CONFERENCE AUDIO SYSTEM Technical Field The present invention
relates to a conference audio system and, more particularly, to a
conference audio system capable of avoiding front-end-clipping of
delayed speech in a cordless audio conferencing system using infrared
light. Background 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 conferenced{alll's& Bt Ehé Spaaketsdikte¥ance can be heard
by all attendees. In such a conference that uses a conference audio
system, many microphones are used. If many microphones are being

tuf%ecqlgqgg heﬁa&%time, that is, in an active state, audios picked up by
these microphones are amplified and output from the speaker, and

therefore,Taudiosotlerdhan-thoss; ehthe-speaker are heard, 8 pISES audio

and the audio of the speaker cannot be heard clearly. In addition, a howl
becomesinorg, |likely tomecurl Betauie pftthis, asysterahas beeh widelyten
used, in which an attendee turns on a microphone switch at hand when

ERPYR Stetdmeie Bhdnaristom theeswitchldfier eomplétinipiryed speech

statement. 1 Gﬁ% 6 shows a concept of the system. , ,
In a cordless audlc conferencing system using infrared

light.

Background Art

When a conference attended by many persons is held,
a conference audio system ié used, in which speaker's
utterance is picked up by a microphone, amplified by an
amplifier, and output freom a speaker in a conference hall
so that the speaker's utterance can be heard by all
attendees. In such a conference that uses a 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 audio 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.



In Fig. 6, on a table 1 in a conference hall, many microphones 11, 12, ,
and in are arranged erectly on microphone stands 21, 22, and 2n. There
are cases where each person uses each microphone and where two or
more persons share one microphone. The microphone stands 21, 22, ,
and 2n are each provided with a switch with which each microphone is
turned on or off by the operation of an attendee. Audio signals from a
mﬂgghoge at has been turned on by the switch operation are input to

a miner 2° and e aldioSIGTAIS nixed M&h& WTikEr2 are amplified by an
amplifier 3;ang-ihe aydiog are outpit toward the %%%{Pee%&{m@ﬁaléib many

speaker 4 installéd in the conference hall. According to the agove au

sysierpotbemeecurs p time delay, framavhen an-attendeg.yitersdintibthey on
audio is converted into a signal in the microphone, mixed in the mixer 2,

amplifieebyothe snplifies 32and 8dtput from thedspsaker BhEige 7:showsases
the time delay. A waveform a represented by the solid line shows an

alteHefeR § HRtErafde SYHEEME Al ORI FRipRedBAIEER BY thE WMo re

INeSIION, A Audlo Siana TOMDE SREAKCR A AS SRONRANED- ¢ (NS 51,
occurs a time delay At between the waveform a an € “waveiorm %

However, in a:wired systemasshoyw.iniigq 6, 4n which fhe mictophpne: ; o,
is turned on/off by manual operation, the time delay At is about 10 ms
arch tiere ivilt carfserno Auditanyrprablemdecafisetherais npavditardy: 2f an
attendee. Audic signals from a microphone that has been
turned on by the switch operation are input to a mixer 2
and the audio signals mixed in the mixer 2 are amplified
by an amplifier 3 and the audios are output toward the
attendees froma speaker 4 installed in the conference hall.
According to the above audio 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



uncomfortable feeling. However, in the wired audio system as described
above, it is necessary to connect all of the microphones with the mixer 2
by cables, and therefore, many cables are laid and it will be troublesome
to handle the cables physically and to put them in order, and further, it will
also be troublesome to identify the correspondence relationship between
microphones and cables. The installation cost also becomes high.
Because gf this, a conference audio system of cordless type as shown in

Fi‘é.n§?§f“ l%ﬁ%@g&.ﬁnfﬁﬁ.lé‘,riﬁe microphones 11, 12, , and In stand
respectlvq%g_g vk ’rOBlJ %@leejss%g}%s%g % U_g%a’ﬁzggss@e%%cse % OQ Cif:lg'?_ %)%b eébo ve,

Each of the microphone stan N iNncorporates a

transmisteransktsansmits anaudie-sighal converted inthg misrophopet +he

a receiver 5. This transmission/reception system may be an optical
conpinication systémsthas nides iafraréd tight stenyorca communicdtiond and
system that uses radio waves. The receiver 5 demodulates the received
sighaliihto-aRaddie SiRrang tHe hapide 3ampirebehemieyrddiadtel and

signal, and thus_the audio is.output from t?hes eaker 4 jnstalled in the
cogn%ergr%e r:%h?glwalr the atteheed On %rtgﬂthanﬂFin 2sVtemifc Pe

which:aim ar/gif swilchiig altached 1g.each micraphane.and.an aendeg ., .
needs to operate this switch, it may be troublesome to operate
between microphones and cables. The installation cost
also becomes high.

