microphone.

15 : FIG. 8 is a graph that compares the near-field sensitivities of SOD,
FOD, and omnidirectional microphones. Plotted is the frequency response of a
microphone of each type.

FIG. 9 is a graph that compares the far-field sensitivities of the
microphones of FIG. 8. ' _

20 FIG. 10 is a graph that compares the FOD and SOD microphones with
respect to the effect of source-to-microphone separation on near-field sensitivity.
Plotted for a microphone of each type is the frequency response at two different
separations from the source.

FIG. 11 is a perspective view of a cellular telephone handset

25 incorporating a SOD microphone assembly according to the invention in one
embodiment.

FIG 12 is a perspective view of a telephone handset incorporating a
SOD microphone assembly according to the invention in one embodiment.

FIG. 13 is a perspective view of a headset including a boom that

30 incorporates a SOD microphone assembly according to the invention in one
embodiment.

DETAILED DESCRIPTION
Turning to FIG. 1, the invention in a preferred embodiment includes a
microphone assembly 10 and ele,ctronics'\ package 20. Within the electronics
35 pac_:kége, the outputs of first-order differential (FOD) microphones 30, 32 are
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5 The purpose of element 40 is to assure, within practical limits, that the
microphones respond to identical acoustic input with identical sensitivity and
identical phase response. Generally, a variable-gain amplifier will suffice if the
respective microphone responses differ by a gain offset that is independent of
frequency in the range of interest. An active filter may be desirable if the imbalance

10 in gain or phase-response is frequency-dependent.

In some cases, changing environmental conditions such as temperature
and humidity may affect the respective microphone responses unequally. In such
cases, it may be advantageous for element 40 to perform its balancing function by
adaptive filtering, as described in greater detail below.

15 It should be noted in this regard that for microphones 30 and 32 we

_ currently prefer to use mass-produced, commercially available, electret microphones.
These microphones are readily available in large lots that are well matched in phase
response and that have a fixed gain offset, independent of frequency (within the
range of interest) that is typically within +4 dB. '

20 ' The output of differencing amplifier 50 is optionally passed through
voice-shaping electronic filter 60 to make the frequency response of the microphone
assembly match a desired characteristic, such as the frequency response of an
omnidirectional microphone.

Turning to FIG. 2, exemplary FOD electret microphone 34 includes

25 diaphragm 35 enclosed between front cover 37 and back cover 38. Both sides of the
diaphragm sense the acoustic pressure field. This is facilitated by air holes 36 in the
front and back covers. Typically, a felt cover layer 39 overlies front cover 37.

As is well-known in the art, this bilateral sensing results in an output

_ proportional to the acoustic velocity field perpendicular to the face of the diaphragm.

30 Turning to FIG. 3, each of microphones 30 and 32 of microphone
assembly 10 is mounted within a respective one of cartridges 80, 82, each of which
defines a partial enclosure having ports 70 for admitting the acoustic pressure field so
that it can be sensed on both sides of the microphone diaphragm. Each cartridge is

“ made from a material of sufficient rigidity to substantially isolate the enclosed

35 volume sensed by the microphone from the surrounding mouthpiece cavity of the

- handset (or other platform), and from vibrations transmitted through the platform.
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differential mcrophone,” or "SOD." The gperation of the invention is
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radi al |y di vewtyaliy aconsticallydsolatgd ghambers.canedn Bpnt ofthe microphone, and one
behind it. This is achieved, for example, by surrounding the microphone with a
10 mounting ring 90 that fits tightly against the microphone body and also seals tightly
against the inner wall of the cartridge. Such a mounting ring is exemplarily made
from rubber. |
_ In addition, a layer 110 of an appropriate foam material, such as an
open-cell, 65-pore, polyurethane foam, is usefully interposed between the acoustic
15 signal source and each of the microphones for reducing pickup of acoustic
turbulence when a human operator speaks into the microphone assembly. Such a
foam layer is advantageously placed over each port 70. Alternatively, foam bodies
can be placed, e.g., directly within the ports, or within the cartridge.

In currently preferred embodiments, each cartridge 80, 82 is conformed

20 as aright circular cylinder having a lengthwise slot along the top (i.e., along the side
intended to face the speaker or other source of acoustic signals) that extends
approximately the full length of the cartridge. The microphone and its mounting are
placed within the cartridge in such a way as to form a partition that subdivides the
interior of the cartridge into two approximately equal parts 112, 114. The

25 microphone, together with its mounting, also subdivides the lengthwise slot, and in
that way defines each port 70 as a subdivided part of the slot.

Electrical leads 116 from each microphone are readily directed out of
each cartridge through a small hole 118 formed, e.g., in the side of the cartridge
opposite the ports. Within each of these holes, the space surrounding the leads is

30 desirably filled with an airtight seal in order to reduce acoustical leakage.

By way of example, we have successfully used cartridges of 0.008-inch
brass that are shaped as cylinders 0.55 inch long and 0.38 inch in inner diameter.
The corresponding microphones were electret microphones 0.38 inch in diameter,
and having a front-to-back length of 0.2 inch.
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i n one enbodxhibittsecond-order differential microphone behavior similar to that which would
result if FOD microphones 30, 32 were operated in a free-field environment.

It should be noted that because microphone assembly 10 can be

acoustically isolated from the platform upon which it is mounted, it is easily adapted
10 to a variety of application environments. -

It is well known that for many, typical microphonic applications, a
speaker’s voice behaves to a significant extent as though emanating from a
theoretical point source. Accordingly, the geometric arrangement of FIG. 4 is the
currently preferred arrangement when microphone assembly 10 is mounted on a

15 communication platform for operation by a human speaker.

As shown in FIG. 4, FOD microphones 30, 32 are separated by a
distance d along line segment 92, which will be referred to as the "minor axis." The
midpoint 94 of the minor axis is a distance a from theoretical point source 96 along
axis 98, which will be referred to as the "major axis." The FOD microphones

20 preferably lie at equal radii »*, »~ from source 96. It is clear that if the microphones
are equidistant from the source, the major and minor axes are perpendicular, and
each of radii 7+ and r~ makes an angle 8 with the major axis. Significantly, the
angle O is less than 90°; i.e., both microphones lie on the same side of the source.

