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(57) Abstract :

Input acoustic signals are subjected to integration of the order of an even number by one or plurality of even-number order integrators
and the input acoustic signals are subjected to differentiation of the order of an even number by one or plurality of even-number order
differentiators. The even-number order integration signals subjected to the even-number order integration and the cven-number order
differentiation signals subjected to the even-number order differentiation are added to the input acoustic signals with the same phases ot
opposite phases. Thus, the expected frequency-gain characteristics can be obtained while the phase relations between the frequency
components of the input acoustic signals in particular the intermediate audio frequency range, a part of the low audio frequency range near

said intermediate audio frequency range, and a part of the high frequency range near said intermediate frequency range are maintained, S0
that the high grade sound quality can be achieved. :




Abstract | nput acoustic signals are subjected to integration of the order
of an even nunber by one or plurality of even-nunber orgegzﬂlm)ﬁ ators
and the input acoustic signals are subjected to differemt t he
order of an even nunber by one or plurality of even-nunber order
differentiators. The even-nunber order integration signals subjected to

t he even-nunber order integration and the even-nunber order
differentiation signals subjected pbgsthereron- nunber order differentiation
are added to the input acoustic signals with the same phases or opposite
phases. Thus, the expected frequency-gain characteristics can be obtai ned
whi |l e the phase rel ati ons between the frequency conponents of the input
acoustic si gnaABDIO PRGNALUNAVEFORMi EMBHASIS cPROGESS ING r RBEVIEEEYANBNnge, a
part of the |low audio frequency range near said internediate audio
frequency rangdETE@d a part of the high frequency range near said

i nternedi ate frequency range are nmaintained, so that the high grade sound
qual i®y can be achieved. 1 5 MAR 2004 DESCRI PTI ON AUDI O SI GNAL WAVEFORM
EMPHASI S PROCESSI NG DEVI CE AND MET FI ELD The present
invention relates to an audio siaﬁg NI&E&S?ESA enphasi s processing device
and net hod wherein the ound it dj V] of. . Fous types is
i mproved 10 by%%ﬁpﬁﬁg?gngrggggggﬁ no¥e?%gg%u%§og§i%§§ omét§€%¥n1 and in
particul ar_r S ugi j r i RepeensSikng device
and nethg%aﬁgggéﬁneégﬂﬁgi%ug%??ééggﬁbe§%¥%%§s§?&?ﬁ%?%€§dwiﬁ %he | ow

f fequencysééﬂaqugﬂiitg Bﬁeauﬁighdéﬁﬁgégnéf vapgsubytepebaskzingroked ow
frequency range and the high frequency range w thout destroying the

charpgt erbpt bmshabithpragdseisyosal thevehal s s BAKCRAWBDESRT, Tupicahl y,
techni ques for inproving the sound quality of 20 audio signals output
f rom audi paglevtakarcpatanesate an audio signal waveform emphasis
processing device and method wherein sound quality is
enormously improved in the low frequency range and in the
high frequency range by emphasizing the low frequency range
15 and the high frequency range without destroying the

characteristics of the audio signal waveform.

BACKGROUND ART
Typically, techniques for improving the sound quality of
20 audio signals output from audio devices concentrate |
exclusively on the frequency-gain characteristic; scarcely
any take into consideration the frequency-phase
characteristic of the audio signal. This is because the
phase characteristic of an audio signal is not considered to
25 be an important element in human auditory perception.
In regard to evaiuation on the sound quality of audio
devices, conventionally, so long as basic performance such as

frequency-gain characteristic, waveform distortion, and S-N

1



exclusively on the frequency-gain characteristic; scarcely any take into
consi deration the frequency-phase characteristic of the audio signal.
This is because the phase characteristic of an audio signal is not
considered to 25 be an inportant el enent in human auditpgyMnRrﬂmgtion. In
regard to eval uation on the sound quality of audio devices,
conventionally, so long as basic performance such as frequency-gain

char act etlatliict o VR GBIl HiQjrid10satand isd\ckriad nVAR a2 @ dst ithexrfe t he
audi o signal satisfied certain standards, there was no further eval uation

of perfoimaner fUreyRiOBsal eaalcmidH pedeioamsingg .0 Thehe faxg,ect i ve
perceptions of individuals was often relied on. 5 For this reason,

convent i eralluatiiciprdaperehirgg ion tthe sdjettdval iperoeptdediso afevi ces were
only made in terns of inprovenents in the frequency-gain characteristic
of the dmdiviidadsamed idfitans reldad&ns any i nprovenents in sound

quality were nade taking into considerati the frequency- 10 phase
char &t eri sti EOITHELS vﬁﬁ%ﬁ%mfé?ﬁ‘ﬁ%orﬁggﬁni dﬂ‘é’g",oq’ielmﬁrébgr éi\fb in the
{he aui SV CBAHEE o RedAR YIRS et P bge T The
| evel of EREMERaS (ot it i PRt e R e e “user
oS one SRR DAL ot oty
| NVENTI O 26605 Rl e ' mdtde OR1eGlg Ofn#d) &dts3RIta tiBHE H Edeiqiehcy -
10 phase characteristic.
Thus, with conventional techniques, if improvement in
the frequency-gain characteristic of the amplifiers and
filters constituting the audio device was sought, there was a
concomitant change in the frequency-phase characteristic,
15 giving rise to the problem that a high level of benefit in
terms of improvéd sound quality satisfying the user was not

obtained in particular in the high frequency range and low

frequency range close to the middle frequency range .

20 DISCLOSURE OF THE INVENTION
Accordingly, an object of the present invention is to

provide an audio signal waveform emphasis processing device
and method whereby a high level of sound quality improvement
is made possible by enabling the desired frequency-gain

25 characteristic to be obtained without destroying the phase
relationship of the fréquency components constituting the
audio signal, in particular the phase relationship between

the frequency components of the middle frequency range and
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provide an audi o signal waveform enphasis processing device and nethod
whereby a high level of sound quality inprovenent is nade possible by
enabling the desired frequency-gain 25 characteristic to be obtai ned

wi t hout destroying the phase relationship of the frequgn nent s
constituting the audio signal, in particular the phageﬁriﬁgﬁggn@hip

between the frequency conponents of the mddle frequency range and 2 1 5

MAR. 2004t hecf f :
Lhder L LEAURBGY c6RPBABREE Soof théel bW\ Efegaersye yranggeanddhiighh
frequency range gﬁosegto tgg m ddl e frequency range. In o?ggr to acﬁ?eve

this obj egteqddndydir@ngbdbdbseVaretne meaphasisequenegsraggeevi ce
according to'the present 5 invention conprises integration means

conpri sing onerfAr ogdakutel athiefrectbhs oodpect nt agravdie sbgnPérform ng

i ntegration of even-nunber order on an input audio_signal;

di f f er entwaveformeemphesipr pspagsshrgofdenipe urarPrding Eoehbeopgesent
differentiators for performng differentiation of even 10 number order on
the |ﬁpupiauenbigngqampréﬁ§Sag§F99§ﬁtﬁean§eaP6rcaBaFﬁﬁiBEtBB? 8F &he

i ntegration nmeans and out put of the differen% ation_neans to the input

2thglsigﬂhﬂFﬁ?iFHef§aﬁE9an§§§roFnFﬁ9F3$8F§e-éﬁagﬁra?fﬂi?ﬁe i nput audi o
. The integration neans_ma ' |
;Eé?gratoi§rﬁgfzgéPP?f%iﬁﬁegﬁgggﬁggeggééﬁg?g ?h?%g#g%¥8ﬁ5%§0g?hgaﬁéﬁut

sig : e differentiati [ ' :
i1 f or enCRAEEPESTSRaSaPPoPRENS CoBEeaTng e B e PR or o e
| nput audb?détgngfegggfag%oerQbE'Parﬁsﬁﬂin OgREFEseendiBkibal by efen r st

coefficien nmeans respectively nultiplying outputs of a plurality
of {he dauhber Bagabar £hay iaplitr sudieekignatnt and bdddtieddewans
for adding output of the integration means and output of the
differentiation means to the input audio signal in the same
phase or in reverse-phase with the input audio signal.
The integration means may comprise a plurality of double
15 integrators for performing successive double integration on
the input audio signal;‘the differentiation means comprises a
plurality of double differentiators for performing successive
double differentiation on the input audio signal; and the
addition means comprises a plurality of first coefficient
20 means for respectively multiplying outputs of a plurality of
the double integrators by a first coefficient; a first adder
for adding outputs of a plurality of the first coefficient
means; a plurality of second coefficient means for
respectively multiplying outputs of a plurality of the double
25 differentiators by a second coefficient; a second adder for
adding outputs of a piurality of the second coefficient
means; third coefficient means for multiplying output of the

first adder by a third coefficient; fourth coefficient means

3



for adding outputs of a plurality of the first coefficient neans; a
plurality of second coefficient nmeans for respectively multiplying
outputs of a plurality of the double 25 differentiators by a second
coefficient; a second adder for adding outputs of a plutrality of the
second coefficient means; third coefficient neans for 1n$_|IMAR)I200419 out put
of the first adder by a third coefficient; fourth coefficient neans 3 1 5

VAR 2004 ¢4 0rm it {4 YhE o@bbREt o O théd SsSesd Caddishe rbpya afdurthh
coefficié%%?lgﬂgééégtir% adder for adding output of the third coefficient

means angguk Pidi@ht i hend oalr thi c@ecddder efbr neddisng tautinet i oputheutihdrd
signal. 5 In the audio signal waveform enphasis processi ng device

accor di ng-def £ heieneseaans naedt detput ¢f rthe gfouptivfcoebbi¢ientnmgans
including the first coefficient with which nultiplication is effected by
the firstteoethéi tnput avdhe shdgnak.second group of coefficients including

the second 10 coefficient with which multiplication is effegted bﬁithe
secorfil coef fi cIRntherandiaegigealicVaVREPER PAPRITTR PHAGRRATEENIWIEK 15

desired frequency-gain characteristic. The third, coefficient w th which
mul ti pl i CREFOFA{RgY E‘PfEE?earﬁﬁe’t‘ﬁei?ﬁ??ﬁl%%ef?i Heh %§%§ Er’rﬁy be

det I ned | 1 r d ith th 5 en IS4 1 :
fr equencyoRhBrotpREReLnAbIT B PReoF 4ESF Safri FEERE R RERTRLPRY, |
i th which tipli Lop. i b h hel [
1 o LI LAB LEabhony Besbiseictybundpuie thorsteiinegabpacena |
freQuencyargggsvafgkégPiBEUEoéE@keigﬂt§iﬂﬁaiudihg tnRéegeabhdn neans nay
e dou

conprise a sing e
10 coefficient with which multiplication is effected by the
second coefficient means may be determined in correspondence
with a desired frequency-gain characteristic.

The third coefficient with which multiplication is
effected by the third coefficient means may be determined in

15 accordance with the degree of emphasis in a low frequency
range of the input audio signal, and the fourth coefficient
with which multiplication is effected by the fourth
coefficient means is determined in accordance with the degree
of emphasis in the high frequency range of the input audio

20 signal.

The integration means may comprise a single double
integrator; the differentiation means comprises a single
double differentiator, and the addition means comprises an
adder for inverting output of the single double integrator

25 and output of the single double differentiator, respectively
multiplying these outputs by arbitrary coefficients and

adding the inverted outputs to the input audio signal.



integrator; the differentiation means conprises a single double -
differentiator, and the addition nmeans conprises an addbkrd MAR 2 b}ting
output of the single double integrator 25 and output of the single double
differentiator, respectively multiplying these outputs by arbitrary
coefficients and adding the inverted outputs to the input audio signal. 4
15 MAR 200C Al so, an audi o signal waveform enphasis processing device may

comprise a pl Yald t Yapf 2 6P aEg s NasSrba0 ihighad i q@fadesging r cui
perform ng successi ve d%ublquﬁ%tegration on agﬂFﬁLthgﬁdi;ﬂg?g%al?I;S ror
pl ur al i t Yyeifi SRSk cnpeIvecd sl uieahi ey b1 fersmadetdonnedtedi doubhat
perform successive double differentiation on the input audio signal; a
pl ural i t i rpfediating ceffiwl ent fgenpeafarsingrsuagaspive mpublerst ’
coefficient respectively with outputs of even-nunmber double integrating
circuits irtddmwaplomabhtan oinplotibred 10 $ianakiatd RFWTFEUEY OFf L3PFI¢e-
addition circuit for invertin and addi ng outputs aof the urality of the
first5 cosfdnnected dewelerdtsierenptiating fjcﬁc‘gie nﬁ“%‘be‘??’%‘?’é’ﬁt

generators f tivel | ti ' I Ci |

of ' odt mtmw °rfg%§§f’€§v%¥§ sFrereRtiztiol OF TR fRtHe FudTo ighapl P e
ration circuits; d iti ' [ ' j

addi ng ot ¢ gwweoﬁltim?93%&?%39@;%%%%%%%%5%?%Lf?%%ﬁ%?%%*a da o
e firs | ' i L ' i &t

ol D1 pl i ir e (ieeheaSifet PhapsEiviy et (dhenpts o SboneagRBLEr o

coet 1 ¢l ST R g e O e o o &1 Tei 17 and & thi rd
addifhon ghesiheing 8ddbigts; a first addition circuit for inverting
and adding outputs of the plurality of the first coefficient
generators; a plurality of second coefficient generators for
respectively multiplying a second coefficient with outputs of
odd-number double integration circuits of the plurality of
15 the double integration circuits; a second addition circuit
for inverting and adding outputs of the plurality of the
second coefficient generators and output of the first
addition circuit; a third coefficient generator for
multiplying a third coefficient with the output of the first
20 addition circuit; a fourth coefficient generator for
multiplying a fourth coefficient with output of the second
addition circuit; and a third addition circuit for adding
output of the third coefficient generator and output of the
fourth coefficient generator to the input audio signal.
25 Also, an audio signal waveform emphasis processing
device may comprise a waveform emphasis circuit consisting

solely of passive elements, for emphasizing waveform in a low

frequency range and a high frequency range of an input audio

5



output of the third coefficient generator and output of th fourth
coefficient generator to the input audio signal. 25 Al so, jrﬁzﬁkR dﬂﬁﬁl gnal
wavef orm enphasi s processing device may conprise a waveform enphasis
circuit consisting solely of passive elements, for enphasizing waveform
in alow frequency range and a high frequency range of an input audio 1 5
MAR 2004 signal; an addition circuit for adding output of the waveform

enphasis gjreii! a0 488ci BRUE1AMELE BbHNEdd1ikg dovepitt bONntheneanefbom
controlling ratio of the output of the waveform enphasis circuit to be

added by ddyshasidstboPcGiECEhE nd LhputSaudpatsigmiab; sagdavarfatiner, an
audi o signal waveform enphasis processing method may conprise a firét
step of pRE&NENFEY eurbrollengi nathoaof obhenoatpuhpof thei vave§Aam a
second step of performng even-order differentiation on the in t audio
10 si gnalemphalsast birdustepoobeaddiing bﬁetbﬁeﬁdéiﬂé?niﬁ%€§?é?e3gg'ﬁ &t
audi o signal produced in the first step and the even- order differentiated
i nput5 audimpetgaudiprsdgnad-in the second step to the input audio signal.