Because of this, a conference audio system of cordless

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

microphones 11, 12, ---, and 1In stand respectively on
microphone stands 31, 32, +--, and 3n placed on the takle.
Fach of the microphone stands 31, 32, -:--, and 3n

incorporates a transmitter and transmits an audio signal
converted in the microphone to a receiver 5. This
transmission/reception system may Dbe 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



3 the switch and there may be a case where the attendee forgets to turn
on the switch when making a statement or to turn off after his/her
statement. Because of this, a conference audio system equipped with an
automatic mute release device is proposed. In this system, an audio level
detector is provided, which detects utterance or silence depending on
whether or not the output level of each microphone exceeds a
prgggtgrmipegl Ian I,tz-}lndrnormal , the micro!?%one islﬁ)ut in an off state,

audlio® Btettor SWhehdetscting = 98¢

that'is, |H%\“§ate of mute;, gﬁnoat}ﬂe audio®@ve

utierapge. UM e ihes micrapheRenthat is; the mule isrelegased. The

automatic mute release device can also be applied to a wired system
shoihart £ég-Gand acordiess system shewadmEigo8. #has elgreemadrence
technique of an automatic mute release device, an audio level picked up

byr 8 fhiereptediran is detanted ardtivhen thetaueic levelibezomés egeatitovice
or, exceeds aﬁgredetermined threshold level (hereinafter, referred to as a

"thresRoF) edaud%nsiﬁﬁélscﬂéﬁ_@a“in?ﬁe AErbPhoRE & ufiféPaioT 1
Hpweyar; such an.elementary. technique of an %Utom%cn@gt%rég%%%%ng on

device has a problem in that it takes time from when voice utté
eriees: ther aierephone unflapaudio-signalis WEned AN caRGINSHIME: ceads

delay at shown in Fig. 7 is about 100 to 200 ms and the beginning of
speettedry<deaidseAs a vedhniguel to elininate sucheatimerdelayrae is put
nﬁﬁpg% off state, that is, in a state of mute, and the audio
level detector, when detecting utterance, turns on the
microphone, that is, the mute is released. The automatic
mute release device can also be applied to a wired systenm
shown in Fig € and a cordless system shown in Fig. 8.
In an elementary technique of an automatic mute
reiease device, an audio level picked up by a microphohe
is detected and when the audio level becomes equal to or
exceeds a predetermined threshold level (hereinafter,
referred to as a "threshold"ﬁ, the audio signal converted
in themicrophone 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 techniqgue to eliminate such a time delay, amethod

of automatically detecting beginning of speech is proposed,



of automatically detecting beginning of speech is proposed, 4 in which

when an analog audio signal level from a microphone is equal to or

greater than a threshold, a voice switch is turned on and while the voice
switch is on, a digital recording circuit is activated and at the same time,

the analog audio signal is input to a digital recording circuit for digital
recording with a delay by a delay circuit corresponding to the maximum
operation delay time when the voice switch is switched from the off-state
toagi-%lktl&tg fg% %?a%%lpﬁa?%;%? to alté)n?gjgaﬁie ‘F?ij?grﬁé AP pti&tiohgphone

the deghnigue dessyib, géa%e%%czmsﬂ&ﬂe%@favf%ey8§c%ugwitch is

system will result in always causing a fixed time delay between when
vdicerntterance ismpicket 1pebyta anicophenesand when she-aydigisg: gital
output from a speaker. Owing to this, there is no problem relating to the

l0%§ B HegiHhing 8Fspdechs HovelVes isinteabothatie Words atered me, the

directly by the speaker him/herself and the words of his/her own output .

rEMANE S AR EP CEIAYRR b e hodt e 1 Sad e e SpEakeL

wildiavg ao:uncomiarialie fgling, Further since thete is a disarepancy .,
- % i3 of e Spdaker amd ™

with respect to time between the movement o ip eran

also have an uncomfortable feeling. As described above, the time delay is
aliaisalsout 100 tc 200 hts) add theretdre, dtfi desied toselue $histe (for
pgﬁgﬁgle, refer to Patent document 1). The application of
thetechniquedescfib@din?atentdocument11x>aconference
audio system will result in always causing a fixed time
delay between 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 is 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 prokliem

technically.

