CONFERENCE AUDI O SYSTEM Technical Field The present
invention relates to a conference audio system and,
nore particularly, to a conference audi o system
capabl e of avoi ding front-end-clipping of del ayed

speech in a cordless audio conferencing system using
infrared |ight. Background Art When a conference
attended by many persons is held, a conference audio
systemis used, inCOGhWFERESpPEaKEDI® SwbreEMance is

pi cked up by a m crophone, anplified by an amplifier,

and output froma speaker in a conference hall so

that the speaker's utterance can be heard by al
_atfeeriveiesl IFieslth a conference that uses a conference
audi o system nany m crophones are used. |f many

m cr oph@hesparechéi hgveutned oalatetheo samertfiemynddatudio
is, in an active state, audi os picked up by these
mseiedshioard , repee papitiifduedang batpovnfeoentheaudio system
~speaker, and therefore, audios other than those of

t tﬁ?@%@&&f aveikdaad faontoiesal-c lamp e cfudied aofed peech
speaker cannot be heard clearly. In addition, a how
bddorfesCHHR LSS kaNflipo aediareBeasey Btemt WBsnga infrared
system has been wi dely used, in which an attendee

t dii¥diton a m cr ophone smﬁtch at hand when naking a
statement and turns off the switch after conpleting

the statenment. 1 Fig. 6 shows a concept of the

stem In Fig. 6, on a table 1 in a conference hall
n‘éﬁ‘f round Art

When a conference attended by many persons is held,
a conference audio system is used, in which speaker's
utterance is picked up by a microphone, amplified by an
amplifier, and output from a speaker in a conference hall
so that the speaker's utterance can be heard by all
attendees. In such a conference that usesra conference
audio system, many microphones are used. If many
microphones are being turned on at the same time, that is,
in an active state, audios picked up by these microphones
are amplified and output from the speaker, and therefore,
audios other than those of the speaker are heard as noises
and the audic of the speaker cannot be heard clearly. In
addition, a howl becomes more likely to occur. Because of
this, a system has been widely used, in which an attendee
turns on a microphone switch at hand when making a statement

and turns off the switch after completing the statement.



m crophones 11, 12, , and in are arranged erectly on
m cr ophone stands 21, 22, , and 2n. There are cases
where each person uses each nicrophone and where two
or nore persons share one nicrophone. The m crophone

stands 21, 22, - , and 2n are each provided wth a
swtch with which each mcrophone is turned on or off
by the operation of an attendee. Audio signals froma
mEdraphoridviata hasndeen of uthedspstéy.t he switch
operation are input to a mxer 2 and the audio
si gnal sIm ¥ed.i 6,t be @ Xewl2 dr dnaapkohifeden?ys a211, many
anplifier 3 and the audi os are output toward the
attiendgdeorfaon l, sheaker - 4 andt ahl edei arrhagednferends on
hal | . According to the above audio system there
ovdyrordiond et geday2iy ofRwhen - anaatt éndeeThetrer sre cases
until the audio is converted into a signal in the
nivdyegisheaeh ofxaah s eshea chrinderr aphcargphnflivdte by tiieeor more
anplifier 3, and output fromthe speaker 4. Fig. 7
s FOWS Atfe sthiame @eleayil ox aphvasteor mTae mégrepdmned sthandse 21,
solid line shows an attendee's utterance signal and a
wefef Or iy baREptle s8It € Iy PERE 1idect wdthi asswhiows widh which
audi o signal fromthe speaker 4. As shown in Fig. 7,
t FECE BAEGPPhANE e Heragdmen sat wédnbyheheearg bz pien of an
and the waveformb. However, in a wired system as
sROWEAGdRSR gAUdEO i oRfilen TeRe @i BlepREhenies thathdgs been
on/of f by n%pual operation, the tinme delay At is
alb &t In&hensrd bRl PPeLE e h G rau dingdtty tsr Gbemer 2
bec%ﬁﬁ there is . no guditorilJy 2 uncgnfortable L
{E00 RGeS ARPer L9 Ioha e d TadifoTeySer 45 amplified
descr.i bed
%y an’ amp f?f%r 3 and the audios are output toward the
attendees from a speaker 4 installed in the conference hall.
According to the above audioc system, there occurs a
time delay from when an attendee utters until the audio is
converted into a signal in the microphone, mixed in the
mixer 2, amplified by the amplifier 3, and output from the
speaker 4. Fig. 7 shows the time delay. A waveform a
represented by the solid line shows an attendee's utterance
signal and a waveform b represented by the dotted line shows
an audio signal from the speaker 4. As shown in Fig. 7,
there occurs a time delay At between the waveform a and the
waveform b. However, in.a wired system as shown in Fig.
6, in which the microphone is turned on/off by manual
operation, the time delay At is about 10 ms and there will

arise no auditory problem because there is no auditorily



it is necessary to connect all of the m crophones wth
the mxer 2 by cables, and therefore, many cables are
laid and it will be troublesone to handle the cables
physically and to put themin order, and further, it

w Il also be troublesone to identify the

correspondence rel ationship between m crophones and
cables. The installation cost also becones high.

Becawsd coft afilies, feae Icionf er ence audi o system of cordl ess

- type as shown in Fig. 8 is proposed. In Fig. 8, the

m cr ophBpesvet, IR the winked ausiiansy stespectdest yiload above,
m crophone stands 31, 32, , and 3n placed on the

t albl s n&epsatytthe aurgraphedd sfans Bicr@honeand B3nthe
I ncorporates a transmtter and transmts an audio

shgugr 2ceniveahlesi mithéheirefopifonmany aabéeesiare 15id and
This transm ssion/reception 5{sten1nay be an optica
céfmiihl ¢ e drr yskesanade bsadlenthareablegmhygically and
a conmuni cation systemthat uses radio waves. The
ré&CeiRer HWeFendBul BT t henFecBuyllesi gridi wadd anlso be
audi o signal and  the anplifier 3 anplifies the , .
dERPUEILEEOT S T ghat de Rt Y helde eperasaPBdracsutshatirgmhip
the speaker, 4 installed in the conference hall toward

t RETHELEN VS ORRICRSR BRAe AT - | T 3F sYREBALLAL WA cROST

an_on/off switch.is attached to each nicrophone and

af 180 ORFEESTeddSP 10 operate this switch, it may be
troubl esome to o ate 3 the switch and there y be
2 case BREFUSEHEL Bra8ndbEoPargerse TeTaPH Gt i CotdLess
S\%ﬂytp%h a\tl\éheghgvani'(ll r:IL% aFlsgS f’ﬂ Em%_nst ;%ogt)gségf : In ¥Fig. 8, the

microphones 11, 12, -+-+, and 1ln stand respectively on
microphone stands 31, 32, ---, and 3n placed on the table.
Each of the microphone stands 31, 32, +:+, and 3n

incorpeorates a transmitter and transmits an audio signal
converted in the microphone to a receiver 5. This
transmission/reception system may be an optical
communication system that uses infrared light etc., or a
communication system that uses radio waves. The receiver
5 demodulates the received signal into an audio signal and
the amplifier 3 amplifies the demodulated signal, and thus
the audio is output from the speaker 4 installed in the
conference hall toward the attendees.

On the other hand, in a system in which an on/off
switch is attached to each microphone and an attendee needs

to operate this switch, it may be troublesome to operate



off after his/her statenent. Because of this, a

conference audio system equi pped with an autonmatic

nmute rel ease device is proposed. In this system an

audio |level detector is provided, which detects

utterance or silence depending on whether or not the
out put | evel of each m crophone exceeds a
predeterm ned | evel, and normally, the m crophone is

puthe shiaphafrid shatre, md hak 4 sasiewite 54 ahe of tdtdi€e fandets
the audio |evel detector, when detecting utterance,
t wensuom tdre thd ewdpfneshdrhatakisig tahesyatemdre or to turn
rel eased. The automatic nute rel ease device can al so _
befdppfted His fhaw sedteystnem BSkhoansenoFityi6,andocaference
cordl ess systemshown in Fig. 8 1In an elenmentary
t ecldiicqagstbraagalppedtiic nat eurelease ndée cel ease device
audi o |l evel picked up by a microphone is detected and
wheén ptepcsstl o Tavéhisesysesmequal atolior lesedeedseator is
predeterm ned threshold | evel (hereinafter, referred
t ®reyiged hmdsiedl defectiseubbgransiegnal s thaves tdaperiding on
the m crophone is turned on. However, such an
eM&diedy pr neEhmerertarutad eyetonit $2Cimmic ran e exceeds
device has a problem in that it takes time from when
vGi BEeteteraddeceheded  tand narstadphonéhenti fraphandis put
signal is_turned on, and the time delay Lt shown in .
Fitg a7 PEfabte100:at 12001 s Sk theL BE§EnniRg tdie audio
speech be lost. As a technique to elimnate such a

i e&er@%t,e%t%t hBgenofeigCodad it aRgect Fagns on the

DESLINLI0 oL Shcerh | BLopORed, | 4 LD b e et
t?nu?:re re(alfilata(:"sre tdg%rjl.cae tCIr:;]’LEIeg. gl)dbeaaggiggdsi% ta?bniirsed system
shown in Fig 6 and a cordless system shown in Fig. 8.

In an elementary techriigue of an automatic mute
release device, an audio level picked up by a microphone
is detected and when the audio level becomes equal to or
exceeds a predetermined threshold level (hereinafter,
referred to as a "threshold"), the audio signal converted
in the microphone is turned on. However, such an elementary
technique of an automatic mute release device has a problem
in that it takes time from when voice utterance enters the
microphone until an audio signal is turned on, and the time
delay At shown in Fig. 7 is about 100 to 200 ms and the
beginning of speech may be lost.

As a technique toeliminate sucha time delay, a method

of automatically detecting beginning of speech is proposed,



turned on and while the voice switch i's on, a digital
recording circuit is activated and at the sane tine,
the analog audio signal is input to a digital
recording circuit for digital recording with a del ay

by a delay circuit corresponding to the maxi mum
operation delay tinme when the voice switch is
switched fromthe off-state to on-state (for exanple,

r éfrewht chRat emtandecabegtal)i dbegappl ieed 1 aronf a rtike-ophone
techni que described in Patent docunent 1 to a

cor¥f excerde toaadi grayseemivin la tasulsholal,abwaysceausingh is
a fixed tinme delay between when voice utterance is
pitakaedipoby aad nibdrlsphone wndcehewitted almli onj sa digital
output froma speaker. Owning to this, there is no
prESEiA g srivglio ihadiseatdd drediamitiye cfamspddate, the
However, since both the words uttered directly by the

s [FEEerd Rupilives 5endl dfd iphetwor dsddfihad/ heeordimg circuit
out put fromthe speaker delayed in time are heard at

t HOL o iF o, rerersdagketitdl | & Hadevabwnzoftdryalsiiecuit
feeling. Further, since there is a discrepancy with

r EPESSRY A Woethedipt HEURRRGIEAR 1T dedeV Fpmefwher the
speaker and the audi o output fromthe speaker, the
atvtoéﬁ‘c?eéylteiﬂrﬁe? Si"ﬁaﬁh?ﬁegrs‘ﬁ%yk“@ro%f's%t%’%l%éoa?ﬁ‘s’ﬂat@ (for
unconfartabl e feeling, As described above, the tine
JEPRPRE iR SBoRLEDS FBSUBEDRE) - arfhd e, ton of
e ST S0 B SRl T bt el L B
Oh bl AV O, PSCLLDED, ) ERLENL docurent Lo v ine
t%l%eiaiw ]Bé@%gen when voice utterance is picked up by a
microphone and when the audio is output from a speaker.
Owing to this, there is no problem relating to the loss of
beginning of speech. However, since both the words uttered
directly by the speaker him/herself and the words of his/her
own output from the speaker delayed in time are heard at
the same time, .the speaker will have an uncomfortable
feeling. Further, since there 1s a discrepancy with
respect to time between the movement of the lip of the
speaker and the audio output from the speaker, the attendees
other than the speaker also have an uncomfortable feeling.
As described above, the time delay is always about 100 to
200 ms, and therefore, it is desired to solve this problem

technically.

A recording device based on the same concept as that



of a digital recording circuit (for exanple, refer to
Pat ent docunent 2) . The application of the invention
described in Patent docunent 2 to a conference audio
systemw ||l also result in the sane probl em as that

T T TR (T g T T L
docunent 1 is applied to a conference audi o system
Further, an audi o comruni cation recording device is
pradposed, invembhich desavtbedsign@atienputdokiarng 1 is also
m crophone 1is converted into a digital signal and

wHarpwrhewhoahtuses aofapatra cotraieadb i mnaen &l 6% husffeein place
reaches a predeterm ned quantity, if there is no

awfi & dligitd ] relerdang d¢sradiscafdedexamdl ¢f relfereto Patent
an audio signal, the data is stored in the buffer or

t rasmanted )« effdle BpPRdtaiti apafingite InvEmEion described
invention described in Patent docunent 3 states that

i t111 §atgadsiprenent il acenintenced acohivesyateniwill also
because a delay tine between when the audio signal is

r d&Wed Hhd-hetemnerrabde® Bs hbaktdensoghsered when the
However, when the invention described in Patent

dCREHL o idesppth el 4T BRI clesrentauliis fpRldmd to a
if the audio signal is interrupted and it is

dECHTRERAF] It et ¥ ¥ no audi o signal, the audio

data stored in the buffer is discarded, and when it .

i s det eFrMiTréE T t RRt SFREP CPEM AR GBI BN sT R d Hegdevice is
ime, the auydio siﬁnal s stored sequentially from

o ERIRETS S Fe¥B Gl RUtRe s 1 9nald PR eF BPR 2 fHETOPhONS
gg_fs:)%ﬁé%vtoe g:le!c{n irhactoe at rc]i(?Lgdzlﬁ:laLeELy slirzgn%%dla%d IwlhlenGt aenrclq%tantity
of data stored in an FIFO buffer reaches a predetermined
quantity, if there is no audio signal, the data is discarded
and if there is an audio signal, the data is stored in the
buffer or transmitted (refer to Patent document 3). The
invention described in Patent document 3 states that it is
possible to realize a natural conversation because a delay
time between when the audio signal is received and when the
audio is heard is short. However, when the invention
described in Patent document 3 is applied to a conference
audio system, if the audio signal is interrupted and it is
determined that there is no audio signal, the audio data
stored in the buffer is discarded, and when it is determined
that there is an audio signal next time, the audio signal
is stored sequentially from scratch and read cut in order,

and therefore, the effect to eliminate the delay in audio




Pat ent docunent 1 Japanese Unexam ned Patent

Application Publication No. 60-163250 Patent docunent

2 Japanese Unexanmined Uility Mddel Application
Publication No. 60-142805 Patent docunment 3 Japanese

Unexam ned Patent Application Publication No.

8-265337 Disclosure of the Invention The present

i nvention has been achieved in order to elimnate the
proabirerts af dfyeequddr art as descri bed above, and an

obj ect thereof is to provide a conference audio

syst em capablte dofcuglant rarapgnase uncovhektmabhedf eel ipRgent
by reducing the delay tinme between the utterance

t Gugnrld caa t indre riopiiloines taioh the. 066 pLE3RECt he audi o from

a speaker even in a systemincluding an automatic

mut e r ePedsatdevicomantiat? Japdoeae i adtamingd It ian} Wodel
the m crophone that has picked up the audio when the
a@@irad. lioa tytare rlath 1 Ikbeet oo siémt 60ve4280L i ncl udes a
plurality of mcrophones, an anal og/digital converter

t hat coReéens gecumedito S7gpahefeom edobxaintnepghone Patent
into_a digital signal, an audio |evel detector that
dEPRESaHICET dhed Isratsigelie. @epehdBhg on whet her or

not the level of the converted digital signal exceeds

a predetermned |evel, an audio data storage unit

that tenporarily stores the digital signal detected

i Pd SGestdre @ hy- e iR ol 9vel detector and 7

convert ed bg t he anal og/digital converter, a

cont rol FEF PERIENEoHRYBNELIPRNEE e afh e Iduadey to

the ,aydi 9 data
eilmlna e %%ejproblems of the prior art as described above,

and an object thereof is to provide a conference audio
system capable of eliminating an uncomfortable feeling by
reducing the delay time between the utterance toward a
microphone and the output of the audio from a speaker even
in a system including an automatic mute release device that
automatically turns on only the microphone that has picked
up the audio when the audio is uttered.

The present invention includes a plurality of
microphones, an analog/digital converter that converts an
audio signal from each microphone into a digital signal,
an audio level detector that detects utterance or silence
depending on whether or not the level of the converted
digital signal exceeds a predetermined level, an audio data

- storage unit that temporarily stores the digital signal

detected its utterance by the audio level detector and



storage unit and the reading of the stored audi o data,
and a digital/anal og converter that converts the read
audio data into an anal og audio signal, and the

reading controller hastens a read timng of the audio

data in accordance with a tife period of silent
portion when the audio | evel detector detects silence

in a series of the audio data. According to the
preserr et/ dnt i tdne ahehog/dgdthd cuhteredri owardndroller
m crophone, the audio |evel detector detects the
utthertaroatand st hbecagdoradat afstadagedanittstithesudio data
audi o data picked up by the m crophone and converted
disgicrsldey unilieastorled maiingatfathe seadednsledid hinta, and
control of the controller and converted into an
afaldigidiggnanalldg ¢dmverter ahbett ovardrthethiecrephoredio
is interrupted tenporarily due to breathing etc., the
aggite ievelardenategraudier eighads anbtbeatendisngichanceller
and hastens the read timn of the audio data by the

t DS Gears adresd rickpbngi vl the ehdiosdieatin iamsonsarece with
result, at the beginning of the utterance, the audio

i & cloHlRr P8dLPAt ®Tansahansg BN whana tdel agudieomevel

the time point of utterance, however, when the .
uCedesied O tafte ribtUre elpor aPeFies tpE bhgi auflgo data.

converted intq an analog signal with a delay tine .
r educedPCRYTHRE S tRe thEr PEGS6Nt AREERGAOR aliethén word is

the audio is converted into an apal og signa

sHE&eéﬁtq ATHATH sy WN AR oh'Ri Bcice LeYet adeéector
If, for exanple, the 8 speaker i s driven by the .

aft&i 6y v %lu,te%%rcaﬁ"&fgﬁnisiﬁ&eeaue}&elﬂ%staaSFPﬁég&éJa%t stores
nly.. h i_nni n f th r.an

o1l fg agéb%gckedghg b& %ﬁgt%i%r%%hone and converted
digitally. The stored audio data is read under the control
of the controller and converted into an analog signal. If
the wutterance toward the microphone 1s interrupted
temporarily due to breathing etc., the audio level detector
determines the state as silence and hastens the read timing
of the audio data by the time period corresponding to the
silent time. BAs a result, at the beginning of the utterance,
the audio is converted into an analog signal with a delay
from the time point of utterance, however, when the
utterance 1s interrupted temporarily, the audio is
converted into an analog signal with a delay time reduced
by the time period of interrupt, and then, the audio is

converted 1Into an analog signal substantially in

synchronization with the utterance. If, for example, the



soon the audio is output fromthe speaker w thout tine
delay, and it is possible to obtain a conference

audi o system w thout an unconfortable feeling. Brief

Description of the Drawings Fig. 1 is a block diagram

show ng essential parts in an enbodinent of a

conference audi o system according to the present

invention. Figs. 2(A) to 2(C) are block diagrans

shkpaaiet hies dpervahi by ithd henelbpdstgnal, Fegthdugh) there

shows a standby state for utterance; Fig. 2(B) shows

a cstcatrs ek ateslay ahtler at uthe bagdenisgdef ediedit tandince,

Fig. 2(C) shows a state inmediately after silence is

detceut ele Fidfsr 13 ¢ajpand 3 bheapealeveivdtinotditaginerielay,

showing the operation in the enbodinent. Figs. 4(a)

t @0 At ate poaeéblealtodicdradms a seopbatenteyaskddni mystem

an exanple of the operation of an audio data storage

urittt oyt e e feRtable gfeslirga schematic di agram

showi ng an exanple of the operation of the audio data

storage unit in the enbodinent. Fig. 6 is a

conceptual dlaq%an1shOMAng an exanple of a

c M RP &l Bhe oY ERgF ng system Fig. 7
maveforn1d|a ram showing a delay in audio 9 in a

c&“ﬁiger endé &udi s@ﬁﬁrwgshgwaL%gaeééﬁaéaﬁ&aparts in an

d Iﬁ%&)&%?g%‘r&wé;&g Iaﬁ r& oe ¢ ec eo fauda}_ oC %gzvs?:rgatn{ %rg:aclo rcd%.rndgl ?:Sos the
present invention.

Figs. 2(A) to 2(C) are block diagrams showing the
operation in the embodiment: Fig. 2 (A) shows a standby state
for utterance; Fig. 2(B) shows a state immediately after
utterance is detected; and Fig. 2(C) shows a state
immediately after silence is detected.

Figs. 3(a) and 3(b) are waveform diagrams showing the
operation in the embodiment.

Figs. 4(a) to 4(c) are conceptual diagrams
sequentially showing an example of the operation of an audio
data storage unit in the embodiment.

Fig. 5 is a schematic diagram showing an example of
the operation of the audio data storage unit in the
embodiment .

Fig. 6 is a conceptual diagram showing an example of
a conventional wired audio conferencing system.

Fig. 7 is a waveform diagram showing a delay in audio



Description of Synmbols 31 CPU as a controller 32 audio
data storage unit 33 analog/digital converter 34

di gi tal /anal og converter 35 audio |evel detector
Description of the Preferred Enbodi nent An enbodi nment

of a conference audio system according to the present
invention will be described belowwith reference to

- the drawings. Fig. 1 shows essential parts in the
enbodi nentfafenide zodierengeedudi o system accordi ng

to the present invention, however, a m crophone which
is an éhgrafces camapdiuelsidiralrarasapeaker aphdtdmplse of
an outlet of an audio, an anmplifier provided before

t e aspyemkeriomi k. cordhees netdsbonnn§ehemat ngaklyytethe
constitutional parts shown in Fig. 1 are arranged in
accordance with each mcrophone. In Fig. 1, in
accordance with_ each m crophone, an anal og/di gital

c e igt 133 j&f a¥ymegks, which converts an audio
signal, which is an anal og signal converted by each

m crophéde, i REY ésdiagiqoélltrsﬁlg-@. The digital audio
10 signal converted by the anal og/digital converter 33
is inpdf to &uEéRt Agltapedesasiengindii t (hereinafter
referred_ to as "CPU') 31 in a mcroconputer 30. The
ni cr ocoRput er 2NPRCPY A9 1 ale s@noimBFaFemory (ROV), a

randon}ﬁccess-nennrﬁ (RAM , etc. , with the CPU 31
as a confrol | 81945alHanedrer gonverter
35 audio level detector

Description of the Preferred Embodiment

An embodiment of a conference audio system according
to the present invention will be described below with
reference to the drawings. Fig. 1 shows essential parts
in the embodiment of the conference audioc system according
to the present invention, however, a microphone which is
an entrance of an audio signal, a speaker which is an outlet
of an audio, an amplifier provided before the speaker, etc.,
are not shown schematically. The constitutional parts
shown in Fig. 1 are arranged in accordance with each
microphone.

In Fig. 1, in accordance with each microphone, an
analog/digital converter 33 is arranged, which converts an
audio signal, which i1s an analog signal converted by each

microphone, into a digital signal. The digital audio

10



conmponent. In the present enbodi nent, the RAMis used
as an audio data storage unit 32. The CPU 31 as a
controller <carries out the control to store the audio
data in the audio data storage unit 32 and the

control to read the audio data fromthe audi o data
storage unit 32. The digital audio data read fromthe
audi o data storage unit 32 is converted into an

arslopr laudonvsirgadl by thadi gid bbg adidh DgaTonvarketed4 33 is
and a speaker is driven by the anal og audi o signa
vilmpart tanpl céheraboprsbesniaghendt i (adteimanttdhe referred
audio is output fromthe speaker. Although not shown

i kcFiag. "CPU'e 3dnahog mignatompoheer3@d fhd e crocomputer
di gital/anal og converter 34 in each mcrophone is

i ipwtlude s Reraiderndy-tesoriyb €BOM) | e refhelcenee cdss-memory
Fig. 6 via, for exanple, a cable, or the anal og signal

i sl hpﬁ‘@ns@ittq-edWﬁtbntl‘m@Hidel 2s s siogialo ltlreansmi therceasral
described wth reference to Fig. 8 and received by the

r é&ERAseR e driityEhehpregeakeemppdimeatanphief RBY. i§01sed as
the mxer or receiver, audio signals froma nunber of
niceT §pRdRedater stPgAgesighal 32 or Thed CEUnALess mduingtred ler
by the audio signal are sent. However, in a state in
WA Le4hers Fle renhicdr BRcE- e onahe endinidatophonthe audio
there is no 11 transm ssion of the audio si gnal —

| iGHE STGRA0E BRiFath GndvabE ¢onERe! mx&reask Thecaidie data

- because of automatic nute. When_there is utterance
VT PRE LT BPRGrREOTHES Ultitormt | MR Gis Hebegsedata

g}{r&%% ’%lxjcfo?ngnﬁ%ieg@gﬁjgs’c[agtlrf?s y r&dq%\éiy%?tagg }.Qecoanuxgeiroted into
an analog audio signal by a digital/analog converter 34 and
a speaker 1is driven by the analog audio signal via an
amplifier not shown schematically and the audio is ocutput
from the speaker.

Although not shown in Fig. 1, the analog signél
converted by the digital/analog converter 34 in each
microphone is input to the mixer as described with reference
to Fig. 6 via, for example, a cable, or the analog signal
is transmitted from the cordless signal transmitter as
described with reference to Fig. 8 and received by the
receiver to drive the speaker via the amplifier. To the
mixer or receiver, audio signals from a number of
microphones, or light signals or radio waves modulated by
the audio signal are sent. However, in a state in which

there is no utterance toward the microphone, there is no

11



Is sent to the m xer or receiver, and the audio signa
or denodul ated audio signal is output fromthe
speaker. The enbodi nent of the present invention is
characterized by the audio data storage unit 32 and

the control of the audio data storage unit by the CPU
31 as s controller. The configuration and operation
of the characteristic parts are described bel ow. Fig.

2(tAjarsdravss i@ o fragee Qfudt stainghyl stiatghd aigider ¥ceadio
by the audio | evel detector. The audio |evel detector

detzact sauttthey anicesoOror sidoaice: Keperlidy oh alieinkeri Omute.
not the level of the digital audio signal picked up
byhdre rihenephdse ahdeeanver t edwhyd ttiee anal @gighi@id al the
converter 33 exceeds a predetermned |evel, that is,

a auiraestiol o matel 1derdbtestdrbit sel huitemat iveutinawlcase

technique. In Fig. 2(A), the block denoted by

" getveictd amabfthe taex@tcalgm]neslp@ms tigrail audi aaddvelwave
detector 35. The audio | evel detector 35 detects the
Ié@eﬁen@ftphéhéi@iﬁat atdiecsiygenl and Shorssiiheignal or
%pltal audio signal in the audio data storage unit

Srein iated eviedio exkgralt iheovhpeshbrdm The apdrer.
dat a storage unit 32 uses a nenory with a fixed .

amount Gfecapfderedinent heofor ibsf Present andnapwagen is

increnments the menory address regardless 12 of the
@P@éﬁ%w%%é@s@u@% ¥ bo sdefagetanpee paist Agr and the

mords Hﬁe di audi o data is stored sequentlalhy
FOB&? Rdrcd: a&ﬁlaOréwtﬁt?*éﬁragﬁeueéﬁtbmtlw GHe 31 as s

carrl out by the controller 31. Fig. 2
(g)on% of OB FOMTE T o dPRde] gPRFEEFON OF the
characteristic parts are described below. Fig. 2(A) shows
an image of a standby state for utterance by the audio level
detector. The audio level detector detects utterance or
silence depending on whether or not the level of the digital
audio signal picked up by the microphone and converted by
the analog/digital converter 33 exceeds a predetermined
level, that is, a threshold, and the detector itself is a
well~known technique. In Fig. 2(A), the block denoted by
"detection of utterance" corresponds to an audio level
detector 35. The audio level detector 35 detects the level
of the digital audio signal and stores the digital audio
signal in the audio data storage unit 32 when the level
exceeds the threshold. The audio data storage unit 32 uses

a memory with a fixed amount of capacity in the form of a

ring and always increments the memory address regardless
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the audio | evel detector 35 detects utterance. When
the audio |evel detector 35 detects utterance, the
controller 31 sequentially wites the digital audio
data in the audio data storage unit 32. Further, the

controller 31 causes the digital audio data to be
read sequentially fromthe audio data storage unit 32
with a predeternmined tinme delayed fromthe point of

t iofe tfe thtedétiont bpntind autdier alece steragexanpte, Df other
about 100 to 200 nms, which will occur inevitably. As
awala 4 themdigutal agdio déaea duwds bodat & estumnage 1ini Ln each
32 and the reading fromthe audio data storage unit
32dresgandi v oliten. t Mhesaoptrbdmf theFiegod {B)carried
the audio data stored in the audio data storage unit
32Ut e epprlardyler pdst audi 0", however, the

wor di ng " past"” used here neans "immediately before"

and t heféffor é (Bheshms praimpee peanstatheimnetiately after
ir;'%(dji ately before the data is read. In this manner,

i iSHBIY el dsteding 031 drtie el attirrare detiders the
the utterance, the audio is output fromthe speaker
WP fieXEd BRRECleray> FREERTE Wper maneRy ridife Comffeoller
azﬂio | evel, tector 35 is ready to detect silence. _
| 7t RE GGV 2oper ¥F-bRSnblye, difvelrp } e dHivifg treveIthe audio

deﬁlt ecct or. 35 detects silence, the controller 31 stops

t FE T I RHAIHENT tife addir & Gdra theocagé redile 3 lacauses

t hat int_ of _ti , .h ) th di f

{ At i £ UG HIR LT P27 POOCSREPROBLERLY, T5OR) the
t hi ti L , [ f ti of

s e B R o vet % bk fer BErRAG=aBEC e andaved

a%rto%tth%f ppﬁ%@t Bkngirﬁgdo}; hcehé Ic{'traacection of utterance, for

example, of about 100 to 200 ms, which will occur inevitably.

As a result, the writing to the audio data storage unit 32
and the reading from the audio data storage unit 32 are
carried out at the same time. In Fig. 2(B), the audio data
stored in the audio data storage unit 32 is represented by
"past audio", however, the wording "past" used here means
"immediately before" and therefore the "past audio" means
the audio immediately before the data is read. In this
manner, immediately after the audio level detector 35
detects the utterance, the audio is output from the speaker
with a fixed time delay. 1In this operation mode, the audio
level detector 35 is ready to detect silence.

In the above operation mode, when the audio level

detector 35 detects silence, the controller 31 stops the

13



required for the audio | evel detector 35 to detect
utterance again is shorter than the fixed tinme of
about 100 to 200 ns, the controller 31 causes the
reading to continue. As a result, at this point of

tinme, the tine delay of the audio output fromthe
speaker is shortened by the tinme period corresponding
to the above silent tine. Wien the audio |evel

deteictiorg 3 dakeshdisi densesthieadd Ui BENROr8hNt point of
interrupt of audio again, the controller 31 stops the

wtiineng howeheraudiaasdat atisé oragdiugi tfrdh foye¥adio data
causes the reading fromthe audio data storage unit

3z ttarapmtinhiued2 tdhemt iatud he miaj .n2 (Of shicwes vhes ddveration.
audi o | evel detector 35 detects utterance again, the
t iWrerdehaypesibdratheimeshbrd Ehedcdyl st Aecdnipwr petvolly brief
corresponding to the above silent tinme and then the
auvdime | abowt ptihef semet hes speakerf PiwthExignuamdakbe time
of the tine delay to be shortened is the
prrEdptiared fed thereudficabeirel ded ecdo2085 e det elet watitleednce
- above, however, when the total of the tine delays to
b@EHaY tiehed of@rertdlan iths Tiswdbdslnchefakpoat 100 to 200
predetermned time, there is no time delay afterward
a1t FEreFené roRd egudilocryseat phe readimg heo sputidarué n As
real tipe. Wen the first silent time is the sane as
t ReTBPBdEY et hithdd PPABLPE Itdmfor thRaninbglelaviafitiee audio
audio is output fromthe speaker in real time .
i AYEdR dRPrarths $eRakeri s shartesedi §y shehswme period
i mages of the operation in the_enbodinent. Figs. 3(a) _.
alff BFEHP 4 HeP ope? at PBKCWSEhenEn tdignpl Bhep Zhe audio
aydi_o .si gnal wavef or Fig. 3(a) shows an
lievel c?etector gg g‘etec 5 s(il)ence due to the temporary
interrupt of audio again, the controller 31 stops the
writing to the audio data storage unit 32, however, causes
the reading from the audio data storage unit 32 to continue.
Then, at the point of time when the audio level detector
35 detects utterance again, the time delay is further
shortened by‘ the time period corresponding to the above
silent time and then the audioc is output from the speaker.
The maximum value of the time delay to be shortened is the
predetermined time of about 100 to 200 ms as described above,
however, when the total of the time delays to be shortened
several times reaches the above predetermined time, there
is no time delay afterward and therefore the audio is output
from_ the speaker in real time. When the first silent time

is the same as the predetermined time or longer than that,
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anal og audi o signal converted by a m crophone; and
Fig. 3 (b) shows an audio signal that is read from
the audio data storage unit, converted into an anal og
signal, and output froma speaker. As shown in Fig.

3(a), the utterance or silence of the anal og audio
signal converted in the mcrophone is detected by the
audi o |l evel detector depending on whether or not the
prigdet enmiimedishrestioht Stroms wxceededkeAt the real time
begi nni ng of utterance, the audio is output fromthe
spealesiiatiahy cafied mytloft At from the anal og audio

signal converted in the mcrophone. Fig. 4 (a) shows

an i mgé&'igf. BHe)atdi Bidat & showapeayws toAtthdicodria®,on in
showng that the reading is carried out with a del ay
cdrireespbadingntt o Fhes cdapaci aydd (biesboy ther opspandongrith
to 4t1 of the I|imted anobunt of nenory capacity. Wen

t P8 &HAIed candi an syt sdamedy wedeiforitheFigi. cB ¢phosteows an
is interrupted tenporarily and Ql, the period of
sianenod preiats iwial copweritedshy et cx dpinone ;. anteFig s (b)
del.ay is shortened by Atl and the audio is output from

t ROOYsh etk et U @ hs A9PpAe tdaltayl T oread pbreingheoandio data
Ltl (refer to Fig. 4&%&? .. Wen the anal og audio

SIS S0 Mt e §ORN S 5 ANEPopRomRa ] eJ tkgivr b iand output
interrupted again and At2, 15 the period of silent

t iTFEThE He@ XS Tre, AFs ShEigednt B -AB (&)  Athe uttemeece or
words, Atl + At2 is lgnger than At, there is no tine

dS Ay HHS ePhartd'® afB3RE atldf a0 sisgsia lcorverEEEed nin the
the m crophone is o tp%t fromthlgl' speaker in real tine
(F&c&op( ne 9_154(E1?¥ec ed by the 'audioc level detector

depending on whether or not the predetermined threshold SL
is exceeded. At the beginning of utterance, the audio is
output from the speaker with a delay of At from the znalog
audio signal converted in the microphone. Fig. 4(a) shows
an image of the audio data storage unit at this time, showing
that the reading is carried out with a delay corresponding
to the capacity of memory corresponding to Atl of the
limited amount of memory capacity.

When the analog audio signal converted in the
microphone is interrupted temporarily and Atl, the period
of silent time at this time, is shorter than At, the time
delay is shortened by Atl-and the audio is output from the
speaker with a time delay corresponding to At - Atl (refer
to Fig. 4(b)). When the analog audio signal converted in

the microphone is temporarily interrupted again and At2,
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Fig. 5 is a conceptual diagram show ng an exanpl e of
the operation of witing and reading by the audi o data
storage unit 32. The audio data storage unit 32 has
addresses fromO to n. It is assuned that digital

audio data, such as "A', "B", "C', "D', "E', . ,
converted into an electric signal in the m crophone

and converted by the analog/digital converter, are

wrilie gredind ke eidentofinkeatadHl essefe, Theronged than At
limt to the nunber of addresses of the audio data :
stordde umi btB2ramdralsensaidirostat Bs Arengsecigdedtyp there
to the last address n, the order returns to the first

i g he fomenddflay rd e and-d hamhtacaned t e iapetll Widnverted
new data fromaddress O 1, 2, - . \Wen the audio

| évelthedatiesophodet st sutpuér dnoe, the $peskertire real time
controller specifies the pointer of the audio data
stioreds it tFi32- vl (@) ) a del ay of the addresses

corr espondi ng to the time delay At as described

ear | i er F18nd°reads coieaditgiaiakdiagdien dhouing| antdmemple of
exanple in Fig. 5 when "E'" is witten to the address
4,thenoRer 3O daF e¥E 1T 1REI Biéh Radiad iy thanaugioj slata
read. Wien the audio |evel detector detects a

t SHERES $Rtende. tHeeresdigdotass pSopagencuriey 88 has
the wite address by the _ampunt of addresses .
cGYESFHTR FF I & H geri 3§ éF espemed fhat fdgdtgl audio
ther{ﬂzhe rgad agddress jatches with the wite address

a eSPERIPRg 4's’ catri ed oul Di'm rRal 1. comyerted into
descri beg above, accordj to the enbodi ment shown

s EheratCL&rcy STPRE elacjeﬂgsmﬂacwm%ma@%dtﬁﬂrwe%w by the

erated e
gf%dnll?ﬁto I gﬁl_g%%tpa% cforn%rgrttheer,s%?r%k%%i%ttetnhgnstt:getofc%rtof the

addresses. There is a limit to the number of addresses of
the audio data storage unit 32 and when audio data are
recorded up to the last address n, the order returns to the
first in the form of a ring and the data are replaced with
new data from address 6, 1, 2, +++. When the audio level
detector detects utterance, at first, the controller
specifies the pointer of the audio data storage unit 32 with
a delay of the addresses corresponding to the time delay
At as described earlier, and reads the digital audio data.
In the example in Fig. 5, when "E" is written to the address
4, "A" in the address 1 written At earlier than "E" is read.
When the audio level detector detects a temporary silence,
the read address is put nearer to the write address by the

amount of addresses corresponding to the period of silent
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however, each tine an instantaneous silent state
occurs, the tinme delay is shortened and then the tine
delay is elimnated, and therefore, it is possible to
prevent an unconfortable feeling from occurring,

whi ch woul d occur 1n a conventional audio
conferenci ng system having an automatic nute rel ease
device, and to obtain a conference audio systemin

Whiigle aarseeBBnCahder&agi hdreakd it crild epfeRSthe write
Industrial Applicability A digital/analog converter

t hald ey erds teadreading dat 8zt ht 8dapuanahogeauditdme,
signal can constitute a conference audio system by

drivi ngaa 6@@@k£]ﬁedﬁa&ibdd,8a@&@h@@n?%%hbe&nb@&ilﬁ@ﬁt shown
and, the anal og-converted output of the

disgitteal o/ tairad Ioigy € aitverrd escears be 4inputddia  egaiderishe audio
conmuni cati on devi ces, and ot her devices for
r ecopdipgt frommihe cakiadrer etcchd 3tGkAl Moint.oAutterance,
conference audi o systemconprising: a plurality of
mhewspttone sacan tdmad @gY dingittaalt aceover tsdrl exonedratiengcamrs,
audio signal fromeach m crophone into a digital
sitdwaltime deibidy Levehodérastorardbttdotn nghet témandelay is
sil ence dependi ng on whether or not the level of the
cGhi&itredafl giand Shepaforscettisia predébéenitpegrevent an
| evel ; an audio data storage unit tenporarily storing
t Facagifgintabls geall iwe Enonecoryiaspondiing wonédaweeur in
is
a conventional audio conferencing system having an
automatic mute release device, and to obtain a conference
audio system in which a speech can be easily heard by

attendees.

Industrial Applicability

A digital/analog converter that converts read audio
data into an analog audio signal can constitute a conference
audio systemby driving a speaker with its analog-converted
output, and, the analog-converted output of the
digital/analog converter can be input to recorders,
communication devices, and other devices for recording,

communication, etc.
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detected by the audio | evel detector and the

anal og/digital converter converts; a controller
controlling the storage of audio data to the audio
data storage unit and the reading of the stored audio

data; and a digital/anal og converter converting the
read audio data into an anal og audi o signal, wherein
the controller hastens read timng of the audio data
in accordance with a tinme pgreg of silent portion
when the audi o | evel detector detects S|Ience in

series af thepaudh@ediide Zudiff SHHSL i rg;
system according to claim 1, wherein the audlo at a

st or age aupiltu rst1Aes dAShi cwshrondlat a by a
predet erm ned anmount while updating the audio data by

using aamen@iylod/aifoealofecanvdier 18chvetteng an audio
conference audi o system according to claim 1, wherein

t Ind candl oy gid @t morwephesie iheoasddogikavekignal;
detector, the audio data storage unit, the controller,
and t headi gatdl banadwgl correrdter adetactangedutterance or
accordance wth each m crophone. 4. The conference
agdilersyest @apandondi my twhethem ok, wder ehe theveludob the
signal output fromthe mcrophone side is transmtted
tcaavestaidaetigitah sbhyukbsexsegral a predetermined level;
an audio data storage unit temporarily storing the
digital signal which the corresponding utterance is
detected by the audio level detector and the analog/digital
converter converts;

a controller controlling the storage of audio data
to the audio data storage unit and the reading of the stored
audio data; and

a digital/analog converter converting the read audio
data into an analog audio signal,

wherein the controller hastens read timing of the
audio data in accordance with a time period of silent
portion when the audio level detector detects silence in

a series of the audio data.

2. The conference audio system according to claim
wherein the audio data storage unit stores past audio

data by a predetermined amount while updating the audio data

by using a memory in a form of a ring.
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transmtter and a speaker is driven by the audio
signal received by the receiver. 5. The conference
audi o system according to claim 1, wherein the
control |l er keeps a m crophone in an on state after

the m.crophone for which the audio | evel detector
detects utterance is turned on, until the detection
of silence by the audio | evel detector continues for

a predeBerm nedetdtdBr PLEAOE a i TR seRRf 8EEHEQIAY A Pclaim
system according to claim 4, wherein the cordl eSs
silgnal transmtter and the receiver are a transmtter

and a receiver using infrared Ilight. 19
wherein the analog/digital converter, the audio

level detector, the audio data storage unit, the controller,
and the digital/analog converter are arranged in accordance
with each microphone.

4. The conference audio system according to claim
1,

wherein the audio signal output from the microphone
side is transmitted to a receiver via a cordless signal
transmitter and a speaker is driven by the audio signal
received by the receiver.

5. The conference audio system according to claim

wherein the controllier keeps a microphone in an on
state after the microphone for which the audio level
detector detects utterance is turned on, until the
detection of silence by the audio level detector continues
for a predetermined time period.

6. The conference audio system according to claim
4,

wherein the cordless signal transmitter and the

receiver are a transmitter and a receilver using infrared

light.
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