The first step may conprise a step of perform ng doubl 15 1 [
the input audi Busthazk §Bcé§§§Pv§F9“31pﬁ?ﬁ?ﬁ?F?geﬁgg??%%s?r?hgggg% ;hogtgg

conprises a step of erf ' I | f kat.l thedi i

e sofeed b, cBRRFTEE POZEEHY, B L Okt i
of multi N : e . ;

Val ues. obTAFREASH) R0 5 APBFarEaASoRsH oS Ehe e arnl Ty of 1 es i n

e ISt pBkeRrpdnk! iBnebeacl 4saddratcpesdaubhotnal egpateduataies | hat

gge mul ti irst coefficient in the fourth step; a sixth step
10 signal; and a third step of adding the even-order integrated
input audio signal produced in the first step and the even-
order differentiated input audio signal produced in the
second step to the input audio signal.
The first step may comprise a step of performing double
15 integration on the input audio signal successively a
plurality of times; the second step comprises a step of
performing double differentiation on the input audio signal
successively a plurality of times; and the third step
comprises: a fourth step of multiplying a first coefficient
20 respectively with values obtained by double integration each
of the plurality of times in the first step; a fifth step of
adding the double-integrated values that are multiplied by
the first coefficient in the fourth step; a sixth step of
multiplying a second coefficient respectively with values
25 obtained by double differentiation each of the plurality of
times in the second step; a seventh step of adding the
double-differentiated values that are multiplied by the

second coefficient in the sixth step; and an eighth step of

6



mul tiplying a second coefficient respectively with values 25 obtai ned by
double differentiation each of the plurality of tin¢f5i khﬁwiecond st ep;
a seventh step of adding the double-differentiated valu t are
multiplied by the second coefficient in the sixth step; and an eighth
step of i 15 MAR 2004 nmultiplying a third coefficient and a fourth
coefficient respectively with the sumthat is obtained by the addition in

the fifthysiePppiinghg eHITENBbeESieDéntnadby fberthldeoedficienthe
seventh step, and adding results to the input audio 5 signal. Also, a
first coefésgeeblvelgupienAnthensag thatfissobtaibeédilkyebbeanddiséondin
coefficient group containing the second coefficient nmay be determ ned in
accor dancehai £hfeh deepr eddf thqusnoythatnigshebhsired sy ctheoadfigiophe
third coefficient and fourth coefficient nmay be determnped in agiordance
with the tlegthe sévenphastepinand pddingeyasnt}srbfgtlandnBuki gHOtPequency
range of the input audio signal. 15 BRI EF DESCRI PTI ON OF THE DRAW NGS
Fig. 9 isshgbadek diagramillustrating a typical configuration of an
audi o si gnal waveform enphasi s processin device, consiit d ppl yi ng
~an audio signaﬁlﬁﬁveﬁoFﬁFsgnﬁﬁﬁgfgchBEe§§?Hﬁ 889F%§“§§8 #%§h52¥§?cording
to the 20 pr nt inventiaqn, Fi.g ' Le W.88cdin¢xamehe of the
frequencyggagiﬁc&ﬁgFaepérF?FPEdo ?éf%ggﬁﬁfkh&%ﬁgﬁaudio s?gngl wavef or m
enphasi s pILocess| LRy ahgdeififibd- 14 abb8rddnts @ithew showing
t he frequ§%§§8§h§§§fggxgﬁgfa@%gfFétic gf t he audi o signal waveform
enphasi s 4ogired frequency-gain characteristic.
10 Also, the third coefficient and fourth coefficient may
be determined in accordance with the degree of emphasis in a

low frequency range and a high frequency range of the input

audio signal.

15 BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 is a block diagram illustrating a typical
configuration of an audio signal waveform emphasis processing
device constituted by applying’an audio signal waveform
emphasis processing device and method according to the

20 present invention;

Fig.‘z is a view showing an example of the frequency-
gain characteristic obtained with the audio signal waveform
emphasis processing device illustrated in Fig. 1;

Fig. 3 is a view showing the frequency-phase

25 characteristic of the audio signal waveform emphasis
processing device illustrated in Fig. 1 when the frequency-

gain characteristic shown in Fig. 2 is realized;



processing device illustrated in Fig. 1 when the frequency- gain
characteristic showmn in Fig. 2 is realized; 7 1 5 MAR 2004 Fig. 4 is a

vi ew showi ng the frequency-gain characteristic of a pra@tgqmﬂ qmnpdinent
wherein the drawback that the frequency-gain characteristic shown in Fig.
2 has large gain within an unnecessary frequency range is 5 conpensat ed;
Fig. 5is a view show ng the frequency-phase characteristic of the audio

si gnal wavef or gy gnPRagisSa PiBRCSAbREnGCYhECEPEQUENEP-Fagn 1 when the
frequency-gain Ccharacteristic shown in Fig. 4 is realized; 10 Fig. 6 is a
vi ew showsRgarastexasplie ef khprheeguancgmbgdimnenbawheretlhsthe dirasibaet
with the audi o signal waveform enphasis processing device shown in Fig.

1; Fig. 7thatatheefrehoehog-ghénf chgqraotgrphtite shbwnatneFigti & dRast he
audi o signal waveform enphasis 15 processing circuit shown in Fig. 1 when
t he frequkartgeggahn wh&hdot eni shnecekeamnyi Aireégyengyi sangel ised; Fig. 8 is
a view show ng the frequency-gain characteristic of a practical

enbodb nencomhensaiteddr awback that the frequency-gain characteristic shown

in Fig. 6 h 20 | in. i f [ :
conpensated;  Fig- 5 L8 & VAeW SROWLNG R FYEUUSHCY-PHASE characteristic

o oo e SR tas AR IR TRURT b o BERECHAVREGF ‘bBEBO 110 9t
" "% RaRoRRE APIBRIE G hL LR AL erERUShEYSR O a1
characteristic shown in Fig. 4 is realized;

10 Fig. 6 is a view showing an example of the frequency-
gain characteristic obtained with the audio signal waveform
emphasis processing device shown in Fig. 1;

Fig. 7 is a view showing the frequency-phase
characteristic of the audio signal waveform emphasis

15 processing circuit shown in Fig. 1 when the frequency-gain
characteristic shown in Fig. 6 is realized;

Fig. 8 is a view showing the frequency-gain
characteristic of a practical embodiment when the drawback
that the frequency-gain characteristic shown in Fig. 6 has

20 large gain in an unnecessary frequency range is'compensated;

Fig. 9 is a view showing the frequency-phase
characteristic of the audio signal waveform emphasis
processing device shown in Fig. 1 when the frequency-gain
characteristic shown in Fig. 8 is realized;

25 Fig. 10 is a circuit diagram illustrating a specific
construction of an audio signal waveform emphasis processing

device to which the audio signal waveform emphasis processing



device to which the audio signal waveform enphasis processing 8 1 5 MAR
2004 device and nethod according to the present invention have been

applied; Fig. 11 is a circuit diagramshow ng a specifi X I of the
double integrating circuit of Fig. 10; 5 Fig. 12 is a cﬁrguﬁgkd@g%ran1

showi ng a specific exanple of the double integrating circuit of Fig. 10;
Fig..13 is a circuit diagramillustrating yet another enbodi nent of an

audi o si ggal i wavahar mbeﬁahaab&oﬁamﬁgsﬁbnghedFyegenacmvdhngohohtaloe present
invention; 10 Fig. 14 is a circuit diagramillustrating a specific

exanpl e oﬁeéheapgngéann1enpha5|s circuit shown in Fig. 13; Fig. 15is a
circuit di agram showi ng another specific exanple of the waveform enphasis
circuit shown FugFi 81 18; a Bigcul® diagraimeshoWdngng shechfiquexeyrdsi n 15
characteristic of the waveform enphasis circuit in the circuit shown in
Fig. 13 aafi the ﬂoaq&end%tgarntiogaCéEPEitsPch&BEhlgéspect to the
original signal of an addition circuit Vi ew

T;egugpfgugﬁlnf;g?aéﬁaﬁﬁcﬁfFF§FPﬁtO?i?HEa@|gEHWPng aﬁpﬁglﬁﬁhomﬁn pIilg 18
anot her t

wavef or m 8fphasi OH ﬁgragéPee 5E¢ FdPﬁ F? : ;g’gre;gnflggsgntion
wherein the degree gtaa iﬁe 2%1' % ggggEQWE fﬂ%?%%fmgnggtagﬁottﬂ%rh' gh

frequency 25 r ﬁaé S|ng e vari esi stor

adding a &ﬁﬁbaghgn%egksgﬁrahaibhgiﬁhﬁﬁuhgvéggfﬂ éﬂpﬁhgisléroéagsing
device according to the present invention;

10 Fig. 14 is a circuit diagram illustrating a specific

example of the waveform emphasis circuit shown in Fig. 13}

Fig. 15 is a circuit diagram showing another specific
example of the waveform emphasis circuit shown in Fig. 13;

Fig. 16 is a view showing the frequency-gain

15 characteristic of the waveform emphasis circuit in the
circuit shown in Fig. 13 and the frequency-gain
characteristic with respect to the original signal of an
addition circuit;

Fig. 17 is a view showing the frequency-gain

20 characteristic of the circuit shown in Fig. 13;

Fig. 18 is a circuit diagram of yet another embodiment
of an audio signal waveform emphasis processing device
according to the present invention wherein the degree of
emphasis of the low frequency range and the high frequency

25 range can be adjusted by a single variable resistor, by

adding a variable resistor to the circuit shown in Fig. 13:;

and



9 15 MAR 2004 Fig. 19 is a view showing the frequency-gain
characteristic when the degree of enphasis of the |ow frequency range and

hi gh frequency range of the circuit showmn in Fig. 18 i ' 5 BEST
MODE FOR CARRYI NG OQUT THE | NVENTI ON An enbodinen? of an?5ﬁ3p§F29 nal

wavef orm enphasis processing device and nethod according to the present
I nvention is described in detail belowwth reference to the 10 appended

drawings. Fig.pdgis;g Phogkydba0sRswsheWne eréhaenegwgain configuration
of an enbodinentgof an audi o si gnal mggeforn1 ﬂ%phasis processinggdevice

which is apspRgedrigthe #hbR tRe abynes offemphesiy-gai thehdoucteristic in
whi ch the high 15 frequency range and | ow frequency range are enphasi zed

as desiredediibheyt rdager aingighefraguahcphaange ebfit thasaipcubst abewnt he
frequency conponents of the m ddle frequency range and the frequency
conponent snoFighelBowsf vegdedey range and high frequency range close to
the mddle frequency range 20 which constitute the audio signal.
Referbing to Fig. 1, the audio signal waveform enphasis processing device

conprises a | ow frequenc hasi | |

perfo[n?(fyphazgshpregag!m%ﬁﬁgﬁoﬁFﬁaﬁﬁ%ﬁr¢B@@ﬁiﬁ%@”?giéﬁ*%ﬁﬂoi?gi%Q?t

si gna , I C S 25 f ti £ L ' '

(erm nal | UTAnH g Safpenscnty oPanya  erptdins ARGe2BEM BHEbASIEE) 0o ¢ hat
s

S anal 1 (PFOBRRPIE RVERBuR CoPeEhEn PRPRFATAUCEEY phE BRpRbat 10l Nl
invention is described in detail below with reference to the
10 appended drawings.

Fig. 1 is a block diagram showing a diagrammatic
configuration of an embodiment of an audio signal waveform
emphasis processing device which is arranged to be able to
obtain a frequency-gain characteristic in which the high

15 frequency range and low frequency range are emphasized as
desired without destroying the mutual phase relationship
between the frequency components of the middle frequency
range and the frequency components of the low frequency range
and high frequency range close to the middle frequency range

20 which constitute the audio signal.