A recording device based on the same concept as that



technically. A recording device based on the same concept as that 5 of
the invention described in Patent document 1 is also known, which uses a
tape recorder by an endless tape in place of a digital recording circuit (for
example, refer to Patent document 2). The application of the invention
described in Patent document 2 to a conference audio system will also
result in the same problem as that encountered when the invention

deseripgd in Ratsnt dggument-1 is.app '5‘?8' o 2, conrerence audio EVS%% Malso

Further, an audio communication recording device is proposed, in ' which

an-audio signabinpus o aapierophoneldsoopvaited inte adigitaksignah - co
and when the quantity of data stored in an FIFO buffer reaches a
prefiéetinindd: buantivy, dfithere is no audié sigpalz theldgtaris discarded t ent
and if there is an audio signal, the data is stored in the buffer or

rQRSHRER (retér to Eﬁﬁen‘?%%&fﬂ@ﬁf@ﬁ ThHE W@pﬁ@ﬁ’ gesdripeddpscribed
Patens ooy 3 siaes alits possile torealzanatiel Ly,

conversation because a delay "time between w

recgived:andwhenthes audig s heard isshor, Howexer, whepthe 1 on +he

invention described in Patent document 3 is applied to a conference
addivesystenn, ifitheaudicesighal Bdntentptec-anckitis determiped that to a
there is no audio signal, the audio data stored in the buffer is discarded,
ar@WHRRSNIS Yetetfhied ystem.

Further, an audio communication recording device is
proposed, in which an audio signal input from a microphone
is converted into a digital signal and when the gquantity
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 cr 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
audioc 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 audioc signal next time, the audio signal
is stored sequentially from scratch and read out in order,

and therefore, the effect to eliminate the delay in audio



that there is an audio signal next time, the audio signal is stored
sequentially from scratch and read out in order, and therefore, the effect
to eliminate the delay in audio 6 cannot be expected. Patent document 1
Japanese Unexamined Patent Application Publication No. 60-163250
Patept-doedment-dapanese Unexamined Utility Model Application
Publication No. 60-142805 Patent document 3 Japanese Unexamined

Patent Appii€ation PUBHERRONT No. 8-265337 5itlosur Bithe Hfivention =50t

Theembodimants obtheqeresent inventiom-seekitooeliminate the problems

of the prior art as described abgve, and_seek to provide a copference

audio systém CapabieBFElimirfating &AW GicomiBrable féaling by reducing- ="
thepdelay stimerbebween the: tutterance tewarndia aiérophone and the

output of the audio from a speaker_even in a system including an
automatic:?r%f’ﬁélq%eIeaé)%cdltlar{/efg:%gE thatBaut(;}n?gt?éla%@etumg %%Xgqu%/n%% Fatent
niigrophone that Haspicked upthélaudio-wiiersthe audio is uttered. In
accordance with a first aspect of the present invention there is provided a
conference audio system comprising a plurality of microphones; an
andlegldigitale cofiverter Eomeettingran audio signal from each microphone

into-a digiial signal, an audiq level defgglor defecting UteranGe on  seex  to
eliminate the problems of the prior art as described above, and
seek toc provide a conference audic system capable of
eliminating an uncomfortable feeling by reducing the delay
time between the utterance toward a microphone and the output
of the audic 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.

In accordance with a first aspect of the present
inventicn there 1s provided a conference audic system
comprising a plurality of microphones; an analog/digital
converter converting an audio signal from each microphone into
a digital signal, an audic level detector detecting utterance
or silence depending on whether or not the level of the
converted digital signal exceeds 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



or silence depending on whether or not the level of the converted digital
signal exceeds 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 7 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

alidi® sigRae wWheeid e ontrGIdTEontrdls re&@ YHRING6f the*audicdatac e~

Inaggardancejwith-a seeeadaspect ofithe inventien, tthere.ds proviges atorage
conference audio system comprising: a_ plurality of microphones; an

aN&IoG/digital comertdr> EaHvertint an tidio SigHaFror Each mﬁiélroapfhonaéld &
intg g1 digital signal; anvaudierleveldetestar deteating vterangedicsileace into
depending on whether or not the level of the converted digital sé%n I

et et Bretitermied fovel"AIT Atdlb dats sforhge Un efempé\‘r%a?i?);L s read

steringrtbe shigitalsignal whithcthe corresponding utterance is detected by

the audio level deéector and 1&9 analog(/:%iﬁi%al converter cgn\{erts; a
i0oda

controllef contraifing the'stdrage of adidi ato the audio dapaestépa%eentlon '

unihand: thesreadingi ofzthe stared faudio data) anda digtakanalogorising: a
C%ngggﬁg%gyeg?gtggcrophones; an analog/digital converter
converting an audio signal from each microphone into a
digital signal; an audio level detector detecting
utterance or silence depending on whether or not the
level of the <converted digital signal exceesds a
predetermined level; an audio data storage unit
temporarily storing the digital signal which the
corresponding utterance 1is 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

audioc level detector detects silence in a series of the

audio data.