The membrane of each microphone is oriented substantially

25 perpendicular to the minor axis (i.e., perpendicular to the y-axis in the representation
of FIG. 4). As a result, each membrane is sensitive (within practical limits) only to
that component of the acoustic velocity field directed along the minor axis.

Because the acoustic signal is radially divergent, this velocity-field
component has one sign at r*, and the opposite sign at r~. Consequently, the

30 difference between the electrical outputs of the respective FOD microphones will
include a mutually reinforcing combination of the respective microphone responses
to these velocity-field components. That is, the magnitudes of the velocity-field
components directed along the minor axis will add constructively in the combined
microphone output.

/



-4 - FIG 3 is a perspective view of a second order differential m crophone
assenbly according to the invention, in one enbodinent.” FIG 4 is a
schemati c di agram showi ng a preferred geonetric arrangenent of the second
or'der differential mcrophone assenbly relative to a near 5 field source
such as a user's mouth. FIG 5 is a thegfetical plot show ng how the output
of a SCOD assenbly depends on the separation between the two FOD

m crophones. The vertical axis r resents the mgnjt of, t he SOD out put,
relative to the out phite B#gntudeAY qmﬂnylme.levﬁme%épmlmme. 10
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major axis. Theorencally, the SOD:FOD ratio of these magmtudes (when the major
5 and minor axes are mutually perpendicular) is given by the expression:

4z2[1+ (ka)?(1+22)]
[1+(ka)?1[1+2%]?

Ratio = [

where z = d/(2a), k=®/c, @ is the angular frequency and c is the speed of sound in
air.
This function is plotted in FIG. S versus the normalized distance d/(2a),
10 for frequencies of 500 Hz, 1000 Hz, and 1500 Hz. It is evident that to an excellent
approximation (provided the distance g, in units of one wavelength at the given

frequency, is much smaller than %), the SOD output is maximal (relative to the

hypothetical FOD output), without regard to frequency, when d =1.44. This design
formula may be used to optimize the geometric configuration of the microphone
15 assembly for a particular communications device based upon the expected distance
between the assembly and the user’s lips.
It is evident from FIG. 5 that when microphone assembly 10 is
optimally configured as described, its sensitivity in the near field is nearly as large as
a FOD microphone placed at the midpoint of the minor axis. However, the far-field
20 noise rejection of the SOD will be substantially enhanced relative to the FOD
microphone because the second spatial derivative of the acoustic pressure field is
smaller than its first spatial derivative in typical diffuse sound environments.
Thus, a significant improvement in microphone performance is achieved
by configuring a microphone assembly in such a way that when there is radially
25 divergent near-field input, the corresponding component of the second-order
differential output is proportional to the first-order spatial derivative. The
configuration of FIG. 4 is a currently preferred configuration. However, the
invention as we envisage it is meant to encompass other microphone configurations
that also embody this conceptual approach to ixi\proving microphone performance.
30 For example, we believe that as an alternative to the two-diaphragm implementation
of FIG. 4, it is possible to achieve qualitatively similar improvements in microphone
performance through the use of a single-diaphragm configuration. The use of single



filter useful for matching the near-field output of the inventive
second-order differential m crophone to that of an omi directional
mcrophone 15 FIG '8 is a graph that conpares the near-field
sensitivities of SOD, FOD, and omi directional m crophones. Plotted is the
frequency response of a mcrophone of eagh type. FIG 9 is a graph that
conpares the far-field sensitivities of the m crophones of FIG 8. 20
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Rl ternative y, an adapnve algorithm can be used to balance the microphones

adaptively, each time they are used. An appropriate algonthm for this purpose is

described, for example, in B. Widrow et al., "Adaptive Noise Cancelling: Principles

and Applications,” Proc. IEEE 63 (Dec. 1975) 1692 - 1716.

10 Turning to FIG. 6, adaptive algorithm 120 is implemented by, for
- example, a digital signal processor whose output is used, in effect, to adjust variable

gain or adaptive filter 125 in order to minimize the (subtractively) combined outputs

of microphones 30, 32.

It is desirable to adapt only when there is no speech present; i.e., when

15  the human speaker (or other acoustic signal source) is quiescent. Accordingly, a
component 130 is advantageously provided for detecting when the signal source is
quiescent. Such a component is also exemplarily implemented by a digital signal
processor. The output of component 130 sets the adaptation parameter to a non-zero
value (i.e., permits adaptation to take place) when the output of, e.g., microphone 32

20 is less than a predetermined threshold, which is taken as an indication that the
microphone is receiving only far ficld noise. By way of example, we have found that
the speaker’s sound level at the microphones is typically about 10 - 15 dB higher
than that due to the ambient noise level. Thus, a threshold can (at least initially) be
set with reference to this quantity.

25 The near-field frequency response of SOD microphone assembly 10 is
nearly the same as that of a FOD microphone, even without the use of a voice-
shaping filter. Relative to an omnidirectional microphone, however, the near-field
response of the SOD assembly increases with frequency. This frequency
dependence is readily compensated using voice-shaping filter 60. A typical curve of

30 frequency response for such a filter is shown in FIG. 7.

The sensitivity plots of FIGS. 8 and 9 represent the near-field (FIG. 8)
and far-field (FIG. 9) responses of the respective microphones relative to a calibrated
Bruel and Kjaer microphone placed 1 cm from the lips of a Bruel and Kjaer head and
torso simulator. The simulator was the acoustic source in each case.



FIG 13 is a perspective view of a headset including a boomthat 30

| ncorporates a SOD m crophone assenbly according to the invention in one
enbodi ment. DETAI LED DESCRI PTION Turning to FIG 1, the invention in a
preferred enbodi nent includes a m crophone assenbly 10 and el ectronics
package 20. Wthin the electronics 35 pagkage, the outputs of first-order
differential (FOD) m crophones 30, 32 are -5 - subtracted, one fromthe
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response was within 2 dB. These results indicate that in the near field, the SOD
5 assembly behaved substantially like a FOD microphone.
FIG. 9 shows that over a frequency range of 100 - 1000 Hz, the SOD
assembly was less sensitive to far-field stimulation than the FOD microphone by a
margin, over most of that range, of 10 dB or more. FIG. 9 also shows that on the
average, the sensitivity of the SOD assembly to low-frequency noises fell off more
10 rapidly (with decreasing frequency) than that of the FOD microphone. This
relatively steep, @2, far-field frequency dependence is generally desirable because it
helps to reject noise from low-frequency sources such as crowds and vehicular
traffic. . |
FIG. 10 shows the effect on near-field sensitivity of shifting the source-
15 to-microphone distance from 1 cm to 2.5 cm. It is evident from the figure that the
relative change for the SOD assembly was very similar to the relative change for the
FOD microphone. This supports our observation that in the near field, the acoustic
characteristics of the SOD assembly are similar to those of a FOD microphone.
The inventive microphone assembly is readily incorporated in
20 communication plafforms of various kinds. By way of example, FIG. 11 illustrates
the incorporation of the microphone assembly into a cellular handset 140. The
microphone assembly is readily incorporated either in the base portion 145 of a
handset, or, alternatively, in a hinged, flip portion 150 if such a portion is present.
Typically, the cartridge 155 will occupy a recess within the body of the handset, and
25 ports 160 will be exposed to the operator’s voice. As discussed above, foam layers
or bodies (not shown) will typically be included in order to inhibit the pickup of
turbulence.
Another exemplary platform is a telephone handset, as depicted in FIG.
12. The broken line 165 shows the outer contour of a standard, Type K handset.
30 The solid contour of the figure represents a modified shape that permits the
~ microphone assembly to be brought closer to the speaker’s lips. Visible in the figure
are cartridge 170, ports 175, and circuit board 180 for the microphone electronics
package.
FIG. 13 shows yet another exemplary platform, namely boom 185,
35 which will typically be incorporated in a helmet or operator’s headset.



m crophones respond to identical acoustic input with identic

!
and identical phaseTh 3eel Iy, a variable-gain a ﬁ"}si |
suffice if the respei ﬁﬂ e responses differ by algad :
i s i ndependent of fr i range of interest. An active filter may
be desirable if the inbalance 10 1n gain ﬂ phase-response is
frequency-dependent. I n sone cases, changirig environnental conditions such
as tenperature and hum dity may affect the respective m crophone responses
unequal ly. I n Claiims:tases, it nmay be advant ageous for elenment 40 to perform
its bal ancing functiong by, adaptive filterin as.described in greater
detail below 15 L Appaqatuss;:ﬁg@pamgétfwg Lol #rﬁﬂpgem%ﬁ?%’sgﬁﬁgnﬁﬁr
m cr ophones 30 emitledBy asourve, e nlektyicpl @fpat signals irethapscsemreardacadktic noise; andd I
comercially awal e t ] ] h s are readily
avai | abl o i | 0 EofiorERBE fftodtl A SRRk dR EaRdiLe ARIRERANG [0
have a fi xed ggpnstantidigsanceifrone thersource; whertinghe trausducaiis hdaptedte respogd toh
i nterest) that sb&na¥phttadepivitiveltf theéprdGure’feld gssogiated V&ﬁlﬂ;r me&‘t'gﬁﬂé austic
differencing anplifier 50 1s optionally passed through voi ce-shapl ng
electronic fil f€lds60 to make the frequency response of the m crophone

CHARACTERIZED IN THAT the transducer comprises:
a) two first-order differential microphones separated by a distance d, the .
10 microphones so situated within the platform that in use, they will be on the same side

of the source and approximately equidistant therefrom, and each microphone
including a membrane having a substantially perpendicular orientation relative to a
straight line drawn between the two microphones; and
b) differencing means for receiving an electrical output signal from each
15 of the two microphones, and for producing, in response thereto, an electrical
difference signal proportional to the difference between the respective microphone
output signals.

2. Apparatus in accordance with claim 1, further comprising means for
balancing the sensitivities of the two microphones.

20 3. Apparatus in accordance. with claim 2, wherein the balancing means
comprise either a variable gain amplifier,
a filter,
an adaptive filter and means for adjusting the filter coefficients such that
the electrical difference signal excited by ambient noise is minimized, or
25 automatic means for discriminating between the state when the source is
emitting acoustic signals and the state when the source is quiescent, and means for
permitting the adaptive filter to adapt only when the source is quiescent.

4. Apparatus in accordance with claim 1, wherein:
a) the platform is so conformed as to establish an approximate, expected
30 distance a between the transducer and the source; and
b) the distance d between the microphones is adapted such that the ratio

" is near the value that optimizes the theoretical sensitivity of the transducer

* [ L M S *



assenbly match a desired characteristic, such as the frequeljciHIS SSiEBNSRASHEEEN
an omi di rectional m'& BeegRepldcefly t o FI G 2, exenpl aryj] FOD MERUAGED
m crophone 34 incl ude Hm 35 encl osed between fr

back cover 38. Both si phragm sense the acoustic pressure
field. This is facilitated by air holes 36 _in the front and back covers.
Typically, a felt cover |ayer 39 overlies-fidont cover 37. As i's well-known
in the art, this bilateral sensing results in an output proportional to the

acoustic vel ocirélutive sl ahyportietiog SidbR! fifsRofdee dftReéhtal midipinaRbIESRd n@flh
Turning to FIG 3, each of m crophones 30 and 32 of m crophone assemnly 10

i s mounted wi t Mientransdecsyend oriented éorahaximu setigieivit Gaid&dtio €2 6bing fforéNagdple
defines a partial enclosure having ports 70 for admtting&he acoustic
pressure fi el dapprogimatelytl.4an be sensed on both sides of the m crophone

di aphragm Each cartridge is made froma material of sufficient rigidity to
substantially isolate the encl osed 35 volunme sensed by the m crophone from
the surroundi ng nout hpPeAEPEAS Y aggordanse withdiaim |, avhersimthe fisbtearfler nj , and

from vi br at i Hndifféremedlintitphbhds ardbledthe nitRphoHeR

6. Apparatus in accordance with claim 1, wherein the transducer further
comprises a respective cartridge for housing each of the two microphones, each
cartridge mounted within the platform, wherein:

a) each cartridge comprises a wall defining an enclosure therewithin;
10 b) each wall comprises a material sufficiently rigid to provide at least
partial acoustic isolation between the enclosure and the platform;
c) each of the two microphones is fixedly mounted within the enclosure
of its respective cartridge; and
d) the wall of each cartridge is perforated such that both sides of the
15 corresponding microphone membrance can sample the acoustic pressure field
equally. '

7. Apparatus in accordance with claim 6, wherein: each cartridge is
conformed as a right circular cylinder having a longitudinal axis; each respective
cartridge wall is perforated by a slot extending parallel to said axis for approximately

20 the entire length of the cylinder, said slot oriented to face the source when the
transducer is in use; and each microphone is mounted so as to bisect its respective
enclosure and slot. |

8. Apparatus in aceordance with claim 6, wherein each cartridge wall
comprises a material selected from hard plastic, hard rubber, and brass.

25 9. Apparatus in accordance with claim 6, further comprising means for
adjusting the distance d between the microphones, and/or
a voice-shaping filter for changing the frequency content of the electrical
difference signal.

10. Apparatus in accordance with claim 1, wherein the platform

* [ L M s *



-6- By way of eyxanple, we ve uccessfully used cartridge THigSH
ports-seal ed, w 4 tected sound | evel by abou
W have built wo lﬁm Isin which the cartridges are made from

brass, 0.008 inc i ck. However, for a mass-produced enbodi nent
of 5 the invention, we believe it would belgp_referabl e, for econom c

reasons, to use a polymeric material such & hard plastic or hard rubber.

It is desirable to subdivide the interior of the cartridge into a pair of
nmut ual | y acousiompaiseseitleohatlephonbdiabdseg orone in front of the m crophone,
and one behind it. Thi g Il eved, .for ex e. by surrounding the
m crophone with a 10 ﬁ%’hﬁ?‘%ﬁ%cgﬁﬁg“‘ﬁ%ﬁ{%%g@{@ﬂ ightly against the -
m crophone body and al adfoldahie telephpne hendsgtofitbe kind davingarbassand ohinged flip
cartridge. Su i ' k ' ﬁ&g fr.omrubber. In
addition, a |;l{g>§° %&ol*&gan‘{sg%%}' %%??g@g@}@hqh#a erl&é’lg,r such as an .

5 a foldable telephone handset of the kind having a base and a hinged flip

portion, and the transducer is mounted in the base.

11. Apparatus comprising a transducer for converting acoustic signals,
emitted by a source, to electrical output signals in the presence of acoustic noise; and .
further comprising a platform for maintaining the transducer at a substantially

10 constant distance from the source along an axis to be referred to as the major axis;
wherein the transducer is adapted to respond to a second spatial derivative of the
pressure field associated with at least some acoustic fields,

CHARACTERIZED IN THAT

a) the transducer comprises means for sensing the pressure field at

. 15 respective first and second locations separated at least along a minor axis
perpendicular to the major axis;

b) the sensing means are adapted to produce first and second output
signals proportional to the first spatial derivative of the pressure field, along the
minor axis, at the first and second locations, respectively;

20 ¢) the transducer further comprises means for combining the first and _
second output signals into a net output signal representing the difference between the
first and second output signals; and

d) the first and second locations are so chosen that radially divergent
acoustic signals emitted by the source will contribute, to the net output signal,

25 mutually reinforcing first and second output signals that are proportional to the first
spatial derivative of the pressure field along the minor axis.

12. A method for converting acoustic signals, emitted by a source, to
electrical output signals in the presence of far-field acoustic noise, the method
comprising the steos of: §

30 a) sensing an acoustic pressure field at respective first and second
locations; _
b) producing first and second electrical output signals, each said output
signal proportional to a first spatial derivative of the pressure field at a respective one
of said locations; and

* c L L] S *



open-cel |, 65- gg{sgheeﬁ%ﬁ&r t ancg foam is usefully interpofeltiBé HASREEN
a

of acoustic tur human operator speaks into the m crophone
assenbly. Such ‘advant ageousl y pl aced over each port 70.

Al ternatively, foam bod| es can be pl aced, 12 , directly within the ports,
or within the cartridge. In currently préf r'red enbodi nents, each cartridge
80, 82 is conforned 20 as a right circular cylinder having a | engthw se
sl (r)\t al ong theftop (i. e)comlhmnigth&ﬁrsshﬁhsdcaﬁ&aﬁpﬂkslignaﬂmaaaha : Is aor
ot her source q na at .ext en a te t he

| ength of the W&%ﬁégé‘% h‘g %i’%t&‘ﬁgﬂéhe qn?sse%gqjig tﬁ‘g sp?"&@ t\kh“% hi n
the cartridge nehoustputmgnalwamxo:tlmatedwy propoftintl toi aweconthtpatialsttrivatitesof the
interior of t et 0O r t t114. The
25 mcrophong&%o fi@g&\/\f‘fqtmc‘“m &‘Bégfg@ %%wggggicaﬁ%éﬁ?ﬁég engt hw se
slot, and i# tsnnaraMﬁmsmdéguréaehng@nmm@ohsr@fexs@damamth@mammsnf the

acoustic 15 S|§ ch of the m crophones for} | H%‘?(uo

slot. Electrical Ieadscj.ﬂ,ﬁ{‘& PERSZED N Fifgghone are readily directed out of
each cartridge through a.s hole 118 f.orned, gt in the side of the
cartridge opposite thedh®e St a‘Wilt‘“T'ﬁql'11 é%f@HOB?afPﬁ&aéaﬁ@F‘%aSt%gWr axis

surroundi ng t RRrpepdialar $o the major axis;
: e) the sensing step is carried out such that each of the resulting first and .

10 second output signals is proprtional to the first derivative of the pressure field along
the minor axis, and the net output signal is approximately proportional to the second
spatial derivative of the pressure field along the minor axis; and

f) the first and second locations are so chosen that radially divergent

acoustic signals emitted by the source will contribute, to the net output signal,

15 mutually reinforcing first and second output signals that are proportional to the first
spatial derivative of the pressure field along the minor axis.

* c L M S *



30 desirably filled with an airtight seal in order to reduce acousti cal

| eakage. By way of exanple, we -have successfully used cartridges of

0. 008-inch brass that are shaped as cylinders 0.55 inch |long and 0. 38 inch
in inner diameter. The corresponding m crophones were el ectret mcrophones
0.38 inch in dianeter, and having a frangsio-back | ength of 0.2 inch.

-7- In at |east sone enbodinents, it is advantageous to place the two
cartridges endgiQa L oyl i ition. This
arrangenent (OIS RAANCRERNGTARRENTIAL MIBROBIRNE ARRMALYS: T
each cartri dijestrdotl ps t.o ensurethat within each cartridge, the two sides
of the correspondi ng l ﬁB 1 e i A :

equi valently. As a rgg | %%%%%%%%’%@%?%ﬁ%ﬁé%ﬁﬁ é_gcond-order
di f f er ent i alsepons-ondenderivative wictopbone 4ssembly in such awway thanoadiallyrdivergenti f FOD
i crophongs ndQr-fidid iMfitHromResh Hiciophénd feSforst BroboRibHal &Y Y'RRE-order spatial

derivative of the acoustic pressure field.




It should be noted that because m crophone assenbly 10 can

e THISEBHEETOMS BEEN

| sol ated fromthe platformupon which it is unted, it is

asi | yRERACED!

10 to a varie of application environmentk/8 1t is well kn
many, typical Irw(é"ropﬂ

oni ¢ applications, a speaker's voice behaves to a

significant extent as though emanating froma theoretical point source.
Accordingly, the geonetric arrangenent of FIG 4 is the currently preferred

arrangenment when mcr e—asspnbl p 260-isounted qn a 15
pl atform for operatio
m crophones 30, 32 arp s€ é&:tep by, a di stance d algng |ine
which will be referred {“u.ga*+€fﬂ Lhe JUndpoi nt
eor al point sourcg S

axis is a distance a |fr oM Fti
will be referred to as t he "maj or %xis." The FCD

conmuni cati on

lie at equal radii r+32 frombkourlce 96%Qt is clear|tAdP > e
m cr ophones are equi di st2 fromtHe sour e reo ' axes| are
per pendi cul ar, and e Ch',i rd and r- es pn akgl e [ g et} 'the
maj or axis. Significdntl e langlle [err]}i ess than [err|l FILTER .| Bot h
m crophones lie on tHe same side ofl the sdlrce. I
__-T" e _iﬁﬁﬂ_j
10 120 oy
SOD OUTPUT

FIG. 2
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‘The menbrane of each nicrophone is oriented substantially 25THﬁéSb§ﬁHHéBEﬁEN

to the minor axis (i.e., perpendicular & the y-axis in thg|repr BEPMAGEDON
of FIG 4). nggesult each nenbrane zasen5|t|ve (within

limts) only t at4Eonponent of the acoustic velocity field directed

al ong the m nor axis. Because the acoustic signal is radially divergent,
this velocity-field conponentyhas one sign at r+, and the opposite sign at
r-. Consequently, the 30 difjerence between the electrical outputs of the
respective FOD m crophones wi[l include a nutually reinforcing conbination
of the respective m crophone fesponses to these velocity-field conponents.
That is, the magnitudes of the velocity-field components directed 50 ong the
mnor axis wll add constructjvely in the conbined m cropho ﬂ@ut

- The magni tude of the output|ffromthe inventive SQD_ELQLQ ne

96 /,/)’9 IRk

~~<___Je "

L 4/2

FIG. 5

SOD OUTPUT VS. NORMALIZED FOD SEPARATION DISTANCE

SOD QUTPUT (dB)-

This Sheet Has Been Replaced .
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assenbly can be conpared w th the nmagnitude of the output fjomeshk shsden
m crophone situated at point 94, with its3g(8aphragm oriente pergﬁ;s? DAl

to the major axis. Theoretically, the SOD:FOD ratio of thes ' =
(when the major 5 and mnor axes are mutually perpendicular) is given by

t he expression]c"]‘gatig =[err] 4[err] [ 1 + (ka)[err] (1 + Z[err] Ratio =
[err] where z = dl(2a), k = [err] /c, [err] is the angular frequency and c
is the speed of sound in air. This function is plotted in FIG 5 versus the
normal i zed di stance d/(2a), for frequencies of 500 Hz, 1000 Hz, and
1500 Hz. It is evident ~to an excel |l ent approximation (provided the
distance a, in units wavel ength at the given frequency, is much

smaller than [err] ), QD out put rrrraximal (rel gthe to the 0
hypot heti cal FOD outp wi t hout regard , when d = I§
design fornula may be used 439 opti mfﬁat ptrigSgonfigur at
m crophone 15 assenbl a pard iC r e
t he expected distanc ?6[5 enrgf{asse I ps!!
f—
/10 meor
ADAPTIVE SIGNAL
ALGORITHM
130
v
SILENCE
DETECTOR
FIG. 7
g
=
3
=
_153! e b1 1 3 21 9 ] b 8 LR
o 104
' FREQUENCY (Hz)
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It is evident fromFIG 5 that when m crophone assenbly 10 i

Ej@ SHEET HAS BEEN

configured as described, its sensitivity |d/8he near field il neaREPLAGED
| arge as a FOD nlcrophone placed at the m dpoint of the mn X1 S.

However, the far-field 20 noise rejection of the SOD will be substantially
enhanced relative to the FOD m crophone because tthe second spati al
derivative of the acoustic pressure field is snmaller than its first spati al
derivative in typical diffuse sound environnents. Thus, a significant

i mprovenent in mcrophone performance is'achieved by configuring a

m crophone assenbly in such a way that when there is radially 25 divergent

near-field input,[Th _ sacond-order <
differential outgut is propor to the frTsTwe{der spatlal derlvative.

However, the invdgntion as we enV|sagé‘|t {*s meant: to enconpass ot er
m crophone confi ur-ations that-aliso: enbody t hi-s- concept.uak..appraoagh to

i mprovi ng ni cr oplkone.-per fior.mance. ;. 30.. FOL.QX&HPLQ..W@.@?['QVG that Jas an
alternative to tlhe t wo- dlaphragn1|nplenentat|on of FIG "4} it 'S Qossible
to achieve qual i fat gl y: S gRLovenent s.i.n. nlcrothﬂe“priQ mance
through the use i o W;;-gn1conf|gurat|on The use of siingl e
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-9 - diaphragns to achieve first- and second order different) AHiSopERTR iildH BEEN
d W B§PHACED

I s described generally in the journal g | e by Beaverson
cited above. As noted, it is advantageou /%o i nclude a bal a
such as a variable gain anplifier to equalize the outputs of mnicrophones
30, 32. The 5 appropriate setting of, e.g., a variable gain may be
determ ned during production. Alternatively, an adaptive algorithmcan be
used to bal ance the m crophones adaptively, each tine they are used. An
appropriate algorithmfor this purpose is described, for exanple, in B.

Wdrow et al., "Adap and Licationses &5
Proc., |EEE 63 (Dec. 1975) 1692-+-l716~~10 ------------- ;... Turning . to.FlG-Jer S
adaptive al gorithm 120 s |npleﬂented byynﬁor -exanple;--a-digi-tak.-signdl
processor whose outpgt-is:- qsed ‘tn--effeet; - t-0:-adj-ust--vari-abl e gai-n.or | e
adaptive filter 125 hn~o&deh-to M. ni. i ze.. the.LsuthaCLLM&Ly)”coﬁbLned‘ %g
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of m crophones 30, 32. It is desirable to adapt only when tihegj SﬁEEPQA EEN
speech present; i.e., when 15 the human speﬁ?gr (or other COUS%qbgibgﬁg
source) is quiescent. Accordingly, a conpone 130 is adva S,

priovi ded for detecting when the signal source is quiescent. Such a

conponent is also exenplarily inplenented by a digital signal processor.
The out put of conponent 130 sets the adaptation paranmeter to a non-zero
value (i.e., permts adaptation to take place) when the output of, e.g.,

m crophone 32 20 is less than a predeterm ned threshold, which is taken as
an indication that the m crophone is receiving only far field noise. By
of exanple, we have found that the speaker's sound level at the m crophonéd
is typically about 10 - 15 dB higher than that due to the anbi ent noise =
| evel . Thus, a threshold can (at |east initjally) be set with reference%;qE

&

this quantity. 25  [. ... .. ~.The ndar-TI el def r equqnCy rEIpUTSE ISP 2 2
m crophone assenbly 10.is.nearly..the.samejas that [of a FOD nicrophone,] evesd
without the use of alvaice-.shaping filte]. Relatilve to an omi directijonalgg
m crophone, however, Lhe”nﬁaﬁfiLeLG“rﬁﬁp.*se of th asesy
with frequency. This [frequercy : ] o=
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dependence is readily conpensated using voice- shaping filter
.curve.of 30 frequency response for such a filter is shown i
sensitivity plots of FIGS. 8 and 9 represefifgthe near-field
fdar-field (FIG 9) responses of the respective mcrophones relative to a
calibrated Bruel and Kjaer mcrophone placed 1 cmfromthe |lips of a Bruel
and Kjaer head and torso sinulator. The sinulator was the acoustic source
i n each case. -10- FIG 8 shows that for every frequency in the range
250 - 3500 Hz, tﬁfcnear field response of an exenplary SCD m crophone
assenbly fell 5/dB of the FOD nicrophone included for conparison,
and over nost of that range, the response was within 2 dB. These results
indicate that in the near field, the SOD 5 assenbly behaved substantially
| i ke a FOD m crophone. FIG 9 shows that over a frequency range of 100 -
1000 Hz, the SOD

This Sheet Has Been R lac




assenbly was | ess sensitive to far-field g i mul ation than thf
m crophone by a margin, over nost of that }&nge, of 10 dB or
al so shows that on the average, the sensitivity of the SOD agss
| ow-frequency noises fell off nore 10 rapidly (wth decreasing
than that of the FOD m crophone. This relatively steep, ([err], far-field
frequency dependﬁp S Eenerally desirabl e because it helps to reject
noi se fron1|omffreé§enc sources such as crowds and vehicular traffic. FIG
10 shows the effect on near-field sensiti'vity of shifting the source- 15
t o-m crophone distance froml cmto 2.5 cm It is evident fromthe figure
that the relative change for the SOD assenbly was very simlar to the
relative change for the FQOD mi crophone. Thi SIREGHONr OF our observation that
in the near field, t acoustic characteri sgi he SOD assenbly are
$¥oaib GROER j‘ RECEETION

simlar to those of one. The A nventive m crophone assenbly is
S

readi |y incorporated MIORGRHO : 'cat i odf pl agmsjnm ng;«ari ous,

way of example, FIG 11 11lus EQ%FEPSDﬂEﬂ@f

assenbly into a cellular hands
incorporated either in the basa 4?155 a

I nds. By
rophone
senbly isyreadily

MICROPHONE
ELECTRONICS
o\ {1 65
O
180
175
FIG. 13
This Sheet Has Been Replaced
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handset, or, alternatively, in a hinged, flip portion 150 i SUCTH el
 BERLAGENEN SHEET

is present. Typically, the cartridge 155 will occupy a rece

body of the handset, and 25 ports 160 will be exposed to tihe op@ At
voi ce. As discussed above, foam | ayers or bodies (not sho éﬂ%?ﬁvggm

be included in order to inhibit the pi ckIup of turbul ence. Another exenplary
pl atform i sFfGE el ¢ohone handset, as depilcted in FIG 12. The broken line
165 shows the outer contour of a standard, Type K handset. 30 The solid
contour of the figure represents a nodified shape that permts the '
m crophone assenbly to be brought closer to the speaker's lips. Visible in
the figure are carih'sgdﬁe_ﬂm ports <175~ ane €i+6uit baard_180 for the

m crophone el ectro ckape. FIG 13 shows yet another exenpl ar';y
platform nanely bborf 185\ 3p whjich will typi calsloy be incorporatedin a

hel met or operatorl s \neadget}
I

|
|
32 | 40
!
|

! _
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T 2 N S

|
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FIG. 3
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~ REPLACEMENT SHEET REPLACEMENT SHEET Date: 09 JAN 1997 -11 -

EPLACEMENT SHEET
Apparatus conprising a transducer for convertingacoustic sijgnals, e4n' ﬁéf%
by a source, to electrical output signals in the presence Damu.z.t. Frr i s e I8
noi se; and further conprising a platformfor maintaining t -
a substantially constant distance fromthe source; wherein the transducer
is adapted to respond to a second-@rder spatial derivative of the pressure
field assgp'@t ed4vvi th at | east some acoustic fields, CHARACTERI ZED | N THAT
the transducer conprises: a) two first-order differential nicrophones
separated by a distance d, the m crophones so situated wthin the platform
that in use, they are on the sane side of the source and approxi mately
equi di stant therefrom amd each m crophone including a nmenbrane having a
substantially perpendi culjar orientation relative to a straight |line drawn -
bet ween the two m crophopes; and /30
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-b) differencing neans for receiving an el ectrical output sj RESLACEMENTOSHEET |
of the two m crophones, and for producing, in response thefeto, )
el ectrical difference signal proportional to the differenc IjWENQQETQ§ii““".
respective m crophone out put signaL55 2. Apparatus.in acc
1, further conprising nmeans for bal aRcing the sensitivities of the two
m crophones. 3. Apparatus in accordance with claim2, wherein the bal anci ng
nmeans co variable gain anplifier. 4. Apparatus in accordance with
claim 2, ﬁﬁﬁ@jEla t he bal ancing means conprise a filter. 5. Apparatus in
accordance with claim 2, wherein the bal anci ng neans conpri se an adaptive
filter and neans for agj sting the filter coefficients such that the
el ectrical difference Q;mu excited by anbient noise is mnimzed. 6.
gaxce with claim5, wherein the bal ancing nmeans further
m nating bet states i n whiclhathe

J 53‘?7\/r1|ch t he sour e%ps

Apparatus in accg
conpri se automat
source is emtti\

pustic signals

gui escent, and nead for permtting filter tq only when
the source is quiescengdd 125 . o™
4/
~ YL
/130
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7: Apparatus in accordance with claim1, wherein

confornmed as to establish an approxi mate, expected distajjce a Ee‘maepm
transducer and the source; and ‘111111 111111 1111111211110 atd:.. . cieiiiecinnssinenennes
REPLACEVENT SHEET REPLACEMENT SHEET Date : 09 JAN 1997

a) thel| HERUACEMENT SHEET

di stance d between the m crophones is adapted such that the ratio d/a is
near a value that optim zes the theoretigal sensitivity of the transducer
relative to a hypothetical, single, first-order differential mcrophone
co-located with the transducer and oriented for maxi num sensitivity.
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. 8. Apparatus in accordance with claim7, wherein the ratid| BEBLAMGEMENT SHEET
approximately 1.4. 9. Apparatus in accordance with claim3, wheregnet
first-order differential mcrophones are electret m crophgnbsate igzdﬁw

Apparatus in accordance with claim1, wherein the transducer furtirer
conprises a respective cartridge for housing each of the two m crophones,
each cartridge mounted within the platform wherein: a) each cartridge
conprises a wall defining an encl osufe therewithin; b) each wall conprises
a material sufficiently rigid to provide at |east partial acoustic

i sol ation between the enclosure and the platform c¢) each of the two

m crophones is fixedly nounted within the enclosure of its respective
cartridge; and d) the wall of each cartridge is perforated such that both
si des of the correspondi ng m crophone nmenbrane can sanple the acoustic

pressure field equally. I1. Apparatus in accordance with claim10 cé(,\,herei n:
each cartridge ig. . .. ... ... e T R N | B
b ¢ - e e - L Y B eresr v e car ssnraiserleie.nern L T T R SR e s s e e e 4
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>conformed as a right circular cylinder having a | ongitudi|{n§epRXkCEMERTSMEET
respective cartridge-wall is perforated by a slot extendijpg parallel to
said axis for approximately the entire length of the cyli 1@@@,34'({]@%
oriented to face the source when the transducer is in use >
m crophone is nounted so as to bisect igs respective enclosure and slot.
12. Apparatus in accordance with clai m20, wherein each cartridge wall
conprises a material selected fromthe group consisting of: hard plastic,
hard rubber, and brass. 13. Apparatus in accordance with claim 10, further
conprising nmeans for adjusting the distance d between the m crophones.
REPLACEMENT SHEET REPLACEMENT SHEET Date 09 JAN 1997
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+-13 - 14. Apparatus in accordance with claim1, further REPLACBNENT \BHIEEE -
shaping filter for changing the frequency content of the Iectrgfgi
difference signal. 15. Apparatus in accordance wth clain Datewhds. lﬂglﬂgSi
pl atform conpri ses a tel ephone handset. 16. Apparatus in

claim1l, wherein the platform conprisses the boom of a comunication
headset. 1 7. Apparatus in accordanle with claiml1l, wherein the platform
conprises a fol dabl e tel ephone handset having a base and.a hinged flip
portion, and the transducer is nounted in the flip portion. 18. Apparatus
in accordance with claim1l, wherein the platformconprises a fol dable

t el ephone handset having a base and a hinged flip portion, and the
transducerpjs noppted in the base. 19. Apparatus conprising a transducer
for converEh?rg t ustic signals, emtted by a source, to electrical output
signals in the presence of acoustic noise; and further conprising a
platformfor maintaining the transducer at a substantially constant
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‘di stance fromthe source along an axis to be referred to as
wherein the transducer is adapted to respond to a second-order spati al
derivative of the pressure field associated with at |east s T@a@cqﬂ JGCIM
fields, CHARACTERI ZED I N THAT a) the transducer conprises =g

MEPRRCEMENTISHEET

the pressure field at respective first agd second | ocations separated at

| east al ong a mnor axis perpendicular t8.the major axis; b) the sensing
means are adapted to produce first and second out put signals proportional
to the first spatial derivative of the pressure field, along the m nor
axis, at the first and second | ocations, respectively; c) the transducer
further conprisefygean f or conbining the first and second output signals
into a net outpu Tgn representing the difference between the first and
second out put signals; and d) the first and second | ocations are so chosen
that radially divergent acoustic signals emtted by the source contri bute,
to the net output signal, nutually reinforcing first and second out put
signals that are proportional to the first spatial derivative of the
pressure field along the

FIG. 13
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Date 09 JAN 1997 20. A nethod for converting acoustic sigeFs—satted-by. ...
a source, to electrical output signals in the presence of f{rREPIAGEMENT SHEET
acoustic noise, the method conprising the steps of: a) sens{jng an Rog-hi
pressure field at respective first and second | ocations; b)Jdeael i..g..g rw
and second el ectrical output signals, epch said output sign i
to a first spatial derivative of the pressure field at a respective one of
said | ocations; anWQ:?'a'@bhbi ning the first and second output signals into a
net out put signal

1. Apparatus comprising a transducer for converting acoustic signals, emitted
by a source, to electrical output signals in the presence of acoustic noise; and further
comprising a platform for maintaining the transducer at a substantially constant distance
from the source; wherein the transducer is adapted to respond to a second-order spatial
derivative of the pressure field associated with at least some acoustic fields,
CHARACTERIZED IN THAT the transducer comprises :

a) two first-order differential microphones separated by a distance d, the
microphones so situated within the platform that in use, they are on the same side of
the source and approximately equidistant therefrom, and each microphone including
a membrane having a substantially perpendicular orientation relative to a straight line
drawn between the two microphones; and

b) differencing means for receiving an electrical output signal from each of
the two microphones, and for producing, in response thereto, an electrical difference
| signal proportional to the difference between the respective microphone output signals.

2. Apparatus in accordance with claim 1, further comprising means for
balancing the sensitivities of the two microphones.

3. Apparatus in accordance with claim 2, wherein the balancing means
comprise a variable gain ampilifier.

4. Apparatus in accordance with claim 2, wherein the balancing means
comprise a filter.

5. Apparatus in accordance with claim 2, wherein the balancing means
comprise an adaptive filter and means for adjusting the filter coefficients such that the
electrical difference signal excited by ambient noise is minimized.

6. Apparatus in accordance with claim 5, wherein the balancing means
further comprise automatic means for discriminating between states in which the source
is emitting acoustic signals and states in which the source is quiescent, and means for

- permitting the adaptive filter to adapt only when the source is quiescent.

7. Apparatus in accordance with claim 1, wherein :

a) the platform is so conformed as to establish an approximate, expected

distance a between the transducer and the source; and

* € L M s  *
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representing the difference between the first and second signal EEPls'ﬁgE FHlt
the net output signal is approxinmately proportional to a second-—arder
HEPLAOEMENTIMEET

F5. W ser.

spatial derivative of the pressure field at a point interne

and second | ocations, said point separated from said source jal ong
to be referred to as the major axis; CHARACTERI ZED | N THAT: :i)‘)«ateh

SHEET

and second |ocations are separated at legst along a mnor ax
per pendi cular to the

I ona

net output signal is approxi mat propor

reinforcing first and segsigvigy. out put signals that are

8. Apparatus in accordance with claim 7, wherein the ratio d/a is

approximately 1.4.

9. Apparatus in accordance with claim 1, wherein the first-order differential

microphones are electret microphones.

10. Apparatus in accordance with claim 1, wherein the transducer further

comprises a respective cartridge for housing each of the two microphones, each’

cartridge mounted within the platform, wherein :

a) each cartridge comprises a wall defining an enclosure therewithin;
b) each wall comprises a material sufficiently rigid to provide at least
partial acoustic isolation between the enclosure and the platform;

¢) each of the two microphones is fixedly mounted within the enclosure

of its respective cartridge; and

d) the wall of each cartridge is perforated such that both sides of the

corresponding microphone membrane can sample the acoustic pressure

field equally.

11. Apparatus in accordance with claim 10, wherein : each cartridge is
conformed as a right circular cylinder having a longitudinal axis; each respective
cartridge wall is perforated by a slot extending parallel to said axis for approximately
the entire length of the cylinder, said slot oriented to face the source when the

transducer is in use; and each microphone is mounted so as to bisect its respective

enclosure and slot.

12. Apparatus in accordance with claim 10, wherein each cartridge wall

comprises a material selected from the group consisting of : hard plastic, hard rubber,

and brass.

13. Apparatus in accordance with claim 10, further comprising means for

- adjusting the distance d between the microphones.

axis; e) the sensing step is carrled out such

that each of the red Inﬁ%e %&mcreétbe&weers Mc;r@mhqjm lSsad}nmequ tpatdhe raticonal
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propo}ti onal to the first spatial derivative of the pressure fi QFBL%Q%MSNT SHEET

t he m nor
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14. Apparatus in accordance with claim 1, further comprising a voice-

shaping filter for changing the frequency content of the electrical difference signal.

15. Apparatus in accordance with claim 1, wherein the platform comprises
a telephone handset.

16. Apparatus in accordance with claim 1, wherein the platform comprises
the boom of a communication headset.

17. Apparatus in accordance with claim 1, wherein the platform comprises
a foldable telephone handset having a baseé and a hinged flip bortion, and the
transducer is mounted in the flip portion.

18. Apparatus in accordance with claim 1, wherein the platform comprises
a foldable telephone handset having a base and a hinged flip portion, and the
transducer is mounted in the base.

19. Apparatus comprising a transducer for converting acoustic signals,
emitted by a source, to electrical output signals in the presence of acoustic noise; and
further comprising a platform for maintaining the transducer at a substantially constant
distance from the source along an axis to be referred to as the major axis; wherein the
transducer is adapted to respond to a second-order spatial derivative of the pressure
field associated with at least some acoustic fields, CHARACTERIZED IN THAT

a) the transducer comprises means for sensing the pressure field at.

respective first and second locations separated at least along a minor
axis perpendicular to the major axis;

b) the sensing means are adapted to produce first and second output

- signals proportional to the first spatial derivative of the pressure field,
along the minor axis, at the first and second locations, respectively;

¢) the transducer further comprises means for combining the first and

second output signals into a net output signal representing the difference

between the first and second output signals; and

d) the first and second locations are so chosen that radially divergent

acoustic signals emitted by the source contribute, to the net output
signal, mutually reinforcing first and. second output signals that are
proportional to the first spatial derivative of the pressure field along the

minor axis.
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20. A method for converting acoustic signals, emitted by a source, to
electrical output signals in the presence of far-field acoustic noise, the method
comprising the steps of :

a) sensing an acoustic pressure field at respective first and second

locations; '

b) producing first and second electrical output signals, each said output
signal proportional to a first spatial derivative of the pressure field at a
respective one of said chations; and

¢) combining the first and second output signals into a net output signal
representing the difference between the first and second signals, such
that the net output signal is approximately proportional to a second-
order spatial derivative of the pressure field at a point intermediate the
first and second locations, said point separated from said source along
an axis to be referred to as the major axis;

CHARACTERIZED IN THAT :

d) the first and second locations are separated at least along a minor axis
perpendicular to the major axis;

e) the sensing step is carried out such that each of the resulting first and
second output signals is proportional to the first derivative of the
pressure field along the minor axis, and the net output signal is
approximately proportional to the second spatial derivative of the
pressure field along the minor axis; and

f) the first and second locations are so chosen that radially divergent
acoustic signals emitted by the source contribute, to the net output
signal, mutually reinforcing first and second output signals that are
proportional to the first spatial derivative of the pressure field along the

minor axis.
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