Referring to Fig. 1, the audio signal waveform emphasis
processing device comprises a low frequency range emphasis
processing section 100 that performs emphasis processing on
the low frequency range of original signal f£(t), which is a

25 function of time t and applied to input terminal INPUT; high
frequency range emphasis processing section 200 that performs
emphasis processing on the high frequency range of original

signal f(t) applied to input terminal INPUT; a coefficient

10



10 1 5 MAR 2004 generator 300 that determ nes the degree of enphasis of
the low frequency range by nultiplying by an overall coefficient B the

| ow frequency range enphasi zed signal g(t) that was subj iss z rrpha5| S
processing on the | ow frequency range 5 by neans of the | f

range enphasis processing section 100 so as to output Bg(t); a
coefficient generator 400 that determ nes the degree of enphasis of the

hi gh f‘g’éi%‘fé( bt’héfv'&éeéymmebytﬁél QugFad | o£08fih&LE8t o€ thie high
range enpha

frequenc asi zed signal h(t) that was 10 subjected to high

frequency; di@nfife SEPHGS | §aﬂg’;@qe%sm@gtbylym@rlsy Odn hb@drd 1 EquesEYiciange
enphasi s processing section 20 so as to outputting Ch(t); and an adder

500 t hat mdglse thew Sr@iaéndg(tangdosmphasd fedqubyeyl ratye vhatewphasi zed
that is output fromcoefficient generator 300, the original signal 15
f(t) applswsjectedpte ¢mphashs piEtAssingtor thenbéw ChtequentystEanggh
frequency range has been enphasi zed that is output from coefficient
generfat orbyi0teans a.f t heul puit fggq@glp@mraggg r%!T‘PlFTﬂS tAFRE8RSd0Tput

term nal OUTPUT. Low frequency range enP ?SIS gﬁ Si section, 100
conpr i sesSecHi R al 99 ysefasotBi QUFREEFALBIS 31 °e gc ‘Fﬁ%ﬁ PRAET 8ﬁ?§ut

hgbg{g?gkﬁigrgé gé%Fgﬁ$%%?sg€éﬁa?e$f?? %ﬁ(?$p?§¥%%ucg gﬁgrﬁéﬁput t er i nal
AT P BIAShAGY, Phos Bl WLETRAPEAT B OR Werbts coosliulitic |
gﬁtpu?eiﬁgﬁ?qu%+g£?% egrg%ofihgaaéﬁﬁﬂégigeé?giéﬁala%%tégﬁﬁggdgggguwfr?hat
OUut pif S g hyedtEdUBHCHiGRNEPeQlRASY! Z88ge emphasis processing by
means of high frequency range emphasis processing section 200
so as to outputting Ch(t); and an adder 500 that adds the
signal Bg(t) whose low frequency range was emphasized that is
output from coefficient generator 300, the original signal
15 f(t) applied to input terminal INPUT and the signal Ch(t)
whose high frequency range has been emphasized that is output
from coefficient generator 400 so as to output an output
signal F(t) through output terminal OUTPUT.
Low frequency range emphasis processing section 100
20 comprises a plurality of double integrators IIl, 112, ...,
Iip that output intermediate signals gl(t), g2(t), ..., gp(t)
by successively double-integrating original signal f(t) that
is applied at input terminal INPUT; a plurality of
coefficient generators bl, b2, ..., bp that respectively
25 multiply by coefficients -Bl, B2, ..., (-1)’Bp that are set
beforehand intermediate signals gl(t), g2(t), ..., gp(t) that

are output from double integrators 111, 112, ..., Iip; and an

adder SUMI that outputs a low frequency range emphasized

11



11 15 MAR 2004 signal g(t) obtained by adding the outputs of coefficient
generators bl, b2, ..." bp. The group of coefficients Bl, B2, ..., Bp that
are used as mnultipliers by coefficient generators bl, 32 s B are 5
-determ ned in accordance with the desired frequency-ph sg MAarZﬂ Feri stic
and may have negative as well as positive values. H gh frequency range
enphasi s processing section 200 conprises a plurality of double

S N ) - i - hi(t),
i fferen é{‘%ﬁ%ﬁt%%d aind@ BY0addifhg OO UWutplhies f’@f"@é@fﬁi@ﬂﬁh’é (t)

h2(t), hqg y successive double differentiation of the

original sdgepdtéts)pihab2ais.applbgd to input terminal INPUT; a plurality
of coefficient generators cl, c2, cq that respectively nmultiply by
coefficients -The gPoup of ¢oeffilidbenrtmtBhy B2et. bef Bphtingtt Are used
intermediate signals hl(t), h2(t), ..., hq(t) that are output from double
di ff er entastroultipbier® oy coeffidientirgereior¥oSUNEL & o2, out putBPt AEehi gh
frequency range enphasi zed signal h(t) obtained by adding the outputs of
coef {3 ci edeteentned ot efcorganeg. w thl?h%réﬁﬁ%F%% HREERFETPRAR®gr oup of
coefficients C C2, ..., .Cqg that are applied as nuJtipliers b

coeffici ePharaeherisbic and moy have %%P%giy%Kﬂ%HWﬁ dagﬁp%ﬁiﬁ?%ﬁnce with
the desired, frequency-phase characteristic, as will b described, and may
have negaf?¥®®Ss wel | as positive values. 25 The principles of the |ow

([ eauency STBIgeLR BLAGARL0 AR Olnfiab O bEGAUSREN, SHELEREA B06CS5S1 S
comprises a plurality of double differentiators DD1l, DD2,

10 ..., Ddq that output intermediate signals hl(t), h2(t), ...,
hq(t) obtained by successive double differentiation of the
original signal f(t) that is applied to input terminal INPUT;
a plurality of coefficient generators cl, c2, ..., cq that
respectively multiply by coefficients -Cl, C2, ..., (-1)%q

15 that are set beforehand the intermediate signals hl(t),
h2(t), ..., hg(t) that are output from doﬁble differentiators
DD1, DD2, ..., Ddq; and adder SUMD that outputs the high
frequency range emphasized signal h(t) obtained by adding the
outputs of coefficient generators c¢l, c2, ..., cq.

20 It should be noted that the group of coefficients C1,
c2, ..., Cqg that are applied as multipliers by coefficient
generators c¢l, c2, ..., cq are determined in accordance with
the desired frequency-phase characteristic, as will be
described, and may have negative as well as positive values.

25 The principles of the low frequency emphasis processing

action of low frequency emphasis processing section 100 will

now be described.

12



12 1 5 MAR 200/ Since the original signal f(t) that is applied to input
termnal INPUT is an audio signal, in general it contains s-a plurality
of frequency conponents. The principles of the present invention my
therefore be expl ained by expressing 5 the original si gr‘1a5 M%)mﬁ@: f (t)
= A Sin(wit + 01) + A2Sin(w2t + 02)+ - +AnSin(wnt + On) ) where Al,
A2 .., An respectively represent the anplitudes of the frequency

conponent s consihLUt LRG bReg@RhSl Babnal oBet) et (1d:aph1188. o inpad

respectively represent the angular Trequencies of the frequency conponents

constitutidanihgl eKPgTNak §h08adib(signand £d,géReral . it Boneapastavel y
represent the phase angles of the frequency conponents constituting the
original pigralitytdf EbedbeneguedbmponédisnnuyTihe pxpnetskdsi ofmhhei x
notation: r ALT f (t)= A2 [Sin(wW t+01), Si n(w2t +02),, Sin(wnt+On)] (2) An]
20 Ori gi nateseghainvéniiorpnagehhedefigregoatéxpliined hoy exprappingd at

I nput termnal INPUT is first of all subjected to double integration in
doubl® i nthgratbginal. stonsdkgliehd| §s: the internediate signal gl (t) that -
is output fromdouble integrator I11is: 251 IAW-Z A2w2_Z Anwn-Z

F()= A1Sin(@1t + 61) + A2Sin(w2t +62)+ -+ AnSin(ant +6n) -+ (1)
where Al, A2, ..., An respectively represent the amplitudes
of the frequency components constituting the original signal
10 f(t); wl, w2, ..., on respectively represent the angular
frequencies of the frequency components constituting the
original signal f(t), and 61, 62, ..., 6n respectively
represent the phase angles of the frequency components
constituting the original signal £(t).

15 The equation (1) may be expressed in matrix notation:

Al
f(f)= A:2 [Sin(colz‘ + 01),Sin(w2t + 62),- -+, Sin(awnt + en)] e (2)

An

20 Original signal f(t) represented by equation (1) that is
applied at input terminal INPUT is first of all subjected to
double integration in double integrator IIl. Consequently,
the intermediate signal gl(t) that is output from double
integrator IIl is:

25 Alol?

A2w27 | ) ) (3)
gi)=~" ", [Sin(wlt + 61), Sin(w2t + 62), -, Sin(ant + )] -

Anan™

13



[Sin(w t + 01), Sin(w2t + 02),- , Sin(wnt + On)] (3) 13 1 5 MAR 2004 As
can be seen by conparing equation (2) with equation (3), the termthat is
represented by the frequency conponent and phase conponent of

intermediate signal gl (t) that is output from double 4 pt 11 is
identical with the term5 that is expressed by the fre’qSeﬁg@a@@{rponent and

phase conponent of original signal f(t). Consequently, it can be seen

that intermedizg ecsh W&l sdbi 1By tdthpd Sy tdipiiatIdn (o uhl h | eegtsonr 111
mai nt ai ns unchanged the nutual phase relationship between the frequency
conponent(s3 pf e gteh tHAt signedpfddentdheoyamiie timapiexicy hsompepenti ve
frequency conponents of internediate signal gl (t) that is output from
doubl e ianiéphiss dodpdment vaf uastermediate ishgnalelgl (kbpthatohal to the
square of the angul ar frequency, nanely, a value obtained 15 by dividing
Al by t heowtput efodm cdoubl e al neegmatomddl hyis didantiigplawigh (ke steERe of
to, and so forth. That is, the anplitude of each frequency conponent of
i nt erfredithat styreapressed bhathe SCERAYRRCY MRAIMMe M iR 111
i ncreases in inverse proportion to the square of the angul ar frequency as
{Gthahest Wsith {

20 the arffAFRANSREREMNRT 9kt (Fhe iGRUSSEETEY sithdaf2)I%e) that
|t ogr at e AEE {RERTTHEET F vt b CP R 2R PR B8 ot om
the doub lfodﬂgg{x‘%gér&&grifil %ﬁﬁ@éins unchanged the mutual phase
relationship between the frequency components of original
10 signal f(t).
‘ The amplitudes of the respective frequency components of
intermediate signal gl(t) that is output from double
integrator II1 have values that are inversely proportional to
the square of the angular frequency, namely, a value obtained
15 by dividing Al by the square of w, a value obtained by
dividing A2 by the square of o, and so forth. That is, the
amplitude of each frequency component of intermediate signal
gl(t) that is output from double integrator IIl increases in
inverse proportion to the square of the angular frequency as
20 the angular frequency becomes lower.
The intermediate signal gl(t) that is output from double
integrator II1 is again double-integrated by double
integrator 112, so that the intermediate signal g2(t) thét is

output from the double integrator II2 is:
25 Alo1™

g2(t)= A202 [Sin(a;lt+¢91),Sin(w2t+92),~--,Sin(amt+9n)] - (4)

.
.
.

Anan™
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A2coV g2(t)LAnwn' [ Sin(colt + 01), Sin(co2t + 92), , Sin(cont + On)]
(4) 14 15 MAR 2004 As can be seen by conparing equation (2) with equation

(4), the termthat is expressed by the frequency conponfgt' aa@ phase
conponent of intermediate signal g2(t) that is output O#M@O ﬁe

i ntegrator 112 and the termthat is 5 expressed by the frequency conponent
and the phase conponent of original signal f(t) are identical. It can

therefore be ggeaahhBE LBén! By CEER sﬁiﬁgsé%@a+iag(fi)tﬁﬁ£h b§uaviput from
doubl e integrator 112 maintains unaltered the nutual phase relationships

of the fregyengdeceapanenhs 95 ekpoes8sbdsbgnthe fAPediéncy TbémpaRkhtudes of
the frequency conponents of the 1nternediate signal g2(t) that is output

from doubded phaegrebmpohréAthafeindbmesdiaversbyyaprgpot)idhat e the 4th
power of the angul ar frequency, nanely, a value obtained by 15 dividing Al
by the 4tduppuer fobm(doublealintegbatonelldyandi vheli berm2thgtt he 4th power
of (o, and so f orth. In other words, the anplitude of each frequency
conpdhentexpressedr hedtheefseguancy2ceonponent i anduthet phasen doubprent
integrator 112 increases in inverse proportion to the 4th 20 power_ of the
angular 1PEqAEHEYRAl BREnARGH(R) PFRGHERRYLCEECONES FeReFheTRSTS! he

ST SR, B Uk Bt 32V Pk 97} SOURLE 18" SOERLE kbR,
- (9), double iﬁtegrator II2 maintains unaltered the mutual phase
relationships of the frequency components of original signal
10 £(t).

The amplitudes of the frequency components of the
intermediate signal g2(t) that is output from double
integrator II2 have values inversely proportional to the 4th
power of the angular frequency, namely, a value obtained by

15 dividing Al by the 4th power of w, a value obtained by
dividing A2 by the 4th power of ®w, and so forth. In other
words, the amplitude of each frequency component of
intermediate signal g2(t) that is output from double
integrator II2 increases in inverse proportion to the 4th

20 power of the angular frequency as the angular frequency
becomes lower.

Thus, the intermediate signal gp(t) that is output from
double integrator Iip is:

Alo1™??