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. 8 According to the embodiments of the present invention,
when a word is uttered toward a microphone, the audio level detector
detects the utterance and the audio data storage unit stores audio data

picked up by the microphone and converted digta!cl%. The %toé%q a%}igemion
data iSYeHFGrasr the confrol Bt ihe dntroller Shvéfted hto '

nd cohv an
analog signakqlf the witesance towasd the: midropbpheiis intefngpteddic level
temporarily due to breathing etc., the audl%gevel detec or do(;::jtgrmlsmgﬁl € nit

sGifé &S Senc@ERd astehs e Fead imitg of the audio data by the time
petiegcorresponslingiathe sifentktime. A a result, abthe beginmingofe  and
the utterance, the audio_is conyerted.into an ar(llalog sggnal »\gitr}gag{elaﬁ -

: . t g 18 I der the
frERTIRETnGE p%ﬁ%t%}aggtéranggkfﬁo?vec\)/%? when the Utierance is _
interrupted tempatariynthecaldio isttonverteeihte ahnbnakoy sighaPwithiianal.
a d?'agﬁ'me&%[%%Cfgn%th%%%%“%%f intexrupt,and.then, the audio. pr e
isconvélted ihté an-ana og signal substantially in synchronization with the
utterarce:rif, for éxampte, the=8aspenket:is. drivéRcy e dhaleyj signaletector
a@@%%%%égggathe state as silence and hastens the read timing of

the audio data by the time period corresponding to the silent
time. As a result, at the beginning of the utterance, the audio 1is
converted into an analog signal with a delay from the time
point of utterance, however, when the utterance is
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 into an analog

signal substantially in synchronization with the utterance.

1f, for example, the

Ba



occurs a time delay only at the beginning of the utterance, soon the audio
is output from the speaker without time delay, and it is possible to obtain
a conference audio system without an uncomfortable feeling. Brief
Description of the Drawings Fig. 1 is a block diagram showing essential
parts in an embodiment of a conference audio system according to the
present invention. Figs. 2(A) to 2(C) are block diagrams showing the

opgration.ip the embpgiment: Figy.2 (A) Shpws astapdhy state faf, . there

utterance; Fig. 2(B) shows a state immediate y after utterance Is

deleeiedsand:Rige2(c) sSRows astate cimmediately after silepge istterance,
detected. Figs. 3 (a) and 3 (b) are waveform diagrams showing the
operatioh i tha @hthadimenty Figs. Afa) 1o 4(cpaeiconcepthal Wiagiamsde lay,
sequentially showing an example of the operation of an audio data
stBFdge thit 1P tRETRBEIMent Fig 544 a sthémahe ariyrem BhBhingam ten
ex‘,\gmt%%gg the 0851@&9?:9&% 3udi%éﬂgﬁ%torage unit in the
em%odlment.‘ﬁg. IS a concep ual diagram s%bwing an example of a
conventional wired audio conferencing system. Fig. 7 is a waveform
diagram showing a delay in audio 9 in a conference audio system.

Brief Description of the Drawings

Fig. 1 is a bklock diagram showing essential parts in an
embodiment ¢f a conference audio system according to the
present invention.

Figs. 2(&) 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 1s 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 examnple 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



Fig. 8 is a conceptual diagram showing an example of a conventional
cordless audio conferencing system. Description of Symbols 31 CPU as a
controller 32 audio data storage unit 33 analog/digital converter 34
digital/analog converter 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
coRferené@adidivsystem agésrditigs toethe present invention, however, a
microphone which is an entrance of an audio signal, a speaker which is

an outlet Of-&h atidid’, 4n SARSIFBE Blovided BéTere e ¥pesker etampd & of
not s ) ically. The constitutional parts shown in Fig. 1 are
a?%an%%%{{%r?srgggg}g%%cg (\i/)ﬁt Eeea%:”rg'u %ﬁiléﬁrcljﬁhc)ér)%? ‘?ﬁ?’ ]Eelagn.i??r?acg Tdance

with each microphone, an analog/digital converter 33 is arranged, which
converts an audio signal, which is an analog signal converted by each
migesphohe} inte adigitaysignak The digital audio 10 signal converted by

the analog/digital converter 33 is input to a central processing unit

(hereinaftet: referfefl’ as a contreller

32 audic data storage unit
33 analeg/digital converter
34 digital/analcog converter
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 audio system according
to the present invention, however, a microphone which is
an entrance of an audio signal, a speaker which is an ocutlet
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
analeg/digital converter 33 is arranged, which converts an
audic signal, which is an analog signal converted by each

microphone, into a digital signal. The digital audio

10



to as "CPU") 31 in a microcomputer 30. The microcomputer includes a
read-only-memory (ROM) , a random-access-memory (RAM), etc., with
the CPU 31 as a controller as the central component. In the present
embodiment, the RAM is 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 from
the audig data storage unit 32. The digital audio data read from the audio

dah Bi6rhgé ORiY 33 1€ domieriedintd & aAd84 aliBrlsigrarsyaer 33 is

digital g converter. 34 and a speaker is driven by the analog audi
oSl a0 et 2t S Soh el A3 Hoe Sam Te bulbihe=ed

frem the speakern, Ajthoughungt shawn,indtig<b the andle@ signal computer

converted by the digital/analog converter 34 in each microphone is input
toithe Imidersas desetibed Withrreferegce RIOMBIQ. 6 ianfosexamples @-memory
cable, or the analog signal is transmitted from the cordless signal

trafdfitter a5 deserited With fErehca o Fig @ane idceived byhthecentral

receiver to drive the speaker via the amplifier, To the mixer or receiver,

adai0Righafrom'& nuTh&r st fHicropREREE- BR iight SigRaRdf radigrsed as

waves modylated by the audio signakare senf, However, ina stateip, 11,

which there is no utterance toward the microphone, there is no 11

traasmpissioafitheraudinsignal Jighisignalreeraqigio data in the audio
data storage unit 32 and the control to read the audio data
from the audio data storage unit 32. Thedigital audio data
read from the audio data storage unit 32 is converted into
an analog audio signal by a digital/analog converter 34 and
a speaker is driven by the analog audio signal via an
amplifier not shown schematically and the audio is output
from the speaker.

Although not shown in Fig. 1, the analog signal
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 vrecelver, audic 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



wave to the mixer or receiver because of automatic mute. When there is
utterance toward the microphone, the automatic mute is released by an
automatic mute release device and the audio signal, light signal, or radio
wave is sent to the mixer or receiver, and the audio signal or

demodulated audio signal is output from the speaker. The embodiment 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

controReR Thelconfiybrdtioh antfoperation ot thel tahfactdristie partsrareadio

descrigeg b 2(A) shows an image of a standby state for

low. Fig.
utferance %3% Ve‘gaﬁg%ﬁev&rdéﬁ%ﬁj}r.‘f?ﬁe%ﬁﬁﬁﬂé\%l t8bPBaletts mute.
Uﬁﬁf@ﬂcet%e%i@nc?_sdegﬁl.‘ggpa?l%@’he&%?fa%&mtéﬂ%leﬁ%ﬁ%{)&%@%%ﬁ' the

audio signal picked up by the microphone and converte

analogdigitabcanvester 83 exteeds:=a predetarmined develthabisearclease
threshold, and the detector itself is a well-known technique. In Fig. 2(A),

thésplécledenstetihy adidéctioniohnutieraddeitoorespords teoan sadioo wave
level detector 35, The audio level detector 35 detects the level of the
dipftaP&idio Syl A Si6resthe Gt Wedio dnfhat ittHeisido thexal or
stmta%ed&rligsé C\fl\/hen th Ieve#_exceeds the threshpld. The audio data
st%?éfgeuunit 37 Uses Qalae?nlo f} With'a 1‘i>(<}eudt gr%guﬁtrcﬁl%a%ggitysﬁetﬁéer'

form of a ing anshalwaysineremeyits the;memgpraddress regardless, 12 4
characterized by the audic data storage unit 32 and the
control of the audio data storage unit by the CPU 31 as s
contreller. The configuration and operation 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
audic 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 technigue. 1In 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 audic 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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of the detection by the audio data storage unit. In other words, the digital
audio data is stored sequentially in each address and rewritten. The
control of the memory is carried out by the controller 31. Fig. 2 (B) shows
an image of a state immediately after the audio level detector 35 detects
utterance. When the audio level detector 35 detects utterance, the
controller 31 sequentially writes the digital audio data in the audio data

storaiﬁqunit 32. Further, the controller 31 causes the digital audio data to

bé fead e G i #rork thé Neudi hen SfFage tpreaewith &t - In other
predetermiped time delayed from the paint of time of the detection of |
s T CARabS DAOLT 7 SO0 e AR GHFGea L1 10 cach
ingvitahbs A& resuyih the yyriting g the audia data ‘Et}%a&ggrﬁg'ftf 200,y ieqg
the reading from the audio data storage unit 32 are carried out at the

same time. thEige2:1(B) othesaudia data stored in the audio data storage

unit 32 is represented by "past audio”, however, the wording "past" used

here meads Jim#ridtiatShpBefera” bnddherdioresthat'pabtmedidainehpsafter
the.audio i megiatel)!abefore the data is read. In this manner,

imMSdiaty Sftetihe adthd RYEPdetdcion 852 GéR clthe iffeFsnce ihen the

aLéngi i%oyttp\ué iro&%y}:e _%%eLakgg \é/grﬂ 2 C]"xsed time dela?/. In this oge{lation,

mode, the audio level getector 35is ready to detect Si een’ce?]i-jnetheoakgc?):voeiler

operatiequaede, suhen thejaudiodevel detector 35 detects silenge.dhe suqdio
controller 31 stops the
data storage unit 32. Further, the controller 31 causes
the digital audio data to be read sequentially from the
audio data storage unit 32 with a predetermined time delayed
from the point of time of the detection of utterance, for
example, of about 100 to 200 ms, which will cccur 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 ocutput 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 audic level

detector 35 detects silence, the contreller 31 stops the
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13 writing to the audio data storage unit 32 at that point of time, however,
causes the reading from the audio data storage unit 32 to continue. Fig.
2(C) shows this operation. When the period of time of silence is a
comparatively brief time about the same as that of breathing and the time
required for the audio level detector 35 to detect utterance again is
shorter than the fixed time of about 100 to 200 ms, the controller 31
causes the reading to continue. As a result, at this point of time, the time

detdy-6F-the duib Gutii frend fhefsdaker eshdriened by thehimte point of

period_corresponding to the above silent time, Whep the audio level.
dgt_fég%gr’ 341 8§%g%rsﬁler?§eu§t?§' togtﬁg terngir?ocféﬁlgin%??ﬁ‘bt of§udid'dggindata

the eoprglier; 31 stopscthe. witing ie thegudio datg starage Hﬂgg’%pe ration.

however, causes the reading from the audio data storage unit 32 to

cofttianet Iehere @t thepbint afdime whee the-audia levelgetectar 85y bries
detects utterance again, the time delay is further shortened by the time
perigdccoffespdndifigtotnBabeve Shert timé andetheh theyawdid istdwtputime
from the speaeger. The maximum value of the time delay to be shortened

is 17T bréd&terfinbdtimBbr A0GHADE 66 360 s 32 BEsCRbSS abbvesrance

however, when the total of the time delays to be shortened, severgl fimes -

ayaiiy IL e T Lite O Ur LUy T
reaches the above preaetermlne time, there 1S no time <Eiel%ly aftlerwarcf)

andstherefore she-audiods output sfiemdherspeakerindgat imeo ¥¥hen.the  as

first silent time
a result, at this point of time, the time delay of the audio
output from the speaker is shortened by the time period
corresponding to the above silent time. When the audic
level detector 35 detects silence 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 audioc 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 audio is cutput 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 cutput

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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is the same as the predetermined time or longer than that, 14 the audio is
output from the speaker in real time immediately after that. Fig. 3(a) to
Fig. 5 show images of the operation in the embodiment. Figs. 3(a)
and3(b) show the operation with an example of an audio signal
waveform: Fig. 3(a) shows an analog audio signal converted by a
microphone; and Fig. 3 (b) slows an audio signal tifa t is real from the
audio da t o storage unit, converted into an analog signal, and output

frdh @ sPelke?. ASShdWH g, BEMthd tiferaviegFedilerice ofhel time

arkaﬂlﬁrge udio signal converted in the microphone is detected by the audio
leve e%éca%gres% p%r%ﬁé oﬁjﬁrl?éther or not the predetermined threshold

SL is exceeded Atthedheginning of ufierance, theaudiods owpdtfrom -+

the speaker with a delay of At from the analog audio signal converted in
the meicrophaniendtig. 4 (@)ishows (@) inage obthe audie Hatastorage §Ail i th
at this time, showing that the reading is carried out with a delay
CGHFeSpEHEIMEE t6 the eapagity of hiEmadrywest rspondirfie.Afl 6k thehows an
Iirgirtl%d%%moun of memor)%cﬁ%?acity. When the analog audio signal
cohvertad miha CnTicBpRhore R IFERTREY @MpEErRIRE AR Hepfiod (©)
of silenttime atmjﬁgme.is,§hortemhgnA]; thg time. delay.is shortened
STOwW all audl1¢ 30.8rTa Ch iz ad, from’the &l CPJ_O dat
by Atl and the audio Is out\f)ut from the speaker with a time delay . .
cortespandinghtot cAt{efefed into an analog signal, and output
from a speaker. As shown in Fig. 3(a), the utterance or
silence of the analog audio signal converted in the
microphone 1is detected by the audio 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 analog
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 analcg 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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to Fig. 4 (b) ) . When the analog audio signal converted in the microphone
is temporarily interrupted again and At2, 15 the period of silent time at
this time, is longer than At - 4tl, in other words, Atl + pt2 is longer than At,
there is no time delay afterward, and the audio signal converted in the
microphone is output from the speaker in real time (refer to Fig. 4(c)). Fig.
5 is a conceptual diagram showing an example of the opera ti on of writing
and reading by the and iv data storage unit 32. The audio data storage

urtit$2 RES Hflradsed f8nito td Relt it assumed i digialaudic athan At

such,as,"A", "B",."C", "D", "E", , conyerted into , an electric signal in the
micrgﬁﬁo’neigng%oﬁ\}iﬂer &F §th§gginaToé§5r%ith?cfﬁ\§@?é?,B Gritten ifhere

the order of the addiesses. Jhere-is a limif o thenupaber, %f:&gweééswhed

the audio data storage unit 32 and when audio data are recorded up to
thernastrasldréss nptherardes retussto the ofirst inethefermof aiingand time
the data are replaced with new data from address 0, 1, 2, - . When the

audi6 fevel tetdtisr-détéetsutterance, at first, the controller specifies the
pointer of the augiio, data storage unit 32 with a delay of the addresses

corresponding'to M&n%&%f&@%@éa@%&ﬁ@%ﬁ@w% Feadeiieple of
94 e e B S5 NS RTIRLOTR o,
storage unit 32. The audio data storage unit 32 has
addresses from 0 to n. It is assumed that digital audio
data, such as "A", "B", "C", "D", "E", ..., converted into
an electric signal in the microphone and converted by the
analog/digital converter, are written in the order of 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 te the
first in the form of a ring and the data are replaced with
new data from address 0, 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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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 16 time and then the read address
matches with the write address and the reading is carried out in real time.

As described above, according to the embodiment shown schematically,
there occurs a time delay until the audio is output from the speaker at the
start point of utterance, however, each time an instantaneous silent state
odelFs thedimeldelaytib shorteribdeantirthen thestime delayis relimirated: i te
and therefore, it is possible to prevent an uncomfortable feeling from

O WHICH WO JRAFIT A cohveRtidha? auidtcorfiereRgihgt ime -

system haying ap C%tgmcgti%mute release Ci(}levic and to o tai$ a
conference audio systéem A which 3%8850 i Cah be te%gil)e/%e% &‘B)e?nt shown

attendees clndustrial Applicability. A digital/analog cnverter thaticonyerts,, 45
read audio data into an analog audio signal can constitute a conference
audiosystem bimniving @ speaker with itstanaleg-conveited oatput: apdnce,
the analog-converted output of the digital/analog converter can be input
toRUsIIRFs, ESfifuRicatioRTdevicds: Bihd Rt HeviceerTor Fcordingccurs,
communication, etc. 17, .. ; .
tne time delay is shortened and then the time delay is
eliminated, and therefore, it is possible to prevent an
uncomfortable feeling from occurring, which would occur in
a conventional audic conferencing system having an
automatic mute release device, and to obtain a conference

audio system Iin 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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CLAIMS 1. A conference audio system com_rising: a plurality of
microphones; an analog/digital converter converting an audio signal from
each microphone into a digital signal; an audio level detector detecting
utterance or silence ‘depending on whether or not the level of the
concerted digital signal exceeds 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 C?ﬂjﬁ% g the storage of audio data to
the audio data storage unit and thé réading of the stored audio data; and

a digitalfanalog conyerterconverting the yead.audio dafa . into an analog
audio signal, wherein the controller contr%Tsl'réé t%%%solf%é audio data,

2. A condersneesaudip system-cempsising: a plurality of microphones; an
analog/digital converter converting an audio signal from each microphone

into a digitaksighal/ari aurdin leveleieteetoretestingniterance.orsilange |
18 depending on whether or not the level of the converted digital
- Irom gach microphone inte z digital signal;

an audio level detector detecting uttezance or silence
depending on whether or not the lavel of the converted digital
signal exceads a predstermined level;

an audlo data storage unit temporarily storing the
digital sigrnal which the corresponding utterance is deteoted
by the audic level detsctor and the analog/digital convertar
converts;

a contreller controlling the storage of éudio data to the
audioc data gtorage unit and the reading of the stored avdio data;
and

adigital/analog converter converting the raad audic data

into an esnalog audio signal,

wharein the controller controls read timing of the audio

[N
.

A conference audio system comprising:

& plurality of micreophones;

an analog/digital converter converting an audioc signal
from sach microphens inteo a digitzl signal:

an audio level detector detecting utterance or silence
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signal exceeds 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

i . cewith a time period of silent portion when the audio level
(? e‘%%cﬁ)#gﬁ gte(%%swé? Féﬁ%%“l ngg snec?ollteg' ofthe geu%igz daith. LATRFESRSrehceal

@i@ggysé%%%orgi%%g@% n%rdZ,lvgggﬁ_ejn the audio data storage

unit stores past audio data by a predetérmined amount while updating the
audio data byssing amemary.a acform of aring, 4..The conference .

audio system according to claim 1 or 2, wherein'the analog/ igital
coryertelr, shemamlionave] ortecior heudiodata-storageunit the . v oq

controller, and the 19 digital/analog converter are arranged in accordance
withBecteudicvophene. detector and the analog/digital converter
COnverts;

2 controller controlling the storage of andio data to tha .
audio data storage unit and the reading of the stored audio data;
and N

adigital/analog converter converting the read audio data
into an.'analog audic signal,

wherein the controller hastens read timing of the audio
data in acceordance with & time period of silent portiom when
the audic level detector detects silence ina serias of the audio
datea.

3. The conference audio sysram according to claim 1
or 2,

wherein the audlo data storage unit atorss past audio data
by & predetermined amount while updating the audio dataz by using
& memory in a form <of a ring. |

4, The conference audio sysftem according to claim 3

or 2,

whersin the analog/digital converter, the audic ilevel

detecter, the audic data storage unit, the controller, and the
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5. The conference audio system according to claim 1 or 2, wherein the
audio signal output from the microphone side is transmitted to a receiver
via a cordless signal transmitter and a spanker is driven by the audio
signal received by the receiver. 6. The conference audio system
according to claim 1 or 2, wherein the controller 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
‘Bygh detedlar eaptioyesdot a.prarlelerningd dmg Belad. L Ihe o o
conference audio system according to claim 5, wherein the cordless
signakragsmitter and the receiver are a transmitter and a receiver using
infrared light. 20 ABSTRACT it is possible to shorten a delay time from
utterance. to outpi fremra speakes.even g conferenseaudiosystem 5 1
including an automatic mute release device. An A/D converter that
convierts audio signals from a plurality of microphones into digital signals,
an audio level detector that detects utterance or Silence depending on the
level of W& eehvecked digiat Sigaatlandinis datemstomge wnitthate side
temporarily stores the digital signal for which the audio level detector
dje?eﬁéﬁst‘ﬂfié_’réﬁée?%a receiver via a cordless signal transmitter

and a speaksr is driven by the avndio signal received by the
regeiver.

g, The conference audio system according to claim 1

wheréin the controller keeps azﬁicfaphone in an on gtate
-after the microphone for which the andio level detector detects
utterancé is turned on, until the detection of silence by the
audioleveld&tactorcontinuesforaipredetenminedtimeperiod:
7. The confzsrence audio system according to claim 3,
wherein the cordless signal transmitter and the receiver

are 2 transmitier and a receiver using infrared light.

20



controller that controls the storage of audio data in the audio data storage
unit and the reading of the audio data, and a D/A converter that converts
the read audio data into analog audio signals are provided. 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.
ARSTRACT

It is possible to shorten a delay time from utterance
to cutput from a speaker even in a conference audio system
including an automatic mute release device.

An A/D converter that converts audio signals from a
plurality of microphones into digital signals, an audio
level detector that detects utterance or silence depending
on the level of the converted digital signal, an audio data
storagetnﬁi;thattemporarilystoresijnadigitalsignalfbr
which the audio level detector detected utterance, a
controller that controls the storage of audioc data in the
audio data storage unit and the reading of the audio data,
and a D/A converter that converts the read audio data into
analog audio signals are provided. The controller hastens
read timing of the audio data in accordance with a time
period cof silent portion when the audio level detector

detects silence in a series of the audioc data.
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