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of the conference shfengpempanies now consider teleconferencing as a cost effective way
of communicating among personnel at dispersed locations and thereby reduce the
10 need for business travel. In an audio teleconferencing arrangement, 2 number of

conferees at a location are placed in communication with a number of conferees at
one or more remote locations via a telephone connection. The quality of the
transmission between the separated groups of conferees is generally dependent upon
the position of each conferee with respect to a microphone and loudspeaking device

15 ateach location. With a single microphone and loudspeaking device in the
conference location room, the transmission is subject to degradation because some of
the conferees are generally at a greater than optimum distance from the microphone
and loudspeaking device.

It is well known to use a plurality of microphones appropriately spaced

20 at each conferee location to improve the quality of the conference system. The
microphone outputs are summed and the summed output is applied to the
communication links between locations. In such an arrangement, each conferee can
be within an acceptable distance from one of the microphones, whereby speech
pickup is of relatively good quality. With all microphones turned on at one time,

25 however, several undesirable effects occur. The total noise pickup is much greater
than for a single microphone. The artificial reverberation effects occasioned by the
delayed signal pickup from the more remote microphones severely lower the quality
of the conference transmission. Further, electroacoustic instability can easily result
from the blurality of the always turned on microphones. It is therefore desirable and

30 known in the art to provide a switching arrangement which permits only that
microphone closest to the talking conferee to be active so that reverberation and
noise pickup are minimized.

Such an arrangement is commonly known as a "voting circuit."” In the
"voting circuit" arrangement, the loudest talker can capture control and lock out the
35 other conferees at his or her location. This automatic switching between



m cr ophgne outputs are summed and the summed output is applied to the
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effects which vary with the talking conferee’s position.

10 Various teleconférencing arrangements have been proposed and used
heretofore for selecting a single microphone of a plurality of conferee microphones
and for transmitting the signal from only the selected microphone. An example of
such an arrangement is seen in U.S. Pat. No. 3,730,995, issued to M. V. Matthews on
May 1, 1973. In this arrangement, each of a plurality of microphones is associated

15 with a speech detector and a relay. In response to voice signals from one of the
microphones, an associated speech detector activates its relay which connects the
microphone to an audio line and generates a signal inhibiting the other relays.

| Another example is seen in U.S. Pat. No. 3,755,625, issued to D. J. Maston on Aug.
28, 1973. This patent discloses a multimicrophone-speakerphone arrangement using

20 acomparator in combination with logic circuitry for selecting a microphone with the
greatest output and connecting it to the speakerphone input while simultaneously
disconnecting the other microphones.

Still another example is seen in U.S. Pat. No. 4,449,2_38, issued to B. H.’
Lee, et al. on May 15, 1984. This patent discloses a computer based sound system

25 wherein a microphone with the greatest output level is "selected" while all others are
either attenuated or off. Yet still another example is seen in U.S. Pat. No. 4,658,425
issued to S. D. Julstrom on April 14, 1987. This patent discloses a microphone
actuation control system in which three first-order-gradient (FOG) microphones,
each having a heart-shaped (cardioid) polar response pattern, share a common

30 housing with a loudspeaker. Each of the microphones faces outward so that the
direction of maximum sensitivity emanates radially from the center of the housing.
The overall pattern provided by the three microphones allows full room (360%
coverage, although normally only one microphone may be on. In the absence of
local speech, each of these microphones is gated off. Unfortunately, some level of

35 syllabic clipping occurs when a microphone turns on from a full off condition.



result kn transm ssion interruptions which adversely affect intelligibility
and ¢an result in unwanted interference occasioned by transient room noi se.
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si nul t aneowsicy-actuated switching arrangement provides for the selecting of one or more
microphones in accordance with the output signal levels from each of the
microphones.

15 The voice actuated switching arrangement uses directional microphones
to reduce the degradatioh of speech signals due to reverberation and noise pickup. In
accordance with one illustrative embodiment of the invention, the voice actuated
switching arraingement uses five directional microphones with sensitivity response
patterns extending outwardly from the center of the device, and a voting algorithm or

20 process to select for actuation the appropriate number of these microphones for
effectively monitoring each person that speaks in a room. Typically, only one
microphone will be selected to monitor a person speaking. Since a microphone’s
response pattern is normally directed toward the person speaking it will be less
sensitive to speaker echo from the opposite wall, This reduces room reverberation

25 which causes the hollow response common to speakerphones. If two people are
speaking on opposite sides of the voice switching arrangement, two microphones are
selected, and the amount of reverberation increases only slightly over the amount of
reverberation present when a single microphone is selected.

In accordance with a feature of the invention, the output signal from the

30 voice actuated switching arrangement is the weighted sum of all the microphones.
The proportionate signal of each microphone in the weighted sum is determined both
by the speech energy provided by each microphone and a variable weighing factor
assigned to each microphone. The weighting factor is typically large for the
microphone(s) selected by the voting algorithm to be active and zero for the non-

35 selected microphones. These weighting factors are changed gradually making
changes less noticeable to the conferees. During intervals of transitions in



di sconnecting the other microphones. Still another exanple is seen in U.S.
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10 which:

FIG. 1 is a block-level diagram of conference array microphone
circuitry, arranged in accordance with the present invention;
FIG. 2 is a top plan view of a conference array housing for enclosing the
microphone circuitry shown in FIG. 1;
15 - FIG. 3 is a front view of the conference array housing shown in FIG. 2;
FIG. 4 is a teleconference system in which the present invention may be
employed;
FIG. 5 is a flow chart of a process suitable for incorporation into the
digital signal processor shown in FIG. 1, in accordance with the invention;
20 FIG. 6 is a flow chart of a process which shows in greated detail a
portion of the process shown in FIG. 5; and |
FIG. 7 is a flow chart of a process which shows in greated detail a
portion of the process shown in FIG. 5.
Throughout the drawing, the same elements when shown in more than
25 one figure are designated by the same reference numerals..
Detailed Description
Referring now to FIG. 1, there is shown a block-level diagram of
conference array microphone (CAM) circuitry 100. Included in the CAM
circuitry 100 is a digital signal processor (DSP) 110, five separate input circuits
30 consisting of amplifiers 121 through 125 and respectively associated linear CODECs
131 through 135. Each one of these input circuits is aissociated with each one of
first-order-gradient microphones contained in a CAM housing 200 shown in FIG 2
and described later herein. The CAM circuitry 100 also includes a selection logic
circuit 140 for selecting each one of the five input circuits for respectively providing
35 its microphone signal to the DSP 110 via five serial-to-parallel converters 141
through 145. The output of the DSP 110 is provided to an ohtput circuit comprising
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speaking. 7 aﬁable Sugh an amphﬁer is the MC34074 unit available from, for example,
Motorola. From each amplifier 121 through 125, the associated analog signal is
respectively coupled into 16-bit linear CODECs 131 through 135 where each analog
signal is c_iigitizedl CODECs suitable for use as CODECs 131 through 135 are

15 commercially available. Such a CODEC is the AT&T7525 unit available from, for
example, AT&T. Economical mu-Law CODECS are also available and will suitably
provide the desired functions required by CODECs 131 through 135 and 150.

From the CODECs 131 through 135, each 16-bit digitized signal is
serially loaded into two cascaded 8-bit serial-to-parallel registers. Five pairs of these

20 cascaded registers respectively comprise the serial-to-parallel converters (SIPO) 141
through 145. Serial-to-parallel converters suitable for use as converters 141
through 145 are known in the art and are available from, for example, Motorola as
part number MC74299. '

The microphone input signals are weighted and summed together by

25 DSP 110 to form the desired unitary microphone output signal. DSP 110
illustratively may comprise digital signal processor hardware such as the AT&T
DSP16 or DSP32C along with read-only-memory (ROM) for storing software,
which performs the processing operations described later herein, and random access
memory (RAM) for storing DSP 110 results.

30 Through use of the selection logic circuit 140 the DSP 110 sequentially
selects each one of the ten cascaded serial-to-parallel registers in converters 141
through 145 and reads in this data, 8-bits at a time through the lower 8-bits of its
parallel-port. The DSP 110 provides a control signal to selection logic circuit 140
over line 101 at the proper time to allow the selection logic circuit to enable the

35 appropriate one of the registers and thereby provide the correct 8-bit data signal to
the DSP 110. Decoder circuits suitable for use as selection logic circuit 140 are



response pattern is normally directed toward the person speaking it will be
| ess ,sensitive to speaker echo - fromthe opposite wall. This reduces room
reverberation 25 which causes the holl ow response conmon to speakerphones.
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microphone input signals, but rather is the weighted sum of all the microphone input

10 signals. A variable weighting factor is assigned to each microphone and is used for
gradually turning on or off the signal from each selected or activated microphone
that is coupled to the audio line. The weighting factor is typically large for the
selected microphone(s) and zero for the non-selected microphones. Since these
weighted factors are adjusted gradually, they are therefore less noticeable to the

15 users. Dtiring intervals of transitions in conversations the weighting factor may be
relatively large for several microphones simultaneously. '

A linear CODEC suitable for use as CODEC 150 is available from, for
example, AT&T as part number AT&T7525. An amplifier suitable for use as
amplifier 151 is available from, for example, Motorola as part number MC34074.

20 The timing circuit 153 includes a 26 MHz crystal oscillator for the DSP 110 as well
as a 2.048 MHz signal used by the CODECs for synchronization and transmission of
data.

Shown in FIG. 2 is a top plan view of a CAM housing 200 including
upwardly aimed loudspeaker 210, microphones 220-1,-2,-3,-4,-5, and LEDs 152-1,-

25 2,-3,-4,-5 embedded in this housing. In the disclosed embodiment, the CAM
housing 200 is configured with a plurality of directional first-order-gradient
microphones of the type described in United States Patent 5,121,426 which issued on
June 9, 1992. These microphones are mounted in a pentagon shaped housing
illustrated by United States Patent Des. 327,479. The plurality of first-order-gradient

30 microphones, illustratively shown as five, are positioned in the pentagon shaped
housing so as to face outward from the center of the housing and form supercardioid
response patterns. The array of microphones provides full room coverage which is
most useful in a conference telephone application. Since only one person speaks at a
time during normal operation, background noise and reverberation are minimized by

35 activating only the microphone which best receives that person’s speech.



In accordance with another feature of the invention, first syllable
clippging is also effectively not perceived by conferees because at | east
one 5 mcrophone in the voice actuated switching arrangenent is on at all
times, and sone signal is transmtted, even if attenuated. Brief
Description of the Drawing The inventign and its node of operation wll be
nore clearly understood fromthe foll ow ng detail ed description when read
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FIG 5 iss &sg&%& hE 3ghals ffrodn e RERERA TkiophRbRe éﬁﬁic}ogmeﬁé%%@&hﬂﬁﬁ{t& o the
digital signal processor shown in FIG 17 1n_accordance wth the invention;
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detail a pAGrmally redullsMeheR misre HfanThe \Mhictdphbhé3s aetivaietl FIG 7. is a flow chart
of a process which Lsor1]1 \sAfJSeaicer}_' qu?ﬁo%gteg ?Itl ﬁulel null of the polar response pattern of
each of the microphones embedded in the housing 200. The null of the polar
10 response pattern resides between the main lobe and an adjacent side lobe. This
particular null is located at 125° -which accounts for the particular positioning of the
microphones around the perimeter of the housing 200. This performance is achieved
by placing a microphone element, as disclosed in United States Patent 5,121,426,
into the housing, thus forming a supercardioid polar response pattern. Although only
15 the polar response pattern associated with a single microphone 220-4 is shown in
FIG. 2, the response patterns of each of the microphones in the housing are identical.
It is noted that the housing and the microphones contained therein cooperate to
determine the shape of the response pattern. '
_ A front view of the CAM housing 200 is shown in FIG. 3 to illustrate
20 the relative positioning of three of the microphones 220-2, 220-3 and 2204, and to
| demonstrate that such units can be attractively packaged in a low-profile product.

Shown in FIG. 4 is an embodiment of a teleconference system which
includes the CAM housing 200 positioned in the center of a conference table 405.
The CAM circuitry 100, incorporated in the CAM housing 200, is connected to a

25 control unit 410 in the system by a cable 401 which may either pass through the
table 405 via a hole drilled therein or may rest on the table top. This cable contains
suitable wiring for conveying both the microphone output signal from the CAM
housing 200 to the control unit and the input signal to the speaker 210 from the
control unit 410. The cable also includes wiring for conveying power to a

30 conventional power supply (not shown) in the CAM circuitry 100 which provides
operating power for the circuitry shown in FIG. 1.

The control unit 410 is interconnected to a telephone tip-ring line (not
shown) via line 402 for providing conventional telephone service for the
teleconference system. The control unit receives the microphone output signal from

35 amplifier 151, as shown in FIG. 1, and also directly provides an input signal for the
speaker 210, shown in both FIGs. 2 and 3. A control unit suitable for use as control



porti on: of the process shown in FIG 5. Throughout the draw ng, the sane

el enents when shown in nore than 25 one figure are designated by the sane
reference nunerals. Detail ed Description Referring nowto FIG 1, there is
shown a bl ock-1evel diagram of conferemgce array m crophone (CAM circuitry
100. Included in the CAMcircuitry 100 is a digital signal processor (DSP)
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all receivg L hglernl%l is r qa bst1tutabqg]for tfxe it hColn[e%Hown n t%le disclosed
speakerphone arrangement. An alternative controlling arrangement suitable for use

10 as control unit 410 is disclosed in United States Patent 5,016,271 entitled Echo
Canceler-Suppressor Speakerphone. Near-full and full duplex operation are
regularly achieved with this alternative controlling arrangement since the receive
path remains open at all times and the transmit path has its gain reduced only to the
level necessary to suppress excess reverberant return echo.

15 - Although the control unit 410 is shown as being apart from the CAM
circuitry 100, it is to be understood that such control unit may also be integrated into
the electronics inside the CAM housing 200. Even further, it is also to be understood
that the CAM circuitry 100, when using well known cordless telephone circuitry,
such as that in AT&T’s 5500 HT cordless telephone set, may also be assembled so as

20 to obviate the need for any cabling whatsoever between itself and a base unit or
control unit which connects to the telephone tip-ring line. Such suitable cordless
telephone circuitry is also disclosed in U.S. Patent 4, 736,404. For this cordless
telephone circuitry as well as the CAM circuitry 100, a battery may be used for
providing a suitable source of operating power. _

25 Referring next to FIG. 5, there is shown a flow chart illustrating the
operation of the DSP 110 in executing the microphone selection operation. The
functions provided by DSP 110 are advantageously determined by a process or
program stored in associated read-only-memory (not shown).

The process is entered at step 501 where the initializing paramefers are

30 set. As part of these parameters, the weighting factor, described later herein, of any
one of the five microphones, illustratively 220-1, is set to 1 thereby effectively
turning ON that microphone. When this microphone is ON , first syllable clipping
advantageously is not perceived by conferees because some speech signal always
will be transmitted, even if it is attenuated due to the relative position of the ON

35 microphone to the persoﬁ speaking. Certain other initializing parameters are
executed in accordance with United States Patent 5,007,046. Once this initialization



Five light 'emitting diodes (LEDs) 152-1,-2,-3,-4,-5 are included in the CAM
cirguitry 100 for providing a visual indication for initial calibration of
the CAM5 circuitry 100 as well as for providing a general visual
sindication to individuals present in thg_conference roomas to which

general area of the roomis being covered by the m crophone or m crophones
sel ected by, th CArl\‘ﬂ circuitry | n_operation, each analgﬁ | nput si gnal

00., ation,, )

from each n‘isé’FgﬁﬁB drtsriied tn ‘%‘?‘FE%O‘% A& theviecuites s weady fonsignal datg inpyted by
one of the drdtheprozessl ddvimes tolstdp 508.0ugh 10 125. Anplifiers suitable for
use as anplifiers 1 .thro?*gh 1 are éorrmercil ¥ é’g‘ai | ahl e. Such an
anplifier is the 078 SR YR8 IPEHPR OF YRR ?%HS’E QI Bt orol a. From
each anpl i }‘Iirlimopbbneurlpum' TubsLig IsargﬁJBd in fm_ep 463 fari deteemhirdng pa% afblsﬂﬁ&l wga%lfesin ]
respecti ke it ear thro ere eac
anal og s?gn%?gﬁés&h?g?wg@g} Mﬁsuﬁfﬁ%ﬁ?&ﬁ%@gt%ei t hr ough
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with the subsequently measured peak value. If the previously measured peak value is
greater than the subsequently measured peak value, however, then the previously
15 measure peak value is retained in memory. The peak-absolute-value for each of the
five microphone inputs is thereby determined in step 503 during each cycle period.
The 16 samples gathered during each cycle period permit tracking the signal
envelope for each microphone at 300 Hz, the lowest frequency of interest.
If 16 samples in the speech energy have not been measured for each
20 microphone in step 503, as determined in decision 504, the process advances to
step 505 where the weighted output for each microphone is calculated. This
calculation is performed in accordance with the data processing rate or every 125us.
If the CAM 100 has just been activated, the initializing parameters, as provided in
step 501, determines the weighted output and thus the input signal just from the
25  initially selected microphone is coupled to the analog output line at this point in the
process. Once initialization is complete, however, the microphones in the CAM 100
are configured either in the ON or OFF state or in transition between these two
states in accordance with the acoustics present in the room.

- After 16 peak input values in the speech energy have been measured for
30 each microphone, as determined by decision 504, the selected one of the peak input
values is used to calculate a logarithmic value, for example, a log 1 or decibel
calculation, of the signal for each of the five microphone inputs in step 506. These
logarithmic values, which simplify calculations of the relative signal strengths, are
then used in step 507 to determine relatively long and short-term envelope energy for



part nunber ‘MC74299. The m crophone input signals are weighted and sumred

t ogether by 25 DSP 110 to. formthe desired unitary m crophone out put
signal. DSP 110 illustratively may conprise digital signal processor

Har dwar e such as the AT&T DSP16 or DSP32C al ong with read-only-nmenory (ROV
for storing software, which perfornms tLhg.processing operations described

| ater herein, and random access nenmory (RAM for storing DSP 110 results.
30 Through use of the, selection logic, circuit 140, the DSP 110
sequent i al |e§°1§8f]‘£18 eé‘Bﬁ’?‘?pg?fé’ Reek inputs, the determipation.of theong gud short-| e

regi sters iternrenvebopeensrghbbirnghdestiibedlid Sreaatd demildatet ReréibiwitliRfaen®tpi ts at a
time throu the lower 8-bits of its parallel-port. The DSP 110 provides a

control signal "to selection logic circuit 140 over line 101 at the proper
time to allow t he stheenvielopeleoesigy determinetl in step 56Discused by avotingpr opri at e one

DSP 110, DR f Pricl i Mep B ND Sk ER iciEbhdile Uepal RO ' Blod 0 140
are - 6- PRFfSEAhoHg tocthe putpah dinexecuting thesslection pgcess in exexdistlesedNat i onal
Sem conduc tegibodfindt! the ReiiIEAlgdAthAf makes comparisons based on the maximum
microphone signal selecting either 1) the current microphone; 2) an opposite
microphone; or 3) both the current and an opposite microphone if their speech signal
10 levels are relatively strong; or 4) under less restrictive criteria, the microphone with
the strongest signal. Taken in the order given, each of the foregoing comparisons is
made in a less restrictive manner than the one that precedes it. If the speech signal
levels of the current and an opposite microphone are not sufficiently strong, the
voting algorithm may choose any microphone based on less restrictive thresholds.
15 When the speech signal levels are close to the background noise level, the voting
algorithm makes comparisons only between the currently selected and two opposite
microphones, remaining with the selected microphone if the comparisons are
inconclusive.

Once the microphone input(s) are selected for activation or deactivation
20 in step 508, the variable weighting factor for each microphone is updated in step 509
during each cycle period of 2 ms and these weighting factors used in determining the
level of the signal for each microphone that gets coupled to the output. Thus in
accordance with its selection or nonselection, the output from a microphone either
remains ON, OFF, or is caused to transition toward one or the other of these two
25 states in the calculation performed by step 505.

As noted, the output from the CAM circuitry 100 is a weighted signal
derived from all the microphones, not simply those selected by the voting algorithm
to be active or configured ON by this algorithm. Thus when a microphone is
selected to be active by the voting algorithm, its input is gradually added to or made

30 a greater percentage of the output signal of the output signal. Similarly, when a
microphone is no longer selected or configured OFF after having been selected by
the voting algorithm, its input is gradually removed from the output signal. First
syllable clipping is also advantageously not perceived because at least one
microphone is left on at all times, and speech generated anywhere in the room will

35 be immediately detected and transmitted, even if attenuated.



After the data input signals fromthe five m crophones_are received into
DSP 110 and processed, as described in detail later herein, a 16-bit
digirtal output 5 signal is serially transmtted fromDSP 110 to |inear
,CODEC 150 in the microphone: output circuit. The CODEC output signal is then
anplified and conditioned by anplifier-1151 to provide a standard anal og

m cr ophone out put signal. The m crophone output signal is not limted to
just one or two mc . i , . ' e Lght ed sum of
all the m crophone ?ﬁ%%&@%ﬁ% gO%io\?lavgg%Ql{g%éﬁ#i%n%ﬂF?\g{?g‘?ﬂi S

assi gned t shewayni cr ophone and is used for gradually turning on or off the
signal from each selected or activated m crophone that is coupled to the
audi o line. The %ﬁi ghting factor is tgpi cally large for the selected

mcr ophone(‘@.) andVzer Vi or 0t ifsricrophens:; dg conigwph@Mes. Since these
wei ght ed factiors WE%GWQ usoan Qf?ﬁ%'phé{ne-tig% e ltsEef ore | ess noticeable
a

to the 15 users.*Diring’intervals of ‘trafsitions I n conversations the

wei ghting factor nay be relatively large for several m crophones

simul taneously. A li r CODEC suitable for use as CODEC 150 is avail able
from for exanple, A as part nunber AT&T7525. An anplifier suitable for
use as anplifier 151 is available from for exanple, Mtorola as part
nunber MC34074. 20 The timng circuit 153 includes a 26 MHz crystal
oscillatdr fQr=tRdiBGP 110 as well as a 2.048 MHz signal used by the CODECs
for synchroni zatirbn and transm ssi on of data. '

where:
W is the weighting factor for microphone; having a range between 0 and 1.0;
I; is one of the five microphone inputs; and '
O is the output value for the sum of each microphone’s weighted signal.

10 Thus a microphone being turned-on is activated five times faster than a
microphone being turned-off. One major advantage of this activation and
deactivation arrangement is that any background noise that does not get removed, by
the noise removal process described later herein, is less noticeable if slowly added
and removed along with the microphone signal. This arrangement also permits

15 multiple microphones to be ON at once because of the differences in the delays in
the weighting factors for activating and deactivating the microphones. Thus, any
undesirable side effects of the voting algorithm switching rapidly between
microphones, such as that caused in hard-switching (immediately turning a
microphone full-on or full-off), is eliminated. Thus, in effect, many people may

20 respectively speak into and activate different microphones at the same time. To the
extent that each person continues to speak, his or her microphone will remain ON or
activated. |

Referring now to FIG. 6, there is shown a flow chart illustrating the
steps involved in obtaining the measurements of the relative signal strengths for each

25 of the microphones by the CAM circuitry 100. These steps 601 through 604 are all
part of the step 507 executed in FIG. 5. Since the voting algorithm determines when
one or more persons are speaking and then activates the microphone or microphones
that best receives these speech signals, a critical component of this calculation is to
correctly determine when the input signal from a microphone is that of speech and

30 not just noise. The steps executed by the flow chart of FIG. 6 advantageously



Shown in,FIG 2 is a top plan view of a CAM housi ng 200 i ncl udi ng upwardly

ai med .l oudspeaker 210, m crophones 220-1,-2,-3,-4,-5, and

LEDs 152-1,- 25

2,-3,-4,-5 enbedded in this, housing. In the disclosed enbodi nent, the CAM

heusing 200 is configured with a plurality of directional
first-order-gradi ent m crophones of theipype described in

Uni ted St ates

Patent 5,121,426 which issued on June 9, 1992. These m crophones are
nounted in hape Qusi il str by United States Patent
Des. 327, 473“5“?@%51&% PM ﬁ’rflf‘er thSr pg Qﬂg’élht 30 ni crophones,
illustratively shownThsret‘cxveﬂ signad sppergth isovadmildted 4se siepr604 hyravetagingdhdrous ng

fgsﬁints 0 L age ernsvaﬂgtg vgfuggélEagq?&@Ea{mgérﬁ%ﬁbﬁeqw Oquhgéhﬁgi

LS HRE! car di oi d

room cover age

whi ch i s nobeingselegied; fwrmﬂv@wmﬂm\teé aélpnsmseclamsiqdc Jthiersris bgfhrechognl y one
person speakgd alior- fehmnésg&w&ag@géﬂ%katewm' E’%}eseﬁ%(‘sggécﬂ%fﬁxaf‘&e% girand

reverberatlon are mnim zed tiryatin

m crophone whi ch best

recei ves t hahd paise signal sbtxi;gggﬁespecnv Differ @Eﬁ“&&‘ﬁ& dactgrs ert%l?cffldscl osed

embodi nent, delb@dmg@uwhahsﬂmw@lop@oﬁhamﬁn Faked DEPositvabit Mg

uwewﬁéﬁ/l housi ng

200 and are jarrange are the output signals from.eac
mcrophones% QOSlg ?{Hgglpflba&léqs %B’ﬁ g&q]su'engthand ah tgeslopels

negat1ve the input values are decreasing or decaymg in strength. Both averages are

10 calculated as

0.21;, + (1 — 0.2)recs, if In, 2 Ia-y,

rec =
* = 10.005I, + (1 —0.005)rec, if I, < I,
0.000241, + (1 - 0.00024)rec), if I =T,y
Iecy; =
"7 10.0251, + (1 - 0.025)rec;,  if I < Tng,
where:

recg, and rec;, are the respective short and long-term signal averages;

15 I, is the peak signal value for each input during the current cycle period; and

I5-1, is the peak signal value for each input during the previous cycle period.

Both quantities rec, and rec;, are used in calculating the speech signal

strength. The quantity rec|, is a measure of background noise. The quantity rec, is

a measure of intermittent signals such as voice, or any other sharp noise, along with
20 any background noise. As indicated in step 602, the speech signal strength or
tracked signal energy value, rec,, for each microphone is calculated by subtracting

the long-term average rec;, from the short-term average rec, thusly:
rec;, = recg, — rec,

or



one or nore‘of these mcrophones are providing the stronger speech signals.
In 5. response, the signals fromthe sel ected nmicrophone or m crophones are
transnitted to a conference participant at a renote | ocation w thout the
keverberation that nornmally results when nore than one m crophone is
activated. Loudspeaker 210 is located ifi.the null of the polar response
pattern of each of the m crophones enbedded in the housing 200. The null of

t he pol ar nse en the nmain | obe and an

adj acent si de ]I["gég hﬁﬁ’m |+CEI‘C§§%S é ocated at 1250 -which accounts
for the particular positioning of the mcrophones around the perineter of
the housing 200. T rfor ce | S ac d by..placin 1 cr ophone

el enent, as di scl og%ﬂ‘?o ¥t a%f*%&é’ gﬁgﬁ q“\éﬁg’lreﬁﬁégn%ﬁg‘% t he housi ng,
thus for ni deffetesoei mephitidy ktwednathe &m-pm&ngeérhﬁsighal avérhggiiuesnbyt 15 the
pol ar resporlﬁ tBatte:]é}éﬁlssomft Edgﬂh a 5| l?eﬁe m crophone 220-4 is shown
in FIG 2, [ffeF e 3oL dhe,magnipides of thes tvo e nicrophones in the housing
are idenfical. It iFBhetrdoked sigadl values bf)em:hnmcmpﬂondlaemhmrsnnbtbaem cont ai ned
therein co of rn. A front
Viow of nSRbAp i (e AEnE Rt B MR brab R GEERF PTGy ALEST"

rel ative pBéiCt'Méﬁ‘ia!giBECMiNeemgﬂg alhof theaniorsipbomss. Negt SPREAD, wvhighiis 220- 4,
and to dempsiiffeiedc B&’Weéﬂr‘RﬁdM]AXsanBQ(E@ﬁn@tlE Iz:axemlateawsdeﬁ%bag Sthck fhed

| ow- profile product. Shown in FIG I's an_enbodi nent _of t el econf erence

syst em whi backeseyndcraise lnwel dvgifassuely HQTHQM fsemicasipmicdophone Wptent or of a
conf er epg e SPRIBEAD 48uld be at or close to zero when no intermittent signals are present.

When SPREAD is greater than zero by some threshold, therefore, the voting
algorithm interprets this as an indication that a speech signal is present and then

looks at the respectively tracked signal strength value for each microphone to
determine the source of the speech signal. SPREAD is a measure which is used to
15 indicate that an intermittent signal such as a speech signal is present.

In response to the input parameters presented, the selection process
selects the microphone which best picks up the speech signal. In selecting this
microphone, the tracked signal strength values for the microphones are compared to
each other. More specifically, pairs of microphones are examined, to determine the

20 direction of origin for the speech, by seeking a microphone pair where the speech is
strong in the forward facing microphone, i.e., the microphone directed toward the
source of speech, and weak in the backward facing microphone, i.e., the microphone
directed away from the source of speech. The speech is assumed to be in the null of
the backward facing microphone. The null of each microphone is more narrow, and

25 therefore more sensitive to direction, than is the main beam. The combination of the
two microphones provides a better measure of the directionality of the speech signal.

Referring now to FIG. 7, there is shown in accordance with an
embodiment of the invention, a flow chart showing additional steps embodied in
step 508 of FIG. 5 which use the SPREAD value in selecting the appropriate

30 microphones to be active.

As earlier indicated, the voting algorithm determines if a speech signal
is present and selects the microphone(s), or beam(s), which best receive the speech
signal(s). It uses the tracked signal values for each microphone or beam, the beam
pattern being indicative of a particular microphone, and the RECMAX, RECMIN

35 and SPREAD values to make decisions. In the ideal case, when there is a single



The CAMcifcuitry 100, incorporated in the CAM housing 200, is connected to
a 25 control unit 410 in the system by a cable 401 which may either pass
through the table 405 via a hole drilled therein or nay rest on the table
+top. This cable contains suitable wiring for conveying both the m crophone
out put signal fromthe CAM housi ng 20014e the control unit and the input
signal to the speaker 210 fromthe control unit 410. The cable al so

| ncl udes wisfrbitofter CPREXDAPIIIRR G e tifiBarfify thgﬁf%!@r{yé'o?%géecﬁ’%ﬂ? Bp}Y (not

shown) in the Mcwcwtry rovicdes* oper at
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t el ephone wilbe efgal kd RECIVIY, @Hfamhat&yazﬂlw@es%{ﬂam BEé?thﬂéllHScxﬁSﬁ‘Ve”“O”a'
t el ephone %g&%for t he FA rd{gerﬁnce system T control unit receives
the microp %FSE‘PEH;} quitapiend. %Fﬁ'&FQ’InPB’rPki?PP &5 bagkgrauadngises, 1, and
al so dirscis };Agmro@\wlﬂﬁSpﬁketswbemb&ﬂﬁhcrbplﬁoﬂeﬁem@eéthfgr algdithmSeaMWN 1 N bot h
FIG. 2 an%én&%(?‘;ro un&imswt % % roI %"kggtlnt 410

i s descri bed TR DN e ISP, My tgac s iv'f1 trolled
Adapt i ve SBE&lhéAiﬂaemmme'ﬁbsosxamﬂnppokltwmdrop}mne ivdlthsa aat:kledprgnubchlue

switched | Q3hio HRIhILEARE REWNE  Pnd Vel AYOAELCR kAR dilgheli 'S

swi tching thresholds an
be more robust and continue to function satisfactory under less than ideal conditions.

10 In accordance with the disclosed embodiment and as earlier noted
herein, the microphones 220-1,-2,-3,-4,-5 are mounted in a pentagon shaped housing
as clearly illustrated in FIG. 2. Thus, each one of the plurality of microphones is
considered to have two opposite microphones. For example, microphone 220-1 has
two generally opposite microphones, microphone 220-3 and microphone 220-4. For

15 determining when a microphone’s associated opposite microphone has a tracked
signal value within some threshold of RECMIN, the tracked signal value for both of
the opposite microphones is determined. The one of the two opposite microphones
having the smallest tracked signal value is then considered as the selected opposite
microphone and its tracked signal value then used by the voting algorithm in the

20 decision making process of selecting the nucrophone or microphones which best

receives the speech signal. .

The decision 701 in FIG. 7 considers, for simplicity, three illustrative
conditions of the CAM circuitry 100 in having 1) no microphones ON, 2) one
microphone ON, or 3) two microphones ON. It is to be understood that operation of

25 the CAM circuitry 100 with additional microphones turned ON or activated up to
and including all of the available microphones is theoretically possible, even though
such operation would only occasionally be necessary. In either case, such operation
with the disclosed CAM circuitry 100 is possible and is anticipated. As noted, the
condition where no microphones are turned-on, as shown in step 702, is for a start up

30 condition when the CAM circuitry 100 is first turned ON from an off state. Once the
CAM circuitry 100 has been turned ON, the relative input energy levels of each
microphone input is determined and either a single or two microphones are selected
in accordance with the processes executed in steps 703 and 704. Thus, in this
simplified example, the process is.shown existing in either one of the two illustrated

35 states, i.e., either a single or two opposite microphones are selected when in the ON
condition.



per formance’ paraneters based on an anal ysis of acousti.c environnment and
tel ephone 5 line conditions. The control unit disclosed in the referenced
pat ent receives an output froma m crophone and provides an input to a
Speaker for providing a speakerphone arangenent. The m crophone out put
signal provided by anplifier 151 is r &dai’l y -substitutable for the

m cr ophone shown in the disclosed speakerphone arrangenent. An alternative
control | i ng arr angeRerthe typi¢cahbise when areenitfdphorse ardeamads cumertlykekcied

di scl osed i ' : R ; (1] e
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reduced ?nly to the | evel,K necessary to suppress excess _reverbérant return

echo. 157 same microphong 3k fhe OppRstte gpicrophong shouldoth e ONo R 44f B5dthery apar t
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o SFmone, SRS Tk kel 83 A1ablaaptiod PSSR0 01 L1
may be usedHeHmo speech is present.
Also when two dpposite beams are ON, the process determines if both
should remain ON, or if only one of the two should be selected to remain ON. A
15 comparison test between the two beams is performed as in step 704 and if a clear

choice is unavailable, the process checks each input for the first one exceeding a

minimum threshold amount. If neither one exceeds this minimum threshold amount,

both beams are left ON. Such sequence of elementary operations is illustrated in

pseudo code in Appendix A. This code provides one possible sequence of operations

20 for achieving, via the DSP indicated, the voice actuated switching system shown in

the Figures and described in the foregoing description. It is to be understood that
other different sequences for achieving this same advantageous operation are
possible and are anticipated. ' '
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providing & suitable source of operating power. 25 ReFEF’H\ﬁﬁD
next to FIG 5, there is shown a flow chart illustrati nq t HE-operation_of
the 'DSP 110 in executing the mcrophone sel ection operation. The functions
.provi ded by DSP 110 are advantageously determ ned by a prmbmetmma

stored in associated read-only-menory {1®f{ shown). The promﬂ l“l aﬂE
any one o

at step 501 where the |n|t|aI|Z|ng parameters are 30 set
paranmeters, the weighting. factor, d&ﬁrl ed, | ater herein
five mcrophones, illustratively 22 éet to 1 thereby effectively

t ur ni ng ON fraE=rreropirorrer=tror=FRrs=Rrerophones=Cb=tirst=sr-able==os=s==
clipping advant ageously is not perceived by conferees because sone speech
signal al wa S will be transmtted, even if it is attenuated due to the
relative poSition of FW@IGmi%EWOﬁf@FEEﬁﬁhe to the person speaking. Certain

ot her initlaI|2|ng paraneters are executed in accordance wth United States
Patent 5,007,046. Once this initialization -9 - is perforned and

verified in ) si on 502, the circuitry is ready for signal data input and

the process advances to step 503. During each sanpling period or every 125

us, each one of the

5 {
/* initialization */
set micl ON and weight to 1.0
/* main loop */
for each 125 microsecond sample {
10 calc_output()
update_peaks()
every 16th sample {
calc_mic_levels()
calc_spread()
15 vote() .
}
}
}
/ *======================================m==============.__.——======_.—-_-=—.:=
20 /* 125 microsecond sample processing routines
1*/

/* calculate output from weighted microphone inputs */ -

calc_output()
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m cr ophone inpUts is sanpled in step 503 for determ ning pea abs JIERLACED
values in 5 the speech energy input. Also in each sanpling perrod, the

i nput value for each mcrophone is adjusted in accordance with its assigned—
wei ghting factor and then the weighted outputs of all the m crophones are

summed together onto a common audi o |i~¥. - The peak absol ute Thd HesHee laced
m cr ophones are acquired from 16 sanples over a 2 mllisecond }MI |\
period in oner to obtain the highest absolute peak 10 value . :

within this time period for each m crophone. If during this cycle period of
2 ms, a subsequently s ed peak value is greater than a previously
nmeasured and stored peak value, then the previously stored peak value is
replaced with the subgs ugg%%¥ measured peak value. If the previously
nmeasur ed peak val ue i f%? {than t he subsequently neasured peak val ue,
however, then the previ ousbym#5 miceimpur tweiphk val ue is retained in nenory.
The peak-absol ute-value for each of the five m crophone inputs is thereby
determ ned in step 503 during each cycle period. The 16 sanpl es gat hered
during edch cycle perodguisamnit tracking the signal envel ope for each

m crophone at 300 Hz, the | owest frequency of interest. If 16 sanples in

t he speech energy have not been neasured for each 20 m crophone in step
503, as determ ned in decision 504, the process advances to step 505 where
the weighteg_output_for each nmcrophope is _calculated. This calculation. is
performed i accordance with the dat rocessing rate or every 125us. |If
the CAM 10 H%Péiafel.Pfg]?Bgl@FF EF?WBQP%PE%Q’fni tializing parameters, as

provi ded in _

update_peaks()

10 {
for each mic
if (mic_input > peak)
peak = mic_input

}
15 /* e e

/% every 16th sample processing routines

1%/ '

/* calculate microphone signal levels */

calc_mic_levels() -

20 |
for each mic {
calculate average signal and noise levels
rect = signal - noise level
}
25 }
[ e e e e e e e e e

r* update range of microphone levels used by voting */
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step 501, determines the weighted output and thus the inpufl sigrRéPYAGRD
fromthe 25 initially selected mcrophone is -coupled to t

line at this point in the process. Once initialization is conplete,

however, the mnicrophones in the CAM 100 are confi-gured either T theoN-of
OFF state or in transition between theb-two states in acegiAaRER Wbkl
acoustics present in the room After 16 peak input val ues I

ener gy havg gesﬁ,ﬁe sured for 30 each m crophone, as determﬁaﬂwm‘ﬂ ll,
decision 5 3},- e selected one of the peak input values Is

calculate 4 | ogarithm c value, for exanple, a log 10 or deci bel .
cal cul ation, of the gboagh nfi®f each of the five m crophone inputs in step
506. These logarithmc vakp@, whi ¢ jmplify calculations of the relative
signal strengths, are the gdeyeh> to determine relatively |ong

and shor3-term envel ope energy f RECMAXG-reetach of the five m crophone peak
i nputs, the determ nation of the Iong and short- term envel ope energy being
described in greater defail -l'ater herein with reference to FIG 6. The

envel ope energy det er ni nedf (rmc dewgd <RBCMENNsed by a voting 5 al gorithm or
process in step 508 to se-l_ect.-\Ahilgﬁcm@lcggpn_e“gj gnal input(s) are to be

}

SPREAD = RECMAX - RECMIN

10 }
J R e e T
vote()
{
if (only one mic ON)
15 goto one_beam_on()
else
~ goto two_beam_on()
}
/*
20 /* voting support routines */
r* determine if currently selected microphone is best choice */

pick_near_beam (thres_a, thres_b)
{ _
if ((RECMAX - rect(near) <= thres_a)
25 | && (rect(opp) - RECMIN) <= thres b )
return TRUE '
else
return FALSE
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passed through to the output. In execut) pecctiasB gbn pripcess REPLAGED “
di scl osed enbodi nent, the voting al gorium # ari so ed o the
maxi mum m cr ophone signal selecting eit rent m crophone; 2) an
opposi te mcrophone; or '3) both the current and an opposite m crophone if
their speech signal 10 level's are relatively strong; or 4) under |ess
restrictive criteria, the mcrophone with the strongest signal. Taken in
the order gf*en, eachdeermine if eureegbandopnesiteamicropioneshetld beichosen|*éss
restrictive. manner than the one that precedes it. If the speech signal
| evel s of the current and an qpposite m crophone are not sufficiently
strong, t hePig&t %y beamsithres, & 9S.§PIOOS€ any ni crophone based on | ess
restrictive{thresholds. 15 Wen the speech signal |evels are close to the
background noi se | evel in | gagrit hm makes conpari sons only between
the currently sel ect egﬂ(ém‘p‘gB@%)ﬁ:éiﬁh%nes, remaining wth the
sel ect ed 5vi crophone i f the conparisons ar &&{REGMAXI-\(gect(6pp)} <t=hthres b)
m crophone input(s) are se}eqﬁltnefk r activation or deactivation 20 in step
508, the variable weighting Tactor for each m crophone is updated in step
509 during each cycleelseriod of 2 nms and these weighting factors used in
determ ning the level of tRg,sig@essfor each m crophone that gets coupled
to the output. Thus in accordance with its selection or nonsel ection, the
out put froma m crophone either remains O\, OFF, .or is caused to transition
toward one or the other of these two 25 states in the calculation
perfor mel% by* step 505

determine if opposite microphone should be chosen */

pick_opp_beam (thres_a, thres_b)
{ : _
if ( (rect(near) - RECMIN) <= thres_a)

&& (RECMAX - rect(opp)) <= thres_b )

15 return TRUE
else
return FALSE
}
J*
20 /* adjust weight value */

update_WeightO
{

for each mic {
if (mic should be ON && weight < 1.0)
25 ' weight += 0.05

if (mic should be OFF && weight > 0.0)
weight = 0.01
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As noted, the output fromthe CAMcircuitry 100 is a weightied si GEPLACED
deri ved fromall the mcrophones, not sinply those sel ected
al gorlthmto be active or configured ON by this algorithm Thus when a
sm crophone is selected to be active by the voting al gorlth S'r‘leesHasﬂqa M

gradual |y added to or nmade 30 a great-@0-percentage of the

the output signal. Simlarly, when a m crophone is no Iong

confi gured SEE after having been selected by the voting al gorlthm

input is gradually renoved fromthe output signal. First syllable cli ppi ng
i s al so advint ageous| yotingistrptsgy eidopands on mageitude arderamgemfemmlwedﬁphone is
left on at all times, and speech generated anywhere in the roomwll 35 be
i medi ately detected and transmtted, even if attenuated. The activation
and deact i VOPELBREMWOMENt i ng f act or for a m crophone is shown by: W= i =
[err] + 0.056 if mcrophone; is configured ON [err]= [err] 0.01 if

m cr ophope; is configur a ere: [err] is the weighting factor for
m crophone[err] havi %(%3 ggkagen 0 and 1.0;
if (pick_near_beam (1.0, 1.0))
goto update_weight() /* pick current beam */

if (pick__two_beams (2.0,2.0)

goto update_weight() /* pick two beams */
10 if (pick_opp_beam (0.5, 0.4))
goto update_weight() /* pick opposite beam */

for (each beam)
if (pick_near_beam (0.0, 9.0))
goto update_weight()

15 goto update _weight()
else if (RECMAX >=6.0) {

if (pick_near_beam (1.0, 1.0)) _
goto update_weight() /* pick current beam */

20 if (pick_two_beams (2.0, 2.0))
goto update_weight() /* pick two beams */
}
else {
if (pick_two_beams (2.0, 2.0))

25 goto update_weight() /* pick two beams */
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li is one of the five m crophone inputs; and O is the .out
0

sum of "each m crophone's weighted signal. 1 Thus a m cro:)h(g{ne‘ J
bei hg turned-on is activated five tinmes faster than a micrdy ik P 2ce
,turned-of f. One mmj or advantage of this activation and deact u Il l]
arrangement is that any background noi<d that does not get r

noi se renoval process described |ater herein, is less noticeable if slowy
added and renoved al ong V\/igditohbﬁatﬁi@éigmgi‘ne signal . This ar o ®ittentbsatn ON */
permts 15 .nmultiple mcrophones t0o be at once because of the

differences}i n the delays in the weighting factors for activating and
deactivating the m crophones. Thus, any undesirable side effects of the

voti ng al gogjt i ing rapidly between m crophones, such as that caused

in hard-sw{v%qﬂg%%:omdi ately turning a m crophone full-on or full-off),

is elimnated. Thus, in effect, many people may 20 respectively speak into
and actiwate di fferenff(gj;ﬁgﬂpg {at the sane tine. To the extent that

each person continues to speak, his or her microphone will remain ON or
activated. Referring now t¥ (pipks negr_beam(@.3; @ 3xfosfiest heamb\l chart

illustrating the steps involved i fy@bkeddayedmider measur emrents of the

rel ative signal strengths for each 25 f the mcrophones by the CAM
circuitry 100. These steps 601 t hiESIRPBIAVEINQAI | part of the step 507
executed in FIG 5. Since jhe voting al gorithm determn nes when one or nore
persons are speaking and then activates the m crophone or m crophones

10 if (pick_near_beam (0.3, 0.3) for second beam) {
turn first beam OFF
goto update_weight()

15 for (each beam)
if (pick_near_beam (0.2, 0.51)
goto update_weight()

goto update_weight ) - /* leave both beams ON */



t hat best récei ves these speech signals, a critical corrpormn",ml"l"" ll”“"l J\

cal cul ation is to correctly deternm ne Wnen t he i nput signal

m cr ophone is that of speech and 30 not just noise. The ste s execut ed by
the flow chart of FIG 6 advantageously -12- provides ir

for use by the voting algorithm The r&éei ved si gnal stren i r
as in step 601 by averagi ng the peak-absol ut e-val ue sel ect

m cr ophone (]:]anug each peak-absol ut e-val ue bei ng sel ect ed from t hose
occurring over cle period. .There is both _a short 5 and a

| ong-t erm ener gy aagﬁhﬁ%@gjéﬂgﬁﬁ‘#é‘ﬁ‘tﬁm?%wsfeé‘bf’%‘gﬁﬂ?%g ‘'speech signal strength
and noi se si gnal staphxgalhyb’éslmnmfmeyewﬁffaf;ﬂﬁﬁﬁty@f\spéwhlsiglafsac'tOrS are
sel ect ed dependi ng pe _.Q h ut. val ues a ositive or
‘negati ve When t he %@g@ﬁ%%ﬁ%&é@% 3‘& Fﬁym&ﬁ/ ?fesge%#xengqq{sefgg& ng in

st rengt hS amgupmtqawusmmae; S negative, the i nput val ues are decreasing or

decaying in strengt eatﬁ%pasglélﬁr%g@iaﬁa:o %\gﬁ@ﬁ%ﬂkzﬁ}?&eﬁﬁ&\ '6Hh where: rec

and rec [err] ,are the respect erm si aver ages;
reCeived speech signals, each weighting factor being assigned responsive to the .

selecting means for controlhng the level of a speech signal being coupled to the
output line; and |

10 means for commonly connecting the plurality of received speech signals
to the output line in accordance with the assigned weighting factor for each one of
said plurality of speech signals.

2. The system in accordance with claim 1 wherein the selecting means
includes measuring means for determining the magnitude of a speech energy level in
15 each one of the plurality of received speech signals.

3. The system in accordance with claim 2 wherein said at least one of the
plurality of speech signals selected by the selecting means has the greatest
magnitude of speech energy level among the received speech signals.

4. The system in accordance with claim 2 wherein the measuring means
20 further includes means for determining the relative magnitude of the energy level in
each one of the plurality of received speech signals by comparing the energy level in
each of the plurality of received speech signals with the energy level in each other of
the plurality of received speech signals.

S. The system in accordance with claim 1 further including means for
25 varying an assigned weighting factor for a received speech signal over a range
between one and zero, the level of the received speech signal being coupled
unattenuated to the output line when the weighting factor has a value of one, and the
received speech signal being attenuated and not coupled to the output line when the
weighting factor has a value of zero.

30 6. The system in accordance with claim 5 wherein the level of the
received speech signal is coupled to the output line attenuated in an amount directly



15 In: is the peak signal value for each input during ther’Iﬂ!HM!mw!mnm
peripod; and In- -[err] is the peak signal value for each i nput.agriny s e

pr.evi ous cycle period. Both quantities [err] and [err] are used in

eal cul.ating the speech signal strength._ The quantity [err], is a neasure of
background noi se. The quantity rec[err]2§E a nmeasure of |nterm'ttent

signal s such as voice, or any other sharp noise, along with 20 any

backgr ound pmpeetionabtoi thel prodtietchfitine aﬁsgne&@z%igh’tihg facporaend tise lgnellofshe engt h or

tracked sig fo h. nM.groph i | cul at ed by
SUbt r act | ngCRYER POt Sk unehihid Pllghube Feof B {RADCRIRRE ish 7880 B
reclerr] thl,ngsshan[oaw] or -13- SPEECH = (SPEECH + NO SE) - NO SE Since
these are logarithm c values, the quantity rec [err] is not the difference
i n magni t ude between the short and Iong t erm si gnal average val ues, but
rather the ratio of7-tHee sysigm inageerdancewith elainy g Myrthey dnsluding clocking The

fj r ?c ked ¥ gfbny/fr geﬁodaéalsadaﬁusﬁhg mpdaéigﬁm?g ﬁcioh £t tﬁ@fet:ﬁde@@ee& Sighal 603 to
eterm ne ”Béﬁﬂ'é‘ gnﬁrst time peng}iI mat sal speeclsn Imgn?xf is se ectgal b}y tahe selsectmg means, :
the weighting factor either i ;ncreasmg from some value less than one toward a value

of one or remaining at the value of one during said first time period.

8. The system in accordance with claim 7 wherein the clocking means
10 periodically adjusts the Weighting factor for the received speech signal during a
second time period that said speech signal is not selected by the selecting means, the
weighting factor either decreasing from some value less than one toward zero or
remaining at zero during said second time period.

9. The system in accordance with claim 8 wherein the clocking means

15 adjusts the weighting factors in first incremental steps during said first time period

and in second incremental steps during said second time period, each of said first |
incremental steps being larger than said second incremental steps. '

10. The system in accordance with claim 4 wherein the selecting means
further includes means for sorting the received speech signals according to their
20 relative energy levels for obtaining minimum and maximum tracked signal values in
the plurality of received speech signals.

11. The system in accordance with claim 10 wherein the selecting means
includes means for continually selecting a first selected speech signal associated with
a first microphone when said selected first speech signal has a tracked signal value
25 within a predetermined threshold amount of the maximum tracked signal value and a
second speech signal associated with a second microphone disposed generally
opposite to said first microphone has a tracked signal value within a predetermined
threshold amount of the minimum tracked signal value.

12. The system in accordance with claim 11 wherein the selecting means

30 includes means for selecting a third speech signal in place of said first selected -
D —
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RECMAX and RECM N, anong all of the nicrophones; Next SPREADL“M',@“IH’"HIIE”“I
di fference between RECMAX and RECM N, is calcul ated in step

background noise level is effectively renoved fromeach m crophone Y nput

10 SPREAD shoul d be at or close to zerggwhen no intermttent signals are
present. When SPREAD is greater than zero by sone threshold, therefore, the
voting algorithminterprets this as an_indication that a speech signal is

present andsPeedisignadisaidthird speach signal bejrg gssociated aviths Gird imistopberp 3dyal ue
for each m&l&i&&%xﬂé&x@ﬁr@s?&é&ﬁsi ghel BRW eRked sigha viﬁﬂ%ﬁnﬁhgnm SPREAD i s
a nmeasure whi hlau&i1 I ndi @tethat ank ermttent nal, such as
a speech siRJR&Ht T:ff eshel aqunéeﬁg f SRAx{TgUR{Eac ?Fi)ﬁgn%é(ﬂélﬁéfl rdoWtbsent ed,

t he slel ect Ispﬁeﬂrsigmass%eia&@tmtﬁ h&mmhmﬁfmaﬂe ulspgd&dtgeﬁéralw eppositptd heI speech
si gna n 0 t.he, tracked si str n val ues
for the 51 ﬁgﬁé@l@gﬁpgog%ﬂ% %%%‘gméﬁ%lﬁ%'{eh% éebj ?‘R?d pai rs of
m crophonesatmlmteﬁmmmmmmmdradkecbngnaierahlhe 20 di recti on of or| gin for the
speech, by seeking a m crophone pair where the speech is strong in the

forward facing mcrophone, i.e., the mcrophone directed toward the source
of speech, and weal3; Frh@ﬁﬁstgammoadmwrtgcimmﬂdpwmmnthe@lecnnamrophone

directed aviyhéy 1ﬁ8ﬂu&&em§£iérf6ﬁse?écuﬁgﬁ‘iﬁi’d §|§E@@n §Pﬁﬁ%§bd‘§swlﬁ§ﬁﬁ RBdcie@fibe 1 n the

nul | of the backwar rop he nu h m crophon |s nor e

aci ng
narrow, andPSeF B¢ ge of beiag assopraied ritin thigd-picrophiope, an
beam The asyintgmﬁwmén daiPthird@pédch spaDRR S teickyd ighal valvetwiHin areasur e of

the direct 'p%] J ﬁol% eo%rr}t ot tid E%lmxlmum tracked signal value and a fourth
speech signal associated with a fourth microphone disposed generally opposite to
said third microphone has a tracked signal value within a predetermined threshold
amount of of the minimum tracked signal value.

15 14. A method of connecting speech signals from a plurality of speech
circuits to an output line, the method comprising the steps of:
receiving a plurality of speech signals in the plurality of circuits;
selecting at least one of the plurality of speech signals for coupling to an
output line;

20 assigning a variable weighting factor to each one of the received speech
signals, each weighting factor being assigned responsive to the selecting step for
controlling the level of a speech signal being coupled to the output line; and

commonly connecting the plurality of received speech signals to the
output line in accordance with the assigned weighting factor for each one of said

25 plurality of speech signals.

15. The method of claim 14 wherein the selecting step includes the step
of measuring the magnitude of a speech energy level in each one of the plurality of
received speech signals.

16. The method of claim 15 wherein the measuring step further include
30 the step of determining the relative magnitude of the energy level in each one of the

. plurality of received speech signals by comparing the energy level in each of the
-
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Referring now to FIG 7, there is shown in accordance Wi th anmmmlutmwmmm ;

the invention, a flow chart showi ng addi ti onal steps embodi ed #¥n Step

of , Fl 'G5 which use the SPREAD val ue in sel ecti ng the appropriate 30
n'icrophones to be active. As earlier ing§cated, the voting algorithm
determnes if a speech signal is present and selects the m crophone(s), or
bean(s), which best receive the speech signal(s). It uses the tracked

si gnal  val BRIy ofbmeeeived sneseineiarals Withdhe-enermblenel dneard athenpinks

i ndicative glurai épaffebgué@gpeegmglg@ﬂgne and the RECVAX, RECM N 35 and SPREAD
val ues to nake decisions. 1n the ideal case, when there is a single -14-
strong speaker, SPREAD will be large indicating the presence of speech and
the near m crophonawallhenethdd ofttaian b further Icluliig theskep b6vg9hgral |y

opposite mg fort $s not
 veys. ocouEsiaa neigtink RTaBh 8 reck el andd Riigntl ¥t £ FRGE meblliohs 8587
mul ti plhe 5s pzeatcshe levebafithe menived spesch Signal wmou?kdmmmpedkeﬂs mnpuh thet Wfﬁn
m cr ophones 'v&b@% gpgn_d one W
a tracked slrnglzjnaﬁeﬁ/&]lt‘: ﬂnﬁﬁﬁétéﬂ%v%* éa(%tftq% eCa @ggcg@?% ﬁ@ associ at ed
opposi te i ket AémeatEa ard a0t qoupleddo Sheoriputilise yehen the weighting factor has a

value of zero.

it rr“



. fr '
within seme threshold of RECMN. The voting algorithmis t iHeF SHEE P
to be.nore robust and continue to function satisfactory un

i deal conditions. 10 I n accordance with the disclosed enbodi nent
afid as earlier noted herein, the nicrophones 220-1,-2,-3,-4,-5 are nount ed
In a pentagon shaped housing as clearlyadlustrated in FIG 2. Thus, each
one of the plurality of m crophones is considered to have two opposite

m crophones. For exanp ' @3*] A - rally opposite
m crophones, mcr ophongﬁg%‘g fﬂﬁ?ﬁ%@ﬂiﬁzﬁ@ﬁwﬁm 15 determ ning
when a ni créAbstoaet s associ at ed opposite nicrophone has a tracked signal
value within some thy ) R ' r bot h of
the opposite mcr pp%oﬁ%gg%‘guﬁée% erm n%sﬁsﬁk%&%rﬁlggtg% nté Pgﬂﬁj\%\%ﬁg&#’? £e

m cr ophonestorpaudip linedn apeardanse with-ibr eutpyt gjgral lepgls feomsaghhefthe onsi dered as

the sel egt %&W&i.@d@é&ﬁé@dh@@ﬁ’eé@@f H&@a&i@ﬁ%@@p&hﬂ@@xaﬁ%ﬁé‘% then used by
the voting alg process, of sel ecti

rithmin the 20 decisi.on. makin ng the

m cr ophone ’GF’“EF’@PB?) ﬁB&%@SQ/\B‘FE ’E‘@si""lf‘?g’é'}% %Yé'seg{ HRES %@@malsmmphonqﬁe
decgs ion 7Qi?dsét%] fnl {xirchlaendlbsiee and ﬁ@ing&'ﬁrﬁ)h cénfesencd AtrSeconfiglitation withe )
conditions of the M ci.rcyit 0Q. i n havi no m crophones ON. 2) one
i cr ophone RPomSs PRt SR ohrd Y deorb G Y oftng RelBe A8 B Reiing,
oper ati on ofys@2h alsdese€AMoting algotithm fOselent for aativitiondhehppropriatphones t ur ned
ON or aghi Vv 4 | | f ' B RN S
t heor et iClE:)aI I?%/C? H@F%@g& Q@Yﬁeﬁ% gzﬁgﬁmght%&oorer%f?’é?ﬁl\%\ogﬁ%agl@nﬁg occagliéonal Iy
be necessarvyeightingfacios forgradually gemingsy @tquthe signal from each activated

microphone that is coupled to the audio line. Typically one microphone will be

selected to monitor a person speaking. Since its response pattern is normally pointed

in the direction of the person speaking, it is less sensitive to speaker echo due to

15 reverberation. If two people are simultaneously speaking on opposite sides of the

array of directional microphones, however, two generally opposed microphones are
selected, and the amount of reverberation increases only slightly over the amount of
reverberation that would be present if just a single microphone were employed.

I
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Wit h the di scl osed CAMcircuitry 100 is possible and is an iTc}T"%%'gEAH BEEN
noted, the condition where no m crophones are turned-on, ag- |

702, is for a start up 30 condition when the CAMcircuitry 100 is first
turned ON froman off state. Once the CAM@ircuitry 100 has been turned ON,
the relative input energy |levels of each M crophone im ] s determ ned and
either a single or two mcrophones a0 selected in ac ceMith the
processes executed in sazps AP and 704. Thus, in this sinplified exanple,
t he process is shown i&tinfh in either ohd of the two illustrated 35

states, i.e., eithe NN OILINEAR It e microphones are sel ected when
in the ON condition. -COBEQ case when one m crophone or
beamis currently gel ctlfﬁtqse , as in slep 70588 and the SPREAD is
| arge, the process |coQiiffual recpcl es {H2ohgh—=thke—procegsi ng steps for
determining if 1) thel Sae [TNEA sirhd cc@&léﬂ%a to heygh 2) an
opposite m crophong sho loaD ' ehd, Ufhe 5 §anme m cr ophone
and the opposite mjcr lgﬂ;e gipul ot h be or ; ei ther of these
three tests_proves |sat] C t pr ogEds <'|5 B chooses
the first MKROPHOME Jeedi LINE gmoOunt | whi i CayiCREPHONE
the INPUTS CODEC [*1 ~ DSP OUTPUT

| 124 (134 144

i INEAR S5 LD 1921

CODEC g _~152-2
125 (135 145 _’@
i [INEAR ST {1 1923
\ CODEC 159-4
—{|}"
w2 {1525
SELECTION 5101
140 A LOGIC (e
CIRCUIT
FIG. 2
/
"Ml



presence of a |ow | evel speech signal. Qherwise, it chogses t gepEABER W t
the currently selected m crophone. One m crophone or bea
ON, even 10 when the value of SPREAD is |ow, indicating that there are no
speech signals present. This avoids firstg ﬁyllable clipping and erroneous
deci sions due to noi se or when no speech I's present. Al so when two opposite
beans are O\, the process determnes if both should remain ON, or if only
one of the two should be selected to remain ON. A 15 conparison test
between the two beans is perforned as in step 704 and if a clear choice is
unavai l abl e, the process checks each input for the first one exceeding a

m ni mum t hreshol d anmount. If neither one exceeds this mninmmthreshold
anount, both beans are |eft ON. Such sequence of elenentary operations is
illustrated in pseudo code in Appenm>2£f[€pis ode provi des one possible
sequence of- operations 20 for achievi e DSP indicated, the voice
actuated switching systemshown in the Fig s and described in the

S . i THiS SHEET HAS BEEN

.
L=

foregoi ng description. It is to be underst t hat ot her different
sequences for achieving this same advantageous operation are possible and
are anti ci pat ed. - 16- 210

192-1

0 D——xa Dzﬁl
220-27 220-3 7 220-4

FIG‘ 4 f410

405 401
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il REPLACEMENT SHEET

REPLACEMENT SHEET -17- sum O for each ,ic { sum+= nic ij ut *1\$i INtlgg _
output sum/* update peak val ues for each m crophone */ updpbetepea é% Tt '
each mc if (mc input > peak) peak = mc input /* . ——every 16tn
sanpl e processing routines // [* . cal cul ate m crophone signal
| evels */ calc mc levels( for each m-cd§- cal cul ate average signal and
noi se levels rect = signal - noise level } /* updat e range of
m crophone | evel s used by voting */ Appendix A

/ * R R S R S S S S S N S S S S T O N O O N N o S T e S e S S e e S e e T T S T S ST,

/¥ main and support routines */

main()

/* initialization */

set micl ON and weight to 1.0

/* main loop */

for each 125 microsecond sample {
calc_output()
update _peaks()

every 16th sample {%\
calc_mic_levels()
calc_spread()

vote()
}
}
}
[F=====mm——mmmm—e e e e
/* 125 microsecond sample processing.routines
1*/

/* calculate output from weighted microphone inputs */

calc_output()



REPLACEMENT SHEET

".18-" talc spread() for each mc if (mc |evel > RECMAX) RE = r@SIAn fagg
(mc level < RECMN) RECM N = rect } SPREAD = RECMAX - RE I‘ﬂJam)Ie[?)&lgg

(only one mic ON) goto one beamon() el se goto two_beam on(=—
voting support routines */ 1

sum=0

for each mic {
sum += mic_input * weight

output sum

J1*
{* update peak values for each microphone */

update_peaks()
{
for each mic
if (mic_input > peak)
peak = mic_input
} _
A e e e e e
* every 16th sample processing routines
1*/ '
r* calculate microphone signal levels */

calc_mic_levels()

{

for each mic {
calculate average signal and noise levels
rect = signal - noise level

r* update range of microphone levels used by voting */
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| * deternine if currently sel ected m crophone i sjjbest 1c@oi é@ 9@
pick near beam (thres a, thres b) { if ( (RECVAX - rect(nedrpyss.. h]J é%&

|

(rect(opp) - RECMN) <= thres b) return TRUE el se return FALSE
REPLACEVENT SHEET -19- /* de\tNggm' ne if current and opposite

m crophone shoul d be chosen */ pick two°beans (thres a, thres b) if (
(RECMAX - rect(near)) <= thres a) & (RECVMAX - (rect(opp)) <= thres b)
return TRUEale| speead€t ur n FALSE

{
for each mic {
if (mic_level > RECMAX)
RECMAX = rect
if (mic_level < RECMIN)
RECMIN = rect
}
SPREAD = RECMAX - RECMIN
}
L ———
vote()
{
if (only one mic ON)
goto one_beam_on()
else
goto iwo_beam_on()
}
/*
/* voting support routines */

* determine if currently selected microphone is best choice */

pick_near_beam (thres_a, thres b)
{
if ( (RECMAX - rect(near) <= thres_a)
, && (rect(opp) - RECMIN) <= thres_b )
return TRUE
else
return FALSE
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YA determ ne if opposite m crophone should be chofen */ icgﬂm
beam (thres a, thres-b) if ( (rect(near) - RECM N <= threj pate (J

- rect(opp)) <=thres b) return TRUE el se return FALSE /* 7 -
adj ust wei ght value */ update weight()§or each mc { if (mc should be ON
&% weight < 1.0) weight += 0.05 if (m'c shoul d be OFF && wei ght > 0.0)

ight -= 01 REPLACE SHEET -
werg 9* deternul\r/llgl\g_current and opposxte xmcrophone should be chosen */

pick_two_beams (thres_a, thres_b)
{
if ((RECMAX - rect(near)) <= thres_a)
&& (RECMAX - (rect(opp)) <= thres_b)

return TRUE
else
return FALSE
}
r* determine if opposite microphone should be chosen */

pick_opp_beam (thres_a, thres_b)

{
if ( (rect(near) - RECMIN) <= thres_a)
&& ((RECMAX - rect(opp)) <= thres b)
return TRUE
else
return FALSE
}
/*
/* adjust weight value */

update_weight()
{

for each mic { .
1f (mic should be ON && weight < 1.0)
weight += 0.05

if (mic should be OFF && weight > 0.0)
weight -=0.01



Oif (SPREAD > 1.5) { if (pick near bean(l.O,

1.0)) goto

§

J y - | 2
voting strategy - depends on nmagnitude and range of mc Ijv&EgLé Mggﬁrﬁgéﬂ .
| GATY(

paal €
/* pick current beam*/ if (pick_twobeans(2.0, 2.0)) goto ,JfSgt'é"'\'dé'i"gh‘r‘g‘jr"'_"
[* pick two beans */ if (pick opp beam (0.5,0.4)) goto update weight()
[* pick opposite beam*/ for (each beam if (pick near beam (0.0,9.0)) goto
updat e wei ght() goto update wei ghtO } elzae if (RECMAX > =6.0) { if

(pi cknearbeam (1.0,1.0)) goto update wei‘ght O

/* pick current

beam */ if (pick two beanms (2.0,2.0)) goto update wei ghtO /*

pi ck two b/gams *[ }

1* voting strategy - depends on magnitude and range of mic levels -

one_beam on ()

{
if (SPREAD > 1.5) {

if (pick_near_beam(1.0, 1.0))
goto update_weight()

if (pick_two_beams(2.0, 2.0))
- goto update_weight()

if (pick_opp_beam (0.5,0.4))
goto update_weight()

for (each beam)
if (pick_near_beam (0.0,9.0))
goto update_weight()

goto update_weight()
} | |
else if (RECMAX > =6.0) {
if (pick_near_beam (1.0,1.0))
goto updgte_weight()

if (pick_two_beams (2.0,2.0))
goto update_weight()

else {
if (pick_two_beams (2.0,2.0))
goto update_weight ()

/* pick current beam */

* pick two beams */

/* pick opposite beam */

/* pick current beam */

/* pick two beams */

/* pick two beams */



else { if (pick twobeans (2.0,2.0)) goto update wei ght () F‘EPLA_CEMENTFHEET
pi ck two beans */ REPLACEMENT SHEET - 21 - goto update V\§i %hﬂ(ﬁ JAN 1996
/* leave current beam ON */ two beans on () { if (SPREAD 3 328) '

-...{'.-.-I--f ..................

(pi cknear beam (0.3, 0.3) for first beam { turn second beam OFF goto
update weight (0 } if (pick near_beam (0.3, 0.3) for second beam { turn
first beam OFF goto update weight 0 } 291 -

goto update_weight() /* leave current beam ON */

}
two_beams_on ()
{
if (SPREAD > 3.0) {
if (pick_near_beam (0.3, 0.3) for first beam) {
turn second beam OFF
goto update_weight ()
}
if (pick_neir_beam (0.3, 0.3) for second beam) {
turn first beam OFF
goto update_weight ()
}
for (each beam)
if (pick_near_beam (0.2, 0.51)
goto update_weight ()
}
goto update_weight () /* leave both beams ON */
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for (each beam if (pick near beam (0.2, 0.51) goto update |gh§n;a1

updat e wei ght () /* | eave both beans ON */ Replpaee

1. A voice-actated switching system conprising: a plurality=otc
receiving a plurality of speech signals; neans for selecting at |east one
of the plurality of speech signals for 5 ci))l#pl ing:to an output line, said
sel ecting neans selecting for coupling to e out put ] peech signals

t hat exceed a predeterm ned m ni num t H8@shol d; neans fﬁ@:si Sni ng a

vari abl e wei ghting factor 5@ eapfy one of the received speech signals, each

wei ghting factor being asdigned_responsiv 14lo the sel ecti ng neans for
THNE wd:%fpﬁ ignal |Is coupled to 10 the
A0EL Ffonnectihy the gl urality of received

controlling a | evel th%
out put line; and neans

speech signals to the pulpy IiLh'ié, edch ong,p saishr’gpl urality of speech
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added to or renoved fromthe output line in accordance with tﬁépaaéEyEEMSHEET
wei ghting factor for each one of said pluality of speech sighals. 1§ JAN 1996
2. The systemin accordance with claim1 wherein the sel ectingagans........ccoeui...

i ncl udes neasuring neans for deterniningyglnagnitude of a sy
| evel in each one of the plurality of r i ved speech signals. 3. The
systemin accordance with claim2 wherein said at | east one of the
plurality of speech signals selected by the selecting-nmeans has the
greatest 20 magni t udew of speech energy | evel anbng the received speech
signals. 4. The systemin accordance wit claim3 wherein the neasuring
means further ingludes neans for determining the relative magnitude of the
energy level in each one of the plurality of received speech signals by
conparing the energy |evel in each of lurglity of received speech
signals with the energy level in each o ORJ25 the plurality of

recei ved speech signals. 5. The systemin accordance with claim1 further

i ncl udi ng means for varying an assi gned w@l§hting factor for a received
speech signal over a range between one and zero, the received speech signal
bei ng coupl ed unattenuated to the output line wh%? the wei ghting factor has
a val ue of one, and the received speech 30 sign*p geing att enuat ed and not

coupled to the output |ine whgpt he $ tor has a val ue of zero.
6. The systemin accordance with | mﬂg;gb#s?he\Lsigggﬁp speech
220-4

220-27 - 220-3 7
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I's coupled to the output line attenuated I n an anount 'T-'Pé'&(“IEVENTSHEET
to a product of the assigned weighting factor a j)%t}he" OevéN 1996
t he recei ved speech signal 35 when said weighting . factor has

si gnal
proportional

1- -Ue ---------------------

greater than zero and | ess than one. Repl acenent sheet -23 - REPLACEVENT-
SHEET 7. The systemin accordanc wi. claim6 further including clocking
means for periodically adjusting the weighting factor for the received
speech signal during a first time period3that said speech signal is
sel ected by the sel Gug rlgans, the weighting factor either increasing
fromzero toward the value of one or 5 tqi ng at the val ue of one during
said first tinme period. 8. The system rdance with claim7 wherein
t he cl ocki ng neans periodical |y adl ost s e weighti % factor for the

' : ,.5 at sai d speech signal

PERS i ng factor either

decreasing froma val ue of ong towar zerg 10 zeLodiring, said

second time period. 9. The sysf {rtracsetaRce gg¢! ai m 8 wher¢in the
cl ocki ng neans adjusts the wei ght . rst increnental |steps
during said first time peri OdSOS RERD TNPUTS AND WEASURE
- PEAKS INLINPUTS o
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and in second increnental steps during said second tine pef R C‘:I’Lngzlh f

said first Increnental steps being |larger than said second i aJA(i{l 1996
steps. 15 10. The system I n accordance with cl ail

.@

sel ecting neans further includes neans for sorting the received 'speech
signals according to their relative energy |levels for obtaining mninm and
maxi mum tracked signal values in the plurality of received speech signals.

11. The system i N accoyOPCEA OTUA TEDISWEPCHINGES YsTEM Sel ecting neans 20
i ncl udes ne f r continually selecting a first selected speech signal

associ at ed first m crophone when said selected first speech signal
has a tracked si gnaA madewttmddtuwitmny@@ehﬁmﬁnaadoh@bﬁmbfd slicesphiones of t he

t ked d. d ted with
second m o6 phaneo SR in KaHGaRl MR BEIBY SR ISR AR epd IR T ophone. hac a
tracked si gmiatophehese Ta retiuge the gifedsobdegradation 6f speeels sighals dnotnt of t he

t T 11
T e B N e A S BB A
signal in [ousss iofa omukax endlesuresandeastanged free eonfetegerarrayseandigunation Witheech
si gnal bei Rgsd; t@hﬁ%ﬁﬁéd But@va}chy %nﬂlfé%‘éﬁﬂ%?ﬂ?th@@gcl%ﬁiréc‘l‘ﬁé’swﬂ@}ﬂné ai d

third speech’sig has a_tracked signal value wthin a 30 redeterm ned
t hr eshol d a‘MifEWtal%PfuthéVﬁ%& ﬂﬁﬂﬁlt&l&b#@eﬁkgmapnwaéheamr@rf rth speech

si gnal assqgicAiphbned ihdicatives thd pdbitidrOfivher dherd pesyle gsakinglany aojapiablet e to

ts ﬁlr g SLQ: (rjd wne11g tug}gctor P or gra%ual'iy? t%krgi(rjxg%n%rxl%lff tﬁalsyggal\,*drénqlegchaac%r edgt erm ned

microphone that is coupled to the audio line. Typically one microphone will be
selected to monitor a person speaking. Since its response pattern is normally pointed
in the direction of the person speaking, it is less sensitive to speaker echo due to
reverberation. If two people are simultaneously speaking on opposite sides of the
array of directional microphones, however, two generally opposed microphones are
selected, and the amount of reverberation increases only slightly over the amount of
reverberation that would be present if just a single microphone were employed.

Figure 1




ampunt of the nininmumtracked signal val ue. Repl acenent sheet 13. The
systemin accordance with claim 11l wherein the sel ecting neansR¢pia¢gment sheet
i ncludes neans for selecting a third speech signal- al ong W t--t+he=selected—-—

first speech signal, the third speech;jfﬁnmashioci af] FERUACEMENThSHEET
e e G
racked signal value and a fourth spe at ed
m cr ophon€laiineposed general |y opposi t e t o sdi d"™ hfrd*m crophone has a
m i mum £ r acked: o) gralCivapaiteR yHENEEREA SoREERER: |, T OO0 O o gnars
froma plurlity ofaplueality of cirenitsdor receivingmplunalisy of speech signalsiet hod
CoTDr 5170, 1 1 St Akl B bl SSRGSy 0 L,
si gnal § T seuplingspiangutpitdine ciaidsnleqtingancana iseleetingfor cauplingdp thecetput ng f or
CouDl 1, N SRSl hRcSOEEFAGHUBRRLS iR XeaRS, b oot e ned
each one of the rcBeaRAfr asigning a variable weighting factor to each one of the
received speech signals, each weighting factor being assigned responsive to the
selecting means for controlling a level that its assigned speech signal is coupled to
10 the output line; and
' means for commonly connccting the plurality of received speech signals
to the output line, each onc of said plurality of speech signals being either gradually
added to or removed from the output line in accordance with the assigned weighting
factor for each one of said plurality of speech signals.
15 2. The system in accordance with claim 1 wherein the selecting means
includes measuring means for determining a magnitude of a speech energy level in
each one of the plurality of received speech signals.
‘3. The sysiem in accordance with claim 2 wherein said at least one of the
plurality of speech signals sclected by the selecting means has the greatest
20 magnitude of speech encrgy level among the received speech signals.
4. The system in accordance with claim 3 wherein the measuring means
further includes means for determining the relative magnitude of the encrgy level in
each onc of the plurality of received speech signals by comparing the enecgy level in
each of the plurality of received speech signals with the energy level in each other of
25 the plurality of received speech signals. '
5. The system in accordance with claim 1 further including means for
varying an assigned weighting factor for a received speech signal over a range
between one and zero, the received speech signal being coupled unattenuated to the
output line when the weighting factor has a value of one, and the received speech
30 signal being attenuated and not coupled ¢o the output line when the weighting factor
has a value of zero. o
6. The system in accordance with claim 5 wherein the received speech
signal is coupled to the output line attenuated in an amount directly proportional to a
product of the assigned weighting factor and the level of the received speech signal
35 when said weighting (actor has a value greater than zero and less than one.




Si gnf;l s, each weighting factor being assigned responsive to th@eﬁgé@@{‘ém sheet

st ep for controlling a level that its assigned speech signal is—coupted 1O
the output |ine; comonly connecting theglurality of receﬁ{cu SPEE

signals to the output line; and 20 gradual Iy ad P ACF&' -ET
each one of said plurality of speech sigpalsfremthe—outpul |inel 0nAUG1 6

accordance with the assi gned wei ghting factor f Byt
plurality of speech signals. 15. The me mﬂiﬁm wherern the
plurality of received speech signals ar Cted to the output

line as a weighted sum 25 16: The met hod of claim 15 whercin the
sel ecting step in@l [I‘hesyatmiaae:;nrdmmudﬂuclmmy&ﬁmm;rindudhgdwkh@eech

The. met hofteaps SorRedqRAfy aiusiisy e idlehdns Aok frhy BitcRRISHE IR 11
of det er nmidnfing atfirss tiroe mﬂ%m'gm smeh oignahe ﬁdn@tsgiayﬂhwulwmgMSpne of
(50, Dl Al e aliPlocdSeg ek g el 68 SURE ot 17, o1
i n eachS oremaingig atithe yalye of pug/dusing spid finsetimepesiol. si‘gnals. 1'S. The et hod -
of claim 17 furthgr THaGystenifl abeRadceRvit cl¥fh ¥ wittrdh the clocking means
periodically adjusts the weighting factor for the received speech signal during &
second time period that said speech signal is not selected by the selecting means, the
weighting factor cither decreasing from a value of one toward Zero or remaining at
10 zero during said second time period.
9. The system in accordance with claim 8 wherein the clocking means
adjusts the weighting factors in first incremental steps during said first time period
and in second incremental steps during said second time period, each of said first
incremental steps being larger than said second incremental steps.
15 10, The system in accordance with claim 4 wherein the selecting means
further includes means for sorting the received speech signals according to their
relative energy levels for obtaining minimum and maximuom tracked signal values in
the plurality of received speech signals. |
11, The system in accordance with claim 10 wherein the selccting means
20 includes means for continually sclecting a first selected speech signal associated with
a first microphone when said selected first speech signal has a tracked signal value
within a predetermined threshold amount of the maximuin tracked signal valus and a
second speech signal associated with a second microphone disposed generally
opposite to said first microphone has a tracked signal value within a predetermined
25  threshold amount of the minimum tracked signal value. :
12. The system in accordance with claim 11 wherein the selecting means
includes means for selecting a third speech signal in place of said first selected
speech signal, said third speech signal being associated with a third microphone and
selected when said third speech signal has a tracked signal value within a
30 predetermined threshold amount of the maximum tracked signal value and a fourth
speech signal associated with a fourth microphone disposed generally opposite o
said third microphone has a tracked signal value within a predetermined threshold
amount of the minimum tracked signal value.




Repl acerrent sheet - 25 - REPLACENMENT SHEEF;J'e g&'m heet

wei ghting factor for a received speech signal over a range h _
zero, the received speech signal being coupl ed unattenuated j§ REFLACEMENASHEET |
line when the weighting factor has a vabye of one, and the rigceiv OSA)(%&:Q!

signal being attenuated and not coupled to the output Tine whéatd: 6

rerantng factor has & varse S ot A M
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13. The system in accordance with claim 11 wherein the selecting means
further inchides means for selecting a third speech signal along with the selected first

~ speech signal, the third speech signal being associated with a third microphone and

being sclected when said third speech signal has u tracked signal value withina
predetermined threshold amount of the maximum tracked signal value and a fourth
specch signal associated with a fourth microphone disposed generally opposite to
said third microphone has a tracked signal value within a predetermined threshold
amount of of the minimoum tracked signal value.

14, A method of connecting speech signals from a plurality of speech
circuits to an output line, the method comprising the steps of:

recejving a plurality of speech signals in the plurality of circuits;

selecting at least one of the plurality of speech signals for conplingtoan
output line, said selecting step selecting for coupling to the output line speech '
gignals that exceed a predetermined minimum threshold;

assigning a variable weighting factor to each one of the received speech
signals, each weighting factor being assigned responsive to the selecting step for
controlling a level that its assigned speech signal is coupled to the output line;

commaonly connecting the plurality of recetved speech signals to the
output line; and _ :
- gradually adding or removing each one of said plurality of spesch
signals from the output line in accordance with the assigned weighting factor for
each one of said plurality of specch signals,

15. The method of claim 14 wherein the plurality of received speech
signals are commonly connected to the output line as a weighted sum.

16. The method of claim 15 whercin the selecting step includes the step
of measuring a magnitude of a speech energy level in each one of the plurality of
received speech signals.

17. The method of claim 16 wherein the measuring step further include
the step of determining the relative magnitude of the energy level in each one of the
plurality of received speech signals by coaparing the energy level in each of the
plurality of received speech signals with the encrgy level in each other of the
plurality of received speech signals,

18. The method of claim 17 further including the step of varying an
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assigned welghting factor for a received speach signal over a range between one and -
zero, the received speech signal being coupled unattenuated to the output line when
the weighting factor has a value of one, and the received speech signal being
attcnuated and not coupled to the output line when the weighting factor has a value

5 ofzero. ’