A2w27*

25 gp(t)=(-1)" [Sin(w1s +01),Sin(w2t +62),--,Sin(wnt +6n)] -+ (5)

Anon™
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Ano)n-"' 15 1 5 MAR 1004 As can be seen by conparing equation (2) with
equation (5), the termwhich is represented by the frequency conponent

and the phase conponent of internediate signal gp(t) that ii 2 t from
double integrator lip is identical with the term5 that il Qﬂﬂg @gd by

t he frequency conponent and phase conponent of original signal f(t). It
can therefore be seen that, in the internediate signal gp(t) that is

out put from dﬂ@bésnlﬁéegééﬁ%ylé&npéf@ng{w Ltidase2 y ahabh coghapieh the
frequency conponents of original signal T(t) is maintained 10 unaltered.
Al so, the(sypl the/desrnf whieh f 1€ qbeptys gD nent thef fréequiatiae datposégbal
gp(t) that is output fromdouble integrator lip have values inversely
proporti carad tloetpleaseovempd@pent ofecimternedidte@iagral gwie) ythatvhsue
obtained 15 by dividing Al by wraised to the power 2p, a val ue obtai ned
by di vi diowgtp@t bfromrdosklet ntégrgomwerIp, isndenticak twitm the heermor ds,
the anplitudes of the frequency conponents of internediate signal gp(t)
that §s othpttisrenpressed bynthegrifequengy srRBRRENt P RRR%E proporti on

becorms. FUNRAEETREOF PEIFLNTA SLGREhat CELT (15t P (ezatore k) Sedn,
e e o Bl Enl Sy Bk FUSESRAYE B LR SR
gge; f hcggggﬁe@%glgﬁgégragmﬁ& PERe Mut GLE fl e & e HEORSALRIS b2 chE. - -
frequency components of original signal f(t) is maintained
10 unaltered.

Also, the amplitudes of the frequency components of
intermediate signal gp(t) that is output from double
integrator Iip have values inversely proportional to the
power 2p of the angular frequency, namely, a value obtained

15 by dividing Al by o raised to the power 2p, a value obtained
by dividing A2 by ® raised to the power 2p, and so forth. In
other words, the amplitudes of the frequency components of
intermediate signal gp(t) that is output from double
integrator Iip increase in inverse proportion to the power 2p

20 of the angular frequency as the angular frequency becomes
lower.

The intermediate signals gl(t), g2(t), ..., gp(t) shown
in the equations (3) to (5) that are respectively output from
double integrators I1I1, II2, ..., lip are respectively

25 multiplied by pre-set coefficients -Bl, B2, ..., (-1)FBp by
coefficient generators bl, b2, ..., bp and added by adder

SuMl.

16



16 1 5 MAR 2004 Consequently, the |ow frequency range enphasi zed si gnal
g(t) that is output fromadder SUML is: g(t) = -Blgl(t) + BZgZ(t) +-1"
Bpgp(t) (6) I'n other words, the | ow frequency range e S|gna
g(t) is: g(t) = AltBjwl-2l i=1 A2Bjw2-2] I=I Sin(colt + 1&Ah

82), ,Sin(wnt + On)] . (7) 10 Ant Bf wn'2l |=i Consequently, as can be
seen by conparing equation (2) wth equation (7), the termof the | ow

frequency rangeonggaﬂéﬁtzyd éhsn%wgﬂaé%e&%fsz?ségaye&,ﬁxgagiﬁeae9@ nal

conponent and the phase tonponent is identical with termof fThe
original §(€$a£h££tiseéﬁfgﬁﬁeﬂrbm 488efregMengy; conponent and phase
conponent, so in the requency range enphasi zed signal g(t) the
nmut ual phase rel ati onship of the frequency conponents of the original
si gnal f(gQ)a:s—mge(sm-\Be@zaQ—umhangpgu(t)'l'he té6mn t hat expresses the
frequency conponents of the |ow frequency range enphasized signal g(t)
contains no resonance pole. This is a reason why, as a result of the
soundS qual i ty Impethenenerds, thbeplégeﬁ¥GQWQ@ﬁYl@@ngﬁ.%mhb@%iésdsound

quality is obtained with no specific resonance in the
signal g(t) is:

A1 Biwl™
j=t
P
A23 Biw2™ |
g()=| %% {“’2 [Sin(@1t + 61), Sin(@2t + 62),---,Sin(ant + )] -~ (7)
10

L
AnY, Bion™

= J

Consequently, as can be seen by comparing equation (2)
with equation (7), the term of the low frequency range
emphasized signal g(t) expressed by the frequency component

15 and the phase component is identical with the term of the
original signal f(t) expressed by the frequency component and
phase component, so in the low frequency range emphasized
signal g(t) the mutual phase relationship of the frequency
components of the original signal f(t) is preserved

20 unchanged.

The term that expresses the frequency components of the
low frequency range emphasized signal g(t) contains no
resonance pole. This is a reason’why, as a result of the
sound quality improvement of the present invention, a gentle

25 sound quality is obtained with no specific resonance in the
low frequency range.

Next, the principles of operation of high frequency

range emphasis processing by high frequency range emphasis

17



| ow frequency range. Next, the principles of operation of high frequency
range enphasi s processing by high frequency range enphasis 17 MAR 2004
processi ng section 200 will be described below. The ori ?isrmib@nal f(t)

i ndi cated by equation (1) and applied to input term nal ! first of
all subjected to double differentiation by double differentiator DDl. The
i ntermedi ate signal hl(t) that is output fromdouble differentiator DDl

in this Cafsc%ésihsre&e%ﬁbnhébb)wf1f1$62&es£@f923_£éia&n1twﬁe9ékig§haﬁce2t
+ 02),- Sin(cvnt™+ 6n)] (8) 10 LAncvn2 | As is clear by conparing

equation &Pyn¥it B(eJURLHPBat8A, byt BQubBLBhCKD) ea8@Uapy1ib8 tHeaHBlEY
conponent and phase conponent of internediate signal hl(t) that is output

from doubbemghblierrpuiraier £DPSti 6fi dEDt s6Bjedtéd tdedbebIel5 expressed by
t he frequency conmponent and phase conponent of original signal f(t). In

t he i nt erdkfifarensigtdbnhbyt foubde disfeveptiatoonPBbubl Bheifferentiator
DD1, the nutual phase relationship of the frequency conponents of

ori gidal snpemhedigty signpdrbilote phateiscoutpehafien. dogb¥ee anplitudes
of the frequency conponents of internediate signal hl(t) that is output
fnon1doub@bffﬁrﬁﬂ§iggPFaPBi bp1thégecasputs Prepeferenal to the square of
t he angul ar frequency, nanely, a value obtained by

Alwl?
A2w2°
hl(t)=— ?2 [Sin(a)lt +61), Sin(w2t + 62),-- -, Sin(awnt + 6’n)] o (8)

2
10 Anon

As is clear by comparing equation (2) with equation (8),
the term expressed by the frequency component and phase
component of intermediate signal hl(t) that is output from
double differentiator DD1 is identical with the term

15 expressed by the frequency component and phase component of
original signal f(t). In the intermediate signal hl(t) that
is output from double differentiator DDl1l, the mutual phase
relationship of the frequency components of original signal
f(t) is therefore preserved unchanged.

20 The amplitudes of the frequency components of
intermediate signal hl(t) that is output from double
differentiator DD1 have values proportional to the square of
the angular frequency, namely, a value obtained by
multiplying Al by the square of ®w, a value obtained by

25 multiplying A2 by the square of ®, and so forth. In other
words, the amplitude ef the frequency components of
intermediate signal hl(t) that is output from double

differentiator DD1 increases in proportion to the square of

18



mul tiplying Al by the square of co, a value obtained by 25 multiplying A2
by the square of w, and so forth. In other words, the anplitude of the
frequency conponents of internediate signal. hi(t) that i1S5OMK8u%] jlrom
double differentiator DDl increases in proportion to the squar p 18 15
MAR 2004 the angul ar frequency as the angul ar frequency becones higher.
The internediate signal hl(t) that is output fromdouble differentiator

DD1 is agai ' e I j f . ag .l Ok
differ en%%o#%&sgr%ﬁégqﬁt%ﬁte%a%%%%gf%%cfhat ?nsleséut put from
t he doubl'rﬂ%!qiéﬁerent lator DDl is: 10 h2(t) =1 IAtol'" A2ro02' [Sin(colt

+ 01), Sin(to2t + 92), , Sin(tont + On)] (9) Anton' J As can be seen by
conparing equath®nihermeédiatgduaidgmal KD)t) tieat eldn ddeput SELAPr @56BUe DY

t he frequency conmponent and phase conponent of internediate signals h2(t)
that is I&iffgpentiabtorddDbl s dagdtm esub peoredD2 idoubleamti cal with the
term expressed by the frequency conponent and phase conponent of original
si gndl f (d)fferenbintihendiyrdopele cdhf ferantiatory MRY mep athesi gnal h2(t)
that is output fromdouble differentiator DD2 |ikew se preserves

unchangediifrrmediate pignak h26F ht teashiH Bitate F5QR R ydWedRnent s of

ori gi nal
differentiator DD1 is:

Alwl
10 h2(t) = A2?24 [Sin(a)lt + 01), Sin(w2t + 62), -+, Sin(wnt + Hn)] e (9)
Anan’
As can be seen by comparing equation (2) with equation
(9), the term that is expressed by the frequency component
and phase component of intermediate signals h2(t) that is
15 output from double differentiator DD2 is identical with the
term expressed by the frequency component and phase component
of original signal f(t). It can therefore be seen that the
intermediate signal h2(t) that is output from double
differentiator DD2 likewise preserves unchénged the mutual
20 phase relationship of the frequency components of original
signal £(t).

The amplitudes of the frequency components of the
intermediate signal h2(t) that is output from double
differentiator DD2 have values proportional to the 4th power

25 of the angular frequency, namely, a value obtained by
multiplying Al by the‘4th power of w, a value obtained by
multiplying A2 by the 4th power of ®w, and so forth. In other

words, the amplitude of the frequency components of the

19



signal f(t). The anplitudes of the frequency conponents of the

I nternmedi ate signal h2(t) that is output from double Igf ke pat or DD2
have val ues proportional to the 4th power 25 of the anﬁélM%fszuency,
nanely, a value obtained by nmultiplying Al by the 4th power of w, a val ue
obtained by nultiplying A2 by the 4th power of au, and so forth. In other
words, the anplitude of the frequency conponents of the 19 15 MAR 2004

i nt er medi €0 Pnd820+ 8261 gnbidha| £) OLhRY! 1 £ SUL QU EFom JubliB8N! | at of DD2

i ncreases i n proportion power e angul ar frequency as the

angul ar fgearepenthaessesp2hifBebasaslikeprfort 168" 880LAEE48hIBalelq(t)
that is output from double differentiator Ddg is: hg(t) = (-1 Al col 2qg

A2w22q Si af Wwhe +@hgudbap( freqihcySas( vhe+enghlar (fréjuéfcyAbendnes As w | |
be clear from conparison of equation (2) with equation (10), the term
that is elxpgbesed by the frequency conponent and phase conponent of

I nternedi ate signal hgq(t) that is output fromdouble differentiator DDq
i si deftical 15LhkeWishe teorermpdiatecgighnalhbaftéqbatyigonpbnutt fann
phase conponent of ori gi nal nal f(t). It can therefore be seen that

t he |nter@%@bbﬁedéfﬁﬁﬁﬁnﬁéPF?rtgﬁﬂ i§ output from doubl e differentiator
DDg preserves unchanged the nutual phase

Alw1*
A2002% |
hg()=(-1"|""."  ([Sin(wlt +81),Sin(w2t + 62),--,Sin(ont + Gr)] -+ (1 0)

Anaon*
10

As will be clear from comparison of equation (2) with
equation (10), the term that is expressed by the frequency
component and phase component of intermediate signal hgi(t)
that is output from double differentiator DD? is identical

15 with the term expressed by the frequency component and phase
component of original signal f(t). It can therefore be seen
that the intermediate signal hi(t) that is output from double
differentiator DD? preserves unchanged the mutual phase
relationship of the frequency components of original signal

20 £(t).

The amplitudes of the frequency components of
intermediate signal hi¥(t) that is output from double
differentiator DD? have values proportional to the power 29 of
the angular frequency, namely, a value obtained by

25 multiplying Al by w raised to the power 29, a value obtained
by multiplying A2 by ® raised to the power 2? and so forth.
In other words, the amplitude of the frequency components of

intermediate signal hi(t) that is output from double

20



rel ati onship of the frequency conponents of original signal 20 f(t). The
anplitudes of the frequency conponents of internediate signal h4(t) that
is output fromdouble differentiator DDg have val ues ﬁri Ri208kal to the
power 24 of the angular frequency, nanely, a val ue obtained by 25
multiplying Al by wraised to the power 2q, a value obtained by
multiplying A2 by wraised to the power 2g and so forth. |In other words,

the anpli e Qe NG YT | ' ignal 9 (t)
that is o%?%ﬁ?gé?%?ngaéﬁb?g rZEOqy T 5 I\/AReLg{O 4:(2:T (ﬁo fééi:og{]ﬁi ;l"ltrg&q‘lélq |nclr%gses in

proporti ofrdhEnéPerangeliato thEUPEREY P@iaxfGHeD driyi R relflidiicy he
angul ar frequency becones higher. The internediate signals hl(t), h2(t),
., hq(tpebomasi Ragrdrby the equations (8) to (10) and output from double

differentiators DDl1, DD2, ..., Ddg are respectively multiplied by
coefficients -The Rtermediété)sijginaldahl () e haet) pef or chaadt)in
coefficient generators cl, c2, ..., cq, and then added by adder SUMD. 10

The hd gh imdfoaheqd b¥nybeecephationd 68ynbd 610) amdtoutpubufpom feuvbiledder
SUMD is therefore: h(t) = -Ahl(t) + Ch2(t)- +(-1)9 Cghq(t) (1 1) 15
is: 20 Théifferenhbahpyfa PPequBhiy rangel i vespechheeln(t) At g wl2J
J=1 A2 g w22J
(gmultiplied by coefficients -Cl, C2, ..., (~1) %Cq that were
set beforehand, in coefficient generators c1, c2, ..., cq,
and then added by adder SUMD.
10 The high frequency range emphasized signal h(t) that is

output from adder SUMD is therefore:
h(t)=-C1hl(t) + C2h2(t)—-+(~1)* Cghg(t) --- (1 1)

That is, the high frequency range emphasized signal h(t)

15 is:

r q
A1Y Cjwl1¥
=

q . 2
1@)=| 2RI [Sin(le + 61), Sin(w2t + 62), -, Sinant + )] - (1 2)

, An3 Cjon*
20 - .

Consequently, as will be clear by comparing equation (2)
with equation (12), the term that is expressed by the
frequency component and phase component of high frequency
range emphasized signal h(t) is identical with the term that

25 is expressed by the frequency component and phase component
of original signal f(t), so the high frequency range

emphasized signal h(t) preserves unaltered the mutual phase

21



J=t [Ant gwn2J I|=l Sin(wlt + 61), Sin(w2t + B2), , Sin(wnt + en)]

(1 2) Consequently, as will be clear by conparing equajion (2 wth
equation (12), the termthat is expressed by the freq snﬁﬁﬁc onent and
phase conponent of high frequency range enphasized signal h(t) is
identical wwth the termthat 25 is expressed by the frequency conponent
and phase conponent of original signal f(t), so the high frequency range

enphasi zeg 3G st B OORS VBSe HIBHA L hdiseris unt hihaser 2d1dd1 MAR 2004

rel ati onships of the frequency conponents of the original signal f(t).
The ter mdiytaexrepses the frequency conponents of high frequency range
enphasi zed signal h(t) contains no resonance 5 pole. This fact is the
reason why a grhd |emoutith€ustpiltessed htheo Srenidriay reaawrnerts soHbhbhghed
in the high frequency range as a result of the. sound quality i nprovenent
of the pIEspEnénvemgerenptiasizedeignel dduemantaing: opresenancsi gnal
g(t) 10 represented by equation (7) has been subjected to | ow frequency
rang® emelst s pivbestacly s theoreanan e identoe Fowhaidlitnge
enphasi s processing section 100, it is multiplied by qverall coefficient
B that detidihinRssRerlfieFetenAnte\g rRkfiringd ddhddie il requency

Ba(t) o BRAE Fock TR 2T PO a0
represen%&ggsent invention.

After the low frequency range emphasized signal g(t)

10 represented by equation (7)‘has been subjected to low
frequency range emphasis processing as described above in low
frequency range emphasis processing section 100, it is
multiplied by overall coefficient B that determines the
degree of low frequency range emphasis in coefficient

15 generator 300 and supplied as low frequency range signal
Bg(t) to adder 500.

High frequency range emphasized signal h(t) represented
by equation (12) that has been subjected to high frequency
range emphasis processing as described above in high

20 frequency range emphasis processing section 200 is multiplied
by overall coefficient C that determines the degree of high
frequency range emphasis in coefficient generator 600 and is
applied to adder 500 as high frequency range signal Ch(t).

The original signal £(t) represented by equation (1),

25 which was applied at input terminal INPUT, is applied
directly to adder 500; Adder 500 adds the low frequency
range signal Bg(t) and high frequency range signal Ch(t) and

original signal f(t) referred to above, and outputs the

22



by equation (12) that has been subjected to high frequency ra&ge enphasi s
processi ng as descri bed above in high 20 frequency ra?déhﬁ@bﬂ i S
processing section 200 is multiplied by overall coefficient C that

determ nes the degree of high frequency range enphasis in coefficient
generator 600 and is applied to adder 500 as high frequency range signal
Ch(t). The original signal f(t) represented by equation (1), 25 which was
appl i ed glodpyited Csutpat t&RMMmal sowp? etk slitRet |91 drarduiet ) S500rhédder
500 adds the | ow frequency range signal Bg(t) and high frequency range

si gnal Ch{ddp@teighaDipet) stigeel 1§ (dutpef ets eshiputbmmyicall QuUTpuTs t he
22 1 5 MAR 5604 5 result to output termnal OUTPUT as output signal F(t).
The out pig theredordi) that is output to output termnal OUTPUT is
therefore: F(t) = Bg(t) + f (t) + Ch(t) (1 3) The output signal F(t)
that is output at output term nal PUT is therefore: 10 h(t) _ A1(1 + BP
Bjc)l-2J F(Qi= Biey2 23) 9EAUk=" A28 13} B Bjn-2J + CE Ckw22k) J=I k=l
[Sin(kcolt + 01),Sin(w2t + 92), ,Sin(wnt + 9n)} An(1+BBjwn-2J +Ct Ckwn2k) C

L4) J=1 k=1 It can be seen by conparing the equation (14) with 1
equation (2) tThe® ewePve st e%ggb YRé% fFERENAF ougpg% fernthal
OUTPUT is therefore:

- —

A1(1 + B3 Bjol™ +CY. Ckwl")

J=1 k=i

. - q
10 @)= Az(l + Bfé, Bjw2™ + CECW") [Sin(alt + 61), Sin(w2t + 62),---, Sin(ant + 6n)]

An(1+BiBja)n"" +CiCkcon2") e (4D

J=i k=1

- p

It can be seen by comparing the equation (14) with
15 equation (2) that the term expressed by the frequency
component and phase component of the output signal F(t) is
identical with the term expressed by the frequency component
and phase component of original signal f£(t), so the output
signal F(t) preserves unaltered the mutual phase
20 relationships of the frequency components of original Signal
f(t).
In the equation (14), if we assume that B = 0 and C = o,
output signal F(t) is the same as the original signal f(t).
By extracting from equation (14) only the amplitude

25 term, we have:
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conponent and phase conponent of the output signal F(t) is identical with
the term expressed by the frequency conponent and ph35§ conponent of
original signal f(t), so the output signal F(t) presdr¥dMARIZB0K ered t he
nmut ual phase 20 rel ationships of the frequency conponents of original
signal f(t). In the equation (14), if we assune that B = 0 and C = O,

out put signal F(t) is the sanme as the original signal f(t). By extracting
fromequation.(14) only the anplitu e, 25 term we have: 23 1 5 MAR 2004 5
h(t) A1(1 + IJEA%I\ML %Jsz)l(aE*@;ﬁ/@,gA(@zfﬂh 1 k=1 J A2(1 + BEBj w2-2J +CECkw22k1
J=1 k=1 J 1,1, ?ﬁL. 5}k A BE Bjwn-2J + CE Ckwn2k) J=1 k-1 If

the respectiy L.p E l with values A, A2, .. An
representh(r%:t‘lﬂlgci né}ﬁcét/@gz Bﬁﬁé“’?& queney] confobiBent s of the ori gi nal
signal are pljotted on respectlve frequency axes, the frequency-gain
characteristifc A @lthe 10 w@vef ﬁr1asis processing circuit can be

g4 n

obt ai ned. Fi QW Vfn” B the frequency-gain characteristic
of tHe audi o 'si gnal maveforn1enpha3|5‘ processing circuit shown in Fig. 1,

which is obtained b suitably sel ecti coefficients Bl 2 Bp, B
Cl, C2, If thg respectigé coeffié?%nts assoc{gteéSWié% 'values P ©

Al, A2, ..., An representing the”amplitude of the frequency

'components of the original signal are plotted on respective
frequency axes, the frequency-gain characteristic of the
10 waveform emphasis processing circuit can be obtained.

Fig. 2 shows an example of the frequency-gain
characteristic of the audio signal waveform emphasis
processing circuit shown in Fig. 1, which is obtained by
suitably selecting coefficients B1l, B2, ..., Bp, B, Cl, c2,

15 ..., Cq, and C in accordance with equation (15).

As is clear from Fig. 2, the frequency-gain
characteristic of the audio signal waveform emphasis
processing device is flat in the middle frequency range. In
the low frequency range, the gain increases as the frequency

20 becomes lower, while, in the high frequency range, the gain
increases as the frequency becomes higher.

Coefficients Bl1, B2, ..., Bp and C1, C2, ..., Cq can be
found by solving the following linear simultaneous equations

with number of unknowns n=p+q indicated below.

25  [y1=1+B%Bjol™ +C¥ Chol®

jvl k=1

- -2
2= 1+BZBJa)2 +CLChO2* (1 g)

i=1 k=l

Vn=1+B3. Bja)n"’ +C3 Ckam™

L =l k=l
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15 Cg, and C in accordance with equation (15). As is clear fromFig. 2,
the frequency-gain characteristic of the audio signal waveform enphasis
processing device is flat in the mddle frequency rapge Bn he | ow
frequency range, the gain increases as the frequency OMé C s | ower,
while, in the high frequency range, the gain 25 increases as the frequency
becones higher. Coefficients Bi, B2, ..., Bp and C1, C2, ..., Cg can be

f db | Vi t he.foll ow L ' t ' ith nb

o UnknouhB=Rep - Tar cac ad BB B oo tRRLyRrosS SECEha BRI K. Va
| + BE Bj - + Kk = - =1, + Bj '2J + " Ckwn2k
11 k1 PHOTeshRERIERL e abauipt $htatishelta [ 2L 1G ool e e
gain  corsgspandl B0ehAeABgULaln! EAGUEBELESYhe W, ... camon the

desired frequency-gain c cteristic. e sinul taneous equations (16)

have no gener affheSs$filllthABouBUEqERLULAEN( L&) REvELLGI Gederader certain
conditions. In the sinplest case, by putting p+q = n in the sinultaneous

equatsonssélerionpebhitcsontisibh, cBR, be. obt&Pnéddundér &&rt&imcan be
uni quely found. 10 For exanple, in the configuration of Fig. 1, if p=q =
1, in ot heondbtdlensin the case where double integrators |11,

In the simplest case, by putting p+q = n in the
simultaneous equations (16), coefficients B1, B2, ..., Bp and
ci, Cc2, ..., Cgqg can be uniquely found.

10 For example, in the configuration of Fig. 1, if p = q =
1, in other words, in the case where double integrators IIl1,
I12, ..., Iip and double differentiators DD1l, DD2, ..., Ddq,
are respectively of single-stage construction, by setting two
expected points V1, V2, coefficients Bl and Cl can be

15 uniquely obtained by solving the linear simultaneous

equations with two unknowns:

V1=1+ Blwl™? + Clel’ e (17)
V2 =1+ Blw2™? + Clw2?
20 Also, in for example the configuration of Fig. 1, if p =

q = 4, i.e., in the case where double integrators IIl, IIZ2,
..., Iip and double differentiators DD1l, DD2, ..., Ddq are
respectively of 4-stage construction, the coefficients Bl,
B2, B3, B4 and Cl1, C2, C3, C4 can be uniquely found by

25 solving the linear simultaneous equations with 8 unknowns if

the eight expected points V1, V2, ..., V8 are set.

25



112, ..., lip and double differentiators DD1, DD2, ..., Ddq, are

respectively of single-stage construction, by settlng tvwzp 2 d points
Vi, V2, coefficients Bl and O can be 15 unlquely obt ai ne Eyﬂg i ng the

| i near sinmultaneous equations with two unknowns: 1V1=1 + Blcol'Z + Ccol 2
V2 =1 + Blcv2- 2 + G co22 20 Also, in for exanple the configuration of Fig.
1, ifp 4 % case where double integrators 111, 112,

., lip éﬂd=5tégiéﬂﬁﬁfﬁe?§ (thedi or s DDL, DD2, Ddq are respectively of
4- st age onstruchlon Ehe ooefflglents Bl, B2, B3, B4 and d, C, C3, 4
can be u |ng the Bgnear si mul t aneous equatlons W th
8 unkno s |f tﬁe elght expected points Vi, V2, ..., V8 are set. 25 15
MAR 2004 |V1= 1+B evl' gJ +GIkch;k j.1 k=1 V2=1+BEB102- 2J+CECka, 22 J=1 k-1
4 4 v8 =1V Bt B3 Bad 7+ G miB2k Jai klk(l 8) In other cases, a

eneral sol ution’cannot be obt ai ned, but. approxi nat e sol uti on d
gpecial solutlBﬂsoE ﬁrb@as%%ta?ngﬁperal solu f%n cannotsbe obta neg

5 but approximate solutions and special solutions can be
obtained. .
In the configuration of Fig. 1, if p =.§“£’1, in other
words, in the case where double integrators II11, IIZ,’...,
Iip and double differentiators DD1, DD2, ..., Ddq are
10 respectively of single-stage construction, output signal F(t)

is:

Al + Bol™ + Cal?)

-2 2 »
A42(1+ Bo2™ + Ca?’) [Sin(@1t + 81), Sin(@2t + 62),--, Sin(ant + 6n)] -+ (1 9)

h(t)=

15 An(l +Ban™ + Cam’)

The audio signal waveform emphasis processing device
with double integrators and double differentiators of this
construction is an example which exhibits highest cost-

20 performance.

Incidentally, in equation (14), if coefficients Bl, B2,
..., Bp and coefficients Cl1, C2, ..., Cq are all positive,
output signal F(t) diverges as the angular frequency ®
approaches 0. Likewise, in equation (14), the output signal

25 F(t) diverges when the angular frequency ® becomes large.

Therefore, in the configuration of Fig. 1, there is an

unwanted increase in gain in the very low frequency range and
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In the configuration of Fig. 1, if p =qgq '=1, in other words, in the case

where double integrators 111, 112, |I|ip and double difﬁqw‘{)zﬂ rs DD1,
DD2, ..., Ddg are 10 respectively of single-stage constru yorout put

signal F(t) is: 15 A1(1+Bcvl-2 +Ccal2) A2(1+Bcv2"2 +Ccv22) Sin(cilt +
01), Sin(co2t + 02), - , Sin(cont + 9n)] ... (1 9) An(1+Bcvn-2 +Con2)J

The audi o signal waveform enphasis processing device wth double

i nt egr at Opér?nﬁiQQUEkaqdbmﬁr eahiat otAi8f 15hhét ﬁﬁﬁf&%k‘f&t;@nihs an exanpl e
whi ch exhi bits highest cost 20 performance. Incidentally, in equation
(14), if ppettienenuseBl, B2, Bp and coefficients d, C2, ..., Cg are al
positive, output signal F(t) diverges as the angul ar frequency uu
approaches 0. Ackewmdieglyn éguat ppactidal tchecoirt podnfiguadt2o6nf(ih

di verges when t he angul ar frequency au becones |arge. Therefore, in the
confi gur aprderotoFegsutre thatethe gainudoestrdtidtverge in fueguencyhe
very | ow frequency range and 26 1 5 MAR 2004 very high frequency range:
this ¥s nﬁ?ngﬁﬁrﬁgﬁtaﬁ§eiﬁntﬁraéYiB&P99§§$a¢kcb@d¥%§99?ti% atheagufidal
circuit configuration, in order to ensure that the i n does not diverge

in frequefitgndly afigeOnfhgurariorni'pY by ﬁﬂﬂ%E%gs%?yV|ﬁé?e55%p§18Pstﬂ§
| Budlo, ol dngkei.SR0LIBY SRhOn Y e, BGOPLEde I ILED Ll ghane. of g
are appropriately selected or a cut-off filter is employed.
The location where such a cut-off filter is to be inserted is
10 determined taking into account the dynamic range and/or S-N
ratio of the actual device configuration and/or during
calculation process.
In the audio signal waveform embhasis method of the
present invention, coefficients Bl, B2, ..., Bp and Cl, C2,
15 ..., Cqg that can accurately satisfy a frequency-gain
characteristic of any arbitrary form do not in general exist.
However, this fact does not impair the effectiveness of the
present invention.
The present invention lies in ensuring mutually in-phase
20 characteristics between frequency components in a practically
important frequency range using a very straightforward
principle; its essence does not lie in obtaining a general
solution for arbitrary requirements.
Although the present invention is inappropriate for
25 satisfying fine emphasis characteristics, it makes it
possible to cope with characteristic compensation of electro-

mechanical systems such as microphones and/or speakers,

compensation for sound wave propagation characteristics in
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are appropriately selected or a cut-off filter is enployed. The |ocation
where such a cut-off filter is to be inserted is 10 dete{giggﬁ gmking into
account the dynam c range and/or SN -ratio of the actual “d

configuration and/or during calculation process. In the audio signal
wavef or m enphasi s net hod of the present invention, coefficients Si, B2,

..., Bp and O, C2 ..., Cg that can accurately satisfy a
frequenc leh &tf AU o Ve B Ay TSF V. ¥gﬂer
exi st. wWever act oes enot | rrpt(}%}}r ‘ﬁ] aJ ectl enessﬁ% &ha

present léﬁﬁrﬁdrﬁﬁénﬂgﬁ f OROFE dtyLNdven d ivaad rra&fgwr Ig dgipley
I n-phase 20 characteristics between frequency conponents in a practically

-1 mpor t antad juastiesicly (Bo axeEnple adRistmdnaiaghidverelld qgueMfigientsts
essence does not lie in obtaining a general solution for arbitrary

requi r emantd.CA t Mg ideone esnthe mesint i fatwdasmappride iptesdt 25
satisfying fine enphasis characteristics, it nmakes it possible to cope
wi t h Schardaemytisani ¢ conpensati on of el ectro- nechanical systens such as
m crophones and/or speakers, cog)ensatlon for sound wave propagation

characteri sti dst§qy 2Aths HheR Ayalidomsmphasich qfor“’&%%‘ﬁﬁ%‘ﬁy of
auditory perception, and environmental effects etc. over -de range, by
a sinple 1“&’(33%%@’(’?% na FAAWAW QGRS dP dhe zﬁr}t:'(i‘"c?ef TRIWRY B
0% e s LS P SR S e TR o
resonanc%h%%tgtsefirgéi& eéUér{ %ﬁé@%%ﬂ@ﬁaus ig performed in the low

10 frequency range and/or high frequency range.

It is generally said that, in audio engineering, the |
characteristics of the time-axis waveform of the audio signal
are not considered to be important in respect of sound
guality, but, in practice, it is known that they affect tone

15 characteristics.

Whether the waveform characteristic on the time axis
affects sound quality or not is not of the essence of the
presént invention. The essence of the present invention lies
in emphasizing the characteristic of the waveform on the

20 sound axis without destroying the waveform characteristics of
the audio signal.

With regard to the specific techniques of integration,
differentiation and addition etc. of the audio signal, any
technique, whether of the analogue type or digital type, may

25 be employed.
An arbitrary audio signal in a given time zone can be

represented by a Fourier series without loss of generality in

practice. The frequency components and phase components of a
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range, a natural sound quality is obtained with no unusual
characteristics even though enphasis is perfornmed in the |ow 10 frequency
range and/or high frequency range. It is generally said dr&tMAR 208kudi o
engi neering, the characteristics of the tine-axis waveform of the audio
signal are not considered to be inportant in respect of sound quality,
but, in practice, it is known that they affect tone 15 characteristics.

Whet her té@rﬂ@%@fﬂﬁé@r@ﬁtﬁﬁﬁﬁi& Ofh ¢difrd ¢ 18h B¢ eve I AGhses Wddree
quality or not is not of the essence of the present invention. The

essence Qind hei PFEsENtiatient oPrevésnunbeiviftad th tdecicharesheiest i ¢ of
the waveformon the 20 sound axis w thout destroying the waveform

char act erseaties afe imephask carsd orserséiiphassgariti arddpectpen ftite
techni ques of integration, differentiation and addition etc. of the audio
si gnal , ahgnakocbomporentd et fictheforiginaialigal.ypsigicaliigr tid Kiypen may
25 be enployed. An arbitrary audio signal in a given tine zone can be
r epr ésentvdibihen Fuyrteym sef i this, sewias |18 sliofp ol ingversephase ce.
The frequency conponents and fhase conponents of a 28 1 5 MAR 2004 series
obt ai ned iy &ppFReFREPTR RPEFIRIE ofC QR drRreR)y drequrpcy-gain
di fferentiati-on of, even-nunb degr.ee on such a Fourier  series, ar
- phase ARFISVEFLEHTNRE G CRAT BTN CAOMRRITo RS 0Y ne
ori gi nal lgp’gé/ ' it 1 ‘lt&po ym any_ { / [ ries is
i n-phase“glr ] %‘F%eé]gﬁ%sée_,éls? iggt re%]!rlgart;?osrgslqebﬁe{eirqlgno ’aistnﬁeg target
L;eq“encys:i%{& S AL E By A Sp 11 R Uvth Idiady AUFLRE ARG tahPbt ai ned
10 integration in the necessary frequency region.
Fig. 3 shows the frequency-phase characteristic of an
audio signal waveform emphasis processing device shown in
Fig. 1 when the frequency-gain characteristic shown in Fig. 2
is realized. It can be seen that, with the frequency-phase
15 characteristic shown in Fig. 3, the phase distortion of the
output signal F(t) with respect to original signal f(t) is 0°
in the effective frequency range.
Fig. 4 shows the frequency-gain characteristic of a
practical embodiment in which the drawback that the
20 frequency-gain characteristic shown in Fig. 2 has large gain
in unnecessary frequency ranges is compensated. Such a
frequency-gain characteristic can be implemented by employing
a low frequency cut-off filter such that gain is not
increased in a frequency range below a frequency L3 and
25 employing a high frequency cut-off filter such that the gain
does not increase in a frequency range above a frequency H3.

Fig. 5 shows the frequency-phase characteristic of the

audio signal waveform emphasis processing device shown in
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mul tiplying by a group of appropriate coefficients, the signal obtained
by applying even-order differentiation and 10 |ntegrat|on I n the necessary
frequency region. Fig. 3 shows the frequency-phase chal WR‘ 2804c of an
audi o signal waveform enphasis processing device shown in Fig. 1 when the
frequency-gain characteristic shown in Fig. 2 is realized. It can be seen
that, with the frequency-phase 15 characteristic showmn in Fig. 3, the

phase di SEQs!iPNOfwhien O Pibeuaiay-ddin dhdFacespestis SsRoil nal

signal f(t)"is 00 1n the effectlve frequency range. Fig. 4 shows the
frequencyrgp 4 ch@rpgsdeizsdi ¢ of a practical enmbodiment in which the
drawback that the 20 frequency-gain characteristic showmn in Fig. 2 has

| arge gain i nNnnpecessy) vif renpelny fragpesndys rampensatad: GEEhba a
frequency-gain characteristic can be inplenented by enploying a |ow

f r equencylawtfxdquénty ecusunhif t fibl tepi nthe phase i i rides ekbw nfrequengoency
range bel ow a frequency L3 and 25 enploying a high frequency cut-off

filter srAngehats tadvapted apks hbtthedrighhefrequenigeqanay tangetadbfe a
frequency H3. Fig. 5 shows the frequency-phase characteristic of the
audi o si %IaM&Wml@W%s@%‘?%WQ% Bhastfh 1 B thighpr 2004

Fig. 1 |n whi ch the frequ n(y %ﬁ*n characteristic showmmn in Fig. 4 1is
real i zed THGHYRIRY F2nge § ?qEquency range is cut off by a |ow

ety cu e e i U Te LS e
cut-off fpidery Q%&@é%éﬁ&é@dﬁ'% dS RGNS JAGR | FowletAYEGency

10 cut-off filter and high frequency cut-off filter are
determined such that the frequency ranges where phase
distortion occurs are beyond L3 and H3, in order to ensure
that phase distortion does not occur in the effective audio
frequency range.

15 Fig. 6 shows an example of the frequency-gain
characteristic obtained by an audio signal waveform emphasis
processing device as shown in Fig. 1 in which the frequency-
gain characteristic shown in Fig. 8 is realized.

The frequency-gain characteristic shown in Fig. 6 can be

20 obtained by setting p = q = 5 or so in the configuratibn
shown in Fig. 1. The frequency-gain characteristic shown in
Fig. 6 is characterized in that the gain drops to the bottom
in the vicinity of frequencies L3 and H3.

Fig. 7 shows the frequency-phase characteristic of the

25 audio signal waveform emphasis processing device shown in
Fig. 1 in which the frequency-gain characteristic shown in
Fig. 6 is realized. The freqdency—phase characteristic in

Fig. 7 shows that the phase distortion of the output signal
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If therefore a frequency-gain characteristic as shown in Fig. 4 is to be
achi eved, the constants of the | ow frequency 10 cut-off filter and high
frequency cut-off filter are determ ned such that the frehﬁeMAR ﬂmhges
where phase distortion occurs are beyond L3 and H3, in order to ensure

t hat phase distortion does not occur in the effective audio frequency
range. 15 Fig. 6 shows an exanple of the frequency-gain characteristic

obtai ned e Ayl Lo3hgoe! LYILEE 0L SIMEASE Pon] OFEEST 1Y deviferds Shown

in Fig. 1 1n which the frequency- gal arac eristi own in Fig. 8 is

realized. eﬂfgbéiegugggqugﬁbg ghRgacteristic shown in Fig. 6 can be 20
obtained by setting p = q =5 or so in the configuration shown in Fig. 1.

The frequency-gewsvehar aht Ehist c8s6haV®o ) Nas Rilfow® 15 ©I@I ag! eth&edakn
that the gain drops to the bottom in the vicinity of frequencies L3 and

H3. Fig. ihcheasesheapiélyecbe)ophfsequéneyclerand i gbove t feqiéneydig,

si gnal waveform enphasis processing device shown in Fig. 1 in which the
f requiencys@atini s his astell sunsutbabie | fior practical rapplieattidhe A low
frequency phase characteristic in Fig. 7 shows that the phase distortion

of the 0 ’Eﬁﬁu%"r‘%ﬁa‘l’ugnoﬁfo%WQOmdF?t‘)igﬁltf‘F?W W1 REL of LiEanl

2267 L e ot oS L BRI ey 14
and vove, HERUEIEY, Fﬁa‘ﬂeﬁﬁq%%?c%ﬁasws%t%ﬁléirﬂff%etﬁ?eghcx et AL, 681 - o
filter %&é&@é@é% ®nidh W AGCeA Sy FERFS LAY FllqRidcy Hfa.

10 Fig. 8 shows the frequency-gain characteristic of a
practical embodiment wherein the drawback that the frequency-
gain characteristic shown in Fig. 6 has large gain in
unnecessary frequency ranges is compensated. This freqﬁency-
gain characteristic can be implemented by employing a low

15 frequency cut-off filter such that the gain does not increase
in the range below frequency L3 and by employing a high
frequency cut-off filter such that the gain does not increase
in the range above frequency H3.

Fig. 9 shows the frequency-phase characteristic of the

20 audio signal waveform emphasis processing circuit shown in
Fig. 1 in which the frequency-gain characteristic shown in
Fig. 8 is realized. |

In this case also, if the low frequency range is cut off
by a low frequency cut-off filter, the phase in the low

25 frequency range is advanced and, if the high frequency range

is cut off by a high frequency cut-off filter, the phase in

the high frequency range is delayed.
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unnecessary | ow frequency range bel ow frequency L4 and the unnecessary
hi gh frequency range above frequency H4. 10 Fig. 8 shows the
frequency-gain characteristic of a practical enbodi ment whey MAR 2004
drawback that the frequency- gain characteristic shown in Fig. 6 has |arge
gain in wunnecessary frequency ranges is conpensated. This frequency gain
characteristic can be inplenented by enploying a | ow 15 frequency cut-off

15 et St Bhetleall: NilgRos NekohREhER Goh Il IfaL PROFSPRE US| LRAURNCY

L3 and by enployrng a requen er _suc he“gain
does not jjgcregseg g EBebéai‘Sﬁli‘QiQﬁg éﬁéﬂ‘g&gﬂax&@s &k 9thd ;89% t e

frequency-phase characteristic of 20 audi o signal wavetorm enphasis

processi ngré&fienty SHOWBEFENEiThEr dndNhibh ChréhEehéfIbeRCY kN ter
characteristic shown in Fig. 8 is realized. In thi's case also, if the | ow

f r equencyar@ngetésmeibdokfichbyhat! thef reayency whickRfphdsédt @istbbeighase
in the low 25 frequency range is advanced and, if the high frequency range

is cli offsbyemehaybdf Lbgsecovystde-bL3fahd| B2y, ih herddmsthat phaeehi gh
frequency range is delayed. 31 .1 5 MAR 2004 Therefore, when a

frequencydigtorthonatsenptigenasatedwin the Rffegtive taudior neauencyt he

constants of the low frequency cut-off filter and high frequency cut-off
filter oa¥¥¢Rternm ned such that the range in which phase distortion 5 is
generated |ies_outsi in order thay phase djstortion is not

g L3, and. H3,
generated in tHeSefYy g?i§§g%ﬁﬁiBaY?@ﬁﬂEﬁ%th? PTAFRSSIRY A8y {rg| may

mavefonnggm%ggifzg50ﬁ§§sing devi ce may

10 (1) an analogue device constituted by analog passive
elements and active elements;
(2) a digital device that digitally calculates a
digital signal;
(3) a digital signal processor (DSP) that performs
15 software calculation;
(4) a device constituted by package software and
gsoundboard control software.
Fig. 10 is a circuit diagram showing a specific circuit
configuration wherein an audio signal waveform emphasis
20 processing device according to the present invention is
realized by an analogue circuit constituted by passive
elements and active elements.
In Fig. 10, low frequency range emphasis circuit 10
corresponds to low frequency range emphasis processing
25 section 100 shown in Fig. 1; high frequency range emphasis
circuit 20 correspondé to high frequency range emphasis
processing section 200 shown in Fig. 1; low frequency range

adjustment circuit 30 corresponds to coefficient generator
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be realized by: 10 (1) an anal ogue device constituted by anal og passive
el enrents and active elenents; (2) a digital device that gi h& I
calculates a digital signal; (3) a digital signal proce s‘g ﬁb&% t hat
perfornms 15 software cal culation; (4) a device constituted by package
software and soundboard control software. Fig. 10 is a circuit diagram
showi ng a specific circuit. configuration wherein an audi o signal

wavef or m 30 hstsown 20n pFbg ess; Ngigle v cequency drangd cad hespreasentitrouent i on
is realized by an anal ogue circuit constituted by passive - elenents and
active el4hepsrespondy. tdOcoedfild¢iantuegeneratae 40 reisdwn cinchbig. 10;
corresponds to | ow frequency range enphasis processing 25 section 100
shown in & addibign ¢iegubhcyO repmeesperdsite addenil0@cshewnebponds to
hi gh frequency range enphasis processing section 200 shown in Fig. 1; |ow
frequency¥&ngk: adjustment circuit 30 corresponds to coefficient

0] et mont ol TROH 1 FPRGUERTY R TRt 1 TR g R 305 Rhown | n
Fig. 1; ”dnféjdirkéé) r%{é{g#p#é gu oL T u'pf d)(s)lté) adderSI'E.ﬁlq\l hIQ\Nn in Fig.

1. 5 Low Trequency T crre conprise ‘doubl e

Eg’é?g,raalzé%gfl%&%res%&%r étﬂrg connect edi\ltoN g%ﬁ)ﬁ%s o‘?gﬂf}%%ggabl e

i ntegratidghfdd€attfo the outputs of the N double integrating circuits
11-1, 11-2, ..., 11-N; a first inverting amplification
10 circuit constituted of an operational amplifier 13 and
resistor 14, for adding the outputs of coefficient generators
12-2, 12-4, ..., 12-N; and a second inverting amplification
circuit constituted of a resistor 15 and operational
amplifier 16 and a resistor 17, for adding the output of the
15 first inverting amplification circuit and the outputs of
coefficient generators 12-1, 12-3, ..., 12-(N-1).
The N double integrating circuits 11-1, 11-2, ..., 11-N
correspond to the double integrators IIl, 112, ..., Iip shown
in Fig. 1; the N coefficient generators 12-1, 12-2, ..., 12-N
20 correspond to the coefficient generators bl, b2, ..., bp
shown in Fig. 1; and the first inverting amplification
circuit and second inverting amplification circuit correspond
to adder SUMI shown in Fig. 1.
The N double integrating circuits 11-1, 11-2, ..., 11-N
25 may respectively be constituted by the circuit shown in Fig.
11. |
In Fig. 11, the double integration circuit (II_B) 11

comprises a first integrating circuit consisting of resistor
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11-1, 11-2, ..., 11-N, a first inverting anplification 10 circuit
constituted of an operational anplifier 13 and resistor 14 &ﬁ@ addi ng

t he out puts of coefficient generators 12-2, 12-4, 12-N; econd
inverting anplification circuit constituted of a resistor 15 and
operational anmplifier 16 and a resistor 17, for adding the output of the
15 first inverting anplification circuit and the outputs of coefficient
generat orsr 1Rt 1, cdpaditor. 11 181 ( Nrdaistdie 1N duBiblend dmer@tidgali rcuits
11-1, 11-2, ., 11-N correspond to the doubl e integrators 111, 112, ...,
lip showrampmfigr 11_0PE ahdcefdecoredtirgesrat g d&@iﬂké’nsﬂﬁti\hg 20
correspond to the coefficient generators bi, b2, bp shown in Fig. 1; and
the firstof mesistoralplR2j coapacl ter rkliG2 antessiertond IHRe | iagd
anplification circuit correspond to adder SUM shown in Fig. 1. The N
doubl e i mMereFationat|amplifiqy HI qF_'LZz A sigqq!— whazts irmyinws‘@e%wrvel y be

constltutedlﬁg the circuit shomn i n ., the double

i nt egt at | P r'E%ﬁ"Pi’%"l’q- _in i%d?ﬁ)‘fh?]sees“htqql?%*{eq rﬁréfbrjeﬁ i FRYERYE cErem
conS|st|rf81 reS|st §3 R 2004 I1_R1, capacitor Il_C, resistor
S TN

I '?éf? er Il OP1 and a second integrating circuit
consi sting of r | cl t.0 PSS o) d
oper at i onal arerr |€%8#?é®§mr%?§é)g%ﬁaéh%ﬁﬁi% *’%‘f‘{%ﬁtzﬁ r(‘f)c'rr"1l nput t erm nal

4 b S SARLEOLAL ShpLde SO YL SO0E UMbl Ty oo
anpl i fi caid Ofedhethtit@reirdwies pi-N double ||, 21-N; N coefficient
10 generators 21-1, 22-2, ..., 22-N respectively connected to

the outputs of the N double differentiating circuits 21-1,
21-2, ..., 21-N; a first inverting amplification circuit
constituted by operational amplifier 23 aﬁd resistor 24, for
adding the outputs of coefficient generators 22-2, 22-4, ...,

15 22-N; and a second inverting amplification circuit
constituted by resistor 25 and operational amplifier 26 and
resistor 27, for adding the output of the first inverting
amplification circuit and the outputs of coefficient
generators 2241, 22-3, ..., 22;(N-1).

20 The N double differentiating circuits 21-1, 21-2, ...,
21-N of high frequency range emphasis circuit 20 correspond
to the double differentiators DD1l, DD2, ..., Ddq shown in
Fig. 1; the N coefficient generators 22-1, 22-2, ..., 22-N
correspond to coefficient generators cl, c2, ..., cq shown in

25 Fig. 1, and the first inverting amplifidation circuit and

second inverting amplification circuit correspond to adder

SUMD shown in Fig. 1.
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differentiating circuits 21-1, 21-2, ..., 21-N, N coefficient 10

generators 21-1, 22-2, ..., 22-N respectively connected to the out puts of
the N double differentiating circuits 21-1, 21-2, .. Pﬁ rst
inverting anplification circuit constituted by operatlonal anp i er

and resistor 24, for adding the outputs of coefficient generators 22- 2
22-4, ..., 15 22-N; and a second inverting anplification circuit

constituted byrresks&eupie ﬁﬂée@?&fﬁﬁg%ﬂcﬁ@é'ilﬁi 2/ apd [ resigiof 27,
for adding the output of the first inverting anplification circuit and

t he out puh&y Obe CO@EPEELENELY JEBREBL Blifed by, tHE-Gircuit Rowht in. F2§. The N
double differentiating circuits 21-1, 21-2 21-N of high frequency range

enphasis X2rcuit 20 correspond to the double differentiators DD1, DD2,
..., Ddg showmn in Fig. 1; the N coefficient generators 22-1, 22-2, ...,
22-N correspob Fégeod?fi thendogeherdifferentiabingchreowhti (DRSBFLY. 1,
and the first inverting anplification circuit and second inverting

anpl iSiceﬁcpmmr%$%u¢tfgﬁwe@%ﬁer%th@rﬁ%wg @m%mmswﬁ@ af 34 1 5

MAR 2004 The, N double_jintegrating circujts 21-1, 21-N may be
respect i VERSAEEEt PRuREd BIPRFLET ?r%?m?lsrﬁﬁ§F$F9¢ﬁQP RLp andi Fig. 12, the

Co e CltSr PR LB SR 2 A PIASR Sl e sto LA ELERT, * 1
oper at onal - 0PI Lt DD CPLoe 200e £2E60"h il QLGP AL S5 011 ¢

consi sting 0 CapaCI
resistor DD_R2, and operational amplifier DD OP2. A signal

10 that is input from input terminal DD _in is double-
differentiated and is output from output terminal DD_out.

The basic operation of low frequency range emphasis
circuit 10 and high frequency range emphasis circuit 20 shown
in Fig. 10 is the same as the processing of low frequency

15 range emphasis processing section 100 and high frequency
range emphasis processing section 200 shown in Fig. 1.

Low frequency range adjustment circuit 30 comprises a
variable resistor 31 and fixed resistor 32 and performs
adjustment of the output level of low frequency range

20 emphasis circuit 10; the output of the low frequency range
adjustment circuit 30 is input to addition circuit 50.

High frequency range adjustment circuit 40 is
constituted of variable resistor 41 and fixed resistor 42 and
performs adjustment of the output level of high frequency

25 range emphasis circuit 20; the output of the high frequency
range adjustment circﬁit 40 is input to addition circuit 50.
Addition circuit 50 comprises a first inverting

amplifier consisting of resistor 51, operational amplifier
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resistor DD-R2, and operational anplifier DD OP2. A signal 10 that is

i nput frominput termnal DD in is double- differentiated and i s output
fromoutput termnal DD out. The basic operation of |(WVﬁ5eﬂRR §y r ange
enphasis circuit 10 and high frequency range enphasis circuit g@ ghomn in
Fig. 10 is the same as the processing of |ow frequency 15 range enphasis
processi ng section 100 and hi gh frequency range enphasis processing
section 299, sidnreésistgr 33 andv thetueddy the gerbglhinsl nehgnalrapplida
conprises a variable resistor 31 and fixed resistor 32 and perforns

adj ust mento ofnpirt berpimal eVepubfahdvthe coptprey ofinkew 20reqpdnSy srangeui t
10; the output of the |low frequency range adjustnent circuit 30 is input
to additi estment sbrouirgdlfanduere ovtpiye ofljhikghefrequeneyt ranges
constituted of variable resistor 41 and fixed resistor 42 and, perforns

ggiUftgeSE?%tsF??n§ﬁibﬁ?utE¥é97o?n%i3hs??%Rﬂm%ﬁxﬁEﬁ#QQUEEP%Q&%@%is_circuit
20 tpe o ol he L op, ysolercyc orce Sl UsbErt cl 411 30 1 o
11 R8RSR TS, R L el o0
50 and 1 REMBLEERE ofE, Juthlits Mnl ko ISRVt BULBLEPI, LG
second invertifige agRkiéi SheratfBR| §f | 16 Ofrd S P ratfye MRS @S tAERL

anplifier 55, and resistor 56 which inverts the output of the first
i nverti ngeigdit tf 3@rafddnogh PEESqidhcy t Pangs pad J ustmenal c{ixdpit . 40handasi ¢

operation of |ow frequency range adjustnent
10 addition circuit 50 shown in Fig. 10 is the same as the
processing of coefficient generator 300 and coefficient
generator 400 and addition circuit 500 shown in Fig. 1.
With the configuration of Fig. 10, just as in the audio
signal waveform emphasis processing device shown in Fig. 1,
15 an output signal having the desired frequency-gain
characteristic in which the high frequency range and low
frequency range are emphasized can be obtained from the
output terminal Output, without destroying the mutual phase
relationship between the frequency components constituting
20 the audio signal that is input from input terminal Input.
Fig. 13 is a circuit diagram showing yet a further
embodiment of an audio signal waveform emphasis processing
device according to the present invention, wherein the
configuration shown in Fig. 10 is simplified.
25 In Fig. 13, this circuit is constituted of a waveform
emphasis circuit (FL1) 600 that performs waveform emphasis in
respect of the high frequency range and low frequency range

on an original signal applied between input terminal Input
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circuit 30 and high frequency range adjustnment circuit 40 and 10 addition
circuit 50 shown in Fig. 10 is the sanme as the processing Ef mﬁ&@ﬁl ent
generator 300 and coefficient generator 400 and addition‘iq 0
shown in Fig. 1. Wth the configuration of Fig. 10, just as in the audio
si gnal wavef orm enphasi s processing device shown in Fig. 1, 15 an out put
si gnal having the desired frequency-gain characteristic in which the high

frequencyad@npiCowidl tOM1Ad EULIEHC YarkdNGe RIEBL ©IBHasi ZAsh € arodecwdt ai ned
fromthe output termnal Qutput, wthout destroying the nutual phase

rel ati ongids beievasti gireal r egeal yammiah did tvetnn Stngutt | tgr@tna helapdt o
signal that is input frominput termnal Input. Fig. 13 is acircuit

di agram srelhvigrpyed terfmindk rGNR dowodli then twanfe formesiphass iged  svbgmd br m
enphasi s processing device according to the present invention, wherein
the confithak hasrbegnviubiedtied to® wavefonn isnphasiz hh wayefamwn this
circuit is constituted of a waveform enphasis circuit (FL1) 600 that
per f & ms SMRRFBYIn Skt 6OQ- respect of the high frequency range and | ow

| nput 36" . 175 WG DbFURHE o RRFA e FEAPRAD, O e A LT B i 1 cui
ind or ouRHERASAR XD BRPThe waver or m emphas, ed o\ gnal - hat  has. been
S 2o L SRHEOLR Bk ST ST S L FPYF 0 1
“ﬁvefOrmdﬂﬂ&%ﬁ%ﬁ%é&rﬁ&”éoﬁ%&hfﬁﬁwﬁ‘déhﬁiéld£¥¥éﬁéntiating circuit

10 (high pass filter) of maximum gain about 30 times consisting
of resistors R3, R4, and capacitors C3, C4 with a double
integrating circuit (low pass filter) of maximum gain about
30 times consisting of resistors Rl, R2 and capacitors C1,
c2.

15 In the waveform emphasis circuit 600 shown in Fig. 14,
the absolute value of the impedance in the low frequehcy
range of capacitors C3, C4 constituting the double
differentiating circuit is a value that is negligible in
comparison with the absolute value of the impedance of

20 resistors Rl, R2 and capacitors Cl, C2 constituting the
double integrating circuit.

Consequently, the effect of the double differentiating
circuit consisting of resistors R3, R4 and capacitors C3, C4
on the frequency-gain characteristic in the low frequency

25 range of the double integrating circuit consisting of
resistors R1, R2 and capacitors Cl, C2 is negligible.

Also, the absolute value of the impedance in the high

frequency range of capacitors Cl, C2 constituting the double
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constituted by conbining a double differentiating circuit 10 (high pass
filter) of maxi mum gain about 30 tines consisting of resistors R3, R4,
and capacitors C3, C4 with a double integrating circuit, (| ow pass filter)
of maxi mum gai n about 30 tinmes consisting of resistorsd : '
capacitors d, C2. 15 In the waveform enphasis circuit 600 shown in Fig.
14, the absolute value of the inpedance in the | ow frequency range of

capaci t ol £ferdrit LORER Lo +\ei £ hies DUl Rie dH{Er@N i MiId Cimt 1S a
value that is negligible in conparison with the absolute value of the
| npedanc exorpaXfi $s i vl €1 St , ali¥blantk osgians taff stHe ,infphdamsd idfiti ng the
double integrating circuit. Consequently, the effect of the double
di f f er entrextistpr<iRTUIR4 coarsd stapapriodforse U3t 34 dstdtwnichg agteei t ors C3,
C4 on the frequency-gain characteristic in the | ow frequency 25 range of
t he doubléoultedgtififerentiating wiedwit.ng of resistors Rl, R2 and
capacitors O, C2is negligible. Al so, the absolute value of the
i npedance in tHhe pifect nge*Fh%/ daje dniegrating sigeui® cansisting ng
t he double 37 -15 MAR 2004 differentiating circuit is a value that is
negl i gi bIRF ixesiHiRET iRbn R t3nd aRasidiafis Glal (& & tHhe iR of
..resistors R4, _and capacitors C3, %ﬁ}c nstituting the :gp bl e
i 11 or onde haF SRR T are £ S dvidh SHRRMAR oA e S99RIR
consi sti ' J%% | %% gde ncy-
O A PR Bleol WA IN0IG U ot R, e 4
differentdgddigedild ¢4 CPNHR Uk Hord Yo g1 ddbed? and
10 The waveform emphasis circuit 600 shown in Fig. 4
therefore acts as a circuit that performs waveform emphasis
for the high frequency range and low frequency range.
The waveform emphasis circuit 600 shown in Fig. 13 could
be constructed of the circuit shown in Fig. 15 instead of the
15 circuit shown in Fig. 14.
The circuit shown in Fig. 15 is constituted by coupling
a high pass filter consisting of resistors R4, R5, R6 and
capacitors C4, C5, CG with a low pass filter consisting of
resistors R1, R2, R3, and capacitors Cl, C2, C3.
20 Waveform emphasis in the high frequency range and low
frequency range can be obtained with the circuit shown in
Fig. 15 just as in the case of the circuit shown in Fig. 14.
The circuit shown in Fig. 15 is in principle third-order
in respect of both the low frequency range and the high
25 frequency range, but, due to the mutual interaction of the

respective constants of differentiation and integration in

the real constant circuit, a characteristic close to second-
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capacitors C3, C4 can therefore be neglected. 10 The waveform enphasi s
circuit 600 showmn in Fig. therefore acts as a circuit that perforns

wavef orm enphasis for the high frequency range and qusfm@g?ﬁ@ﬁy range.
The wavef orm enphasis circuit 600 shown in Fig. 13 could structed

of the circuit shown in Fig. 15 instead of the 15 circuit shown in Fig.
14. The circuit shown in Fig. 15 is constituted by coupling a high pass

filter coisdesd i 19 Obtafed! 066 RoifuiOiasbtLaaridienGls C5, C6 with
a low pass filter consisting of resistors R, R2, R3, and capacitors C

C2, C3. Zrsdveiws menphastsicén the high frequency range and | ow
frequency range can be obtained with the circuit showmnm in Fig. 15 just as
in the case ofinheigi rrd) taddbvdon ncfreuit4700hes comnstttwstednofn Fig. 15
is in principle third-order in respect of both the | ow frequency range
and the hiegi<torfs duerRf, rRggesampanitaecg @nhepanatdonat camplidbenf the
respective constants of differentiation and integration in the real
constiant @¥cuit, a characteristic close to second 38 .1 5 MAR 2004 order
Is obtained, so a circuit is obtained which is effective in practice. In

Fig. 13, addi tSHFRiktutt 99 12 RRRIM R B (Riefillorpeiatienaky,
CaPR Olesh PRLESET LGNS P 14 4 B0 S o P 0
AP o Qo wdras, {l B UHend WpH Bt diif1 LRESH! 68D
is of the same magnitude as the input but inverted in phase.
10 Resistance Rg has scarcely any effect on the input/output
gain of this circuit.

Also, the degree of emphasis in the low frequency range
and high frequency range in the addition circuit 700 is
determined by the relationship of resistor Rg and resistor

15 Rf, since the effect of resistor Ri is negligible.

Capacitor Cg is a capacitor that is necessary in an
actual operating circuit: it has the function of reducing the
DC offset of operational amplifier OP1l and the function of
removing unnecessary signal components of the low frequency

20 range. ‘

Fig. 16 shows the frequency-gain characteristic CLH of
waveform emphasis circuit 600 in the circuit shown in Fig. 13
and the frequency-gain characteristic CM with respect to the
original signal of addition circuit 700.

25 As is clear from the frequency-gain characteristic CLM
shown in Fig. 16, thevlow frequency rangeagnd high frequency

range of the original signal are emphasized by waveform

emphasis circuit 600, and, as is clear from the frequency-
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I's of the sanme magnitude as the input but inverted in phase. 10 Resistance
Rg has scarcely any effect on the input/output gain of,this circuit.

Al so, the degree of enphasis in the | ow frequency range“ &rMARnQ@q
frequency range in the addition circuit 700 is determ ned by the
relationship of resistor Rg and resistor 15 Rf, since the effect of
resistor R is negligible. Capacitor Cg is a capacitor that is necessary

in an acyalfh GREracts8gistieucH, thehssefliéndyrgainrncivdractecisgiches DC
of fset of operational anplifier OP1 and the function of renoving
unnecessatlye sbgbginabnphgral sinf addttiow ¢iecuitcy00 2ecamge. fFay. 16
shows the frequency-gain characteristic CLH of waveform enphasis circuit
600 in the cirdith thewnirguftgshosn idndFige I3 ecqaemvefpin-enphasieedstic
CMw th respect to the original signal of addition circuit 700. 25 As is
cl ear frovignelfvhgeentgwgiiraquencycranrgatard Apigh sHEREUSRCY| Hands, the

| ow frequency range and high_frequency raggs of the priginal signal are
enphadi zP Y HRER: 8PRNe8HEAdSPE ¥RV UPENEoeMPRARLS ZiTQULF e8P0 rom t he

H\S?ﬁ&”éﬁi’?ﬁaﬁ%’? WERD BRP PRAFLER DL AT ORRL bt B bt £ 00t BRE B
whose | o rBEREhcbhscRRknabpkE rrdi ofURY LORILEIE BILAEE SBRER: .

by wave Dopd &i1PN2ebquEhtrllhif00nat QOELRELCYE Pr LBk QL ALARL ShERA! shhat

I's input Trominput “ter nput are output from output term nal
Qutput, spjgheizoysral krb§8EHEPCHNERABLERBE OLE b EA1fed®f by heddingUtheshown

. 10 frequency-gain characteristic CLH shown in Fig. 16 and the
frequency-gain characteristic CM, in other words, the
frequency-gain characteristic CA .shown in Fig. 17.

Fig. 18 is a circuit diagram showing yet another
embodiment of an audio signal waveform emphasis processing
15 device according to the present invention wherein the degree
of emphasis of the low frequency range and high frequency
range can be adjusted by addition of a variable resistor VRg
to the circuit shown in Fig. 13.
In Fig. 18, variable resistor Vrg is connected between
20 resistor Rg and the ground. The rest of the configuration in
Fig. 16 is the same as the circuit shown in Fig. 13.
Specifically, in the circuit shown in Fig. 18, addition
circuit 800 is constituted of resistances Ri, Rf, Rg, RVg,
capacitor Cg and operational amplifier OPl.
25 In the configuration shown in Fig. 18, when variable

resistor Vrg is adjusfed, the relationship of resistance (Vrg

+ Rg) and resistance Rf is altered and the degree of emphasis
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Fig. 13 is a frequency characteristic obtained by adding the 10
frequency-gain characteristic CLH showmn in Fig. 16 and iﬂh frequency-gain
characteristic CM in other words, the frequency-gain (h“StIC
CA.shown in Fig. 17. Fig. 18 is a circuit diagram show ng yet another
enbodi mrent of an audi o signal waveform enphasi s processing 15 device
according to the present invention wherein the degree of enphasis of the

| ow frequescyheabge SpdqhefbByf rafgganasd haghefeagquércadraagedwhyhaddi tion
of a variable resistor VRg to the circuit shown in Fig. 13. In Fig. 18,
vari abl e respettr t¥r ghesordghnaledignaleean £Berebysberaljuatddthe ground.
The rest of the configuration in Fig. 16 is the sane as the circuit shown
in Fig. 13. Spigif Ll@abhgwsi thehfreguency-gaboncharacyerigtiadaeaildned
circuit 800 is constituted of resistances R, Rf, Rg, Rvg, capacitor Cg
and oper a¥iBharhanpirendt EqunzénlﬁiQheléonflguratlon shown in Fig. 18,

when variable _resjstor Vragis a the, rel at hi f
(Vrg é‘/+ Rg) anﬁsrﬁngPaﬁEeg gbal Ergﬂeaﬁﬂrgﬂg h%ggﬁépﬁg Ei%ﬁéib?nzg 15

T N Tl
[ equencycgalgoelas agher Lsh! fo' 83EL76A ol LHokiohg €AY LRG| BaBLO. 18

5 As shown € clrcul én varli abl e

resistance Vr gxtssﬁghﬂat B8e, nb’é:édf EREUESH Gﬁé”abwérééﬁﬁi?ﬁiﬁ%léﬁ” be
altered as shown by CAl, CA2, It should be noted That, in the

233:/?' goniheégﬁawan Hﬂi‘?éi‘éﬁ’tﬂ?ﬁtidhf fRaeBlp i EQbioAUAAA PhEGRtEEA apd
10 " 32: strictly mathematical but include allowable error in the
realization of a practical device. They could also include
expression by calculation using a stored program system in
addition to functions based on physical phenomena.

Calculation processing of the signal is to be performed

15 in the frequency range of the audio signal or in a frequency
range somewhat wider than this.

The double integration and double differentiation do not
need to be pure integration and differentiation so long as
they are sufficient‘to enable a practical audio device to be

20 realized.

By "phase" in the description of the present invention
is meant the phase dependent on the complex impedance of the
lumped parameter circuit. "Phase" delay of an element having
a delay time and "phase" dependent on the complex impedance

25 of a linear circuit should be distinguished from "phase" in
the description of the present invention.

"pPhase distortion" means the phenomenon that the mutual

phase relationship between the frequency components of an
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10 not strictly mathematical but include allowable error in the
realization of a practical device. They could also include expression by
cal cul ation using a stored programsystemin additioi ﬁ fuagﬁions based
on physi cal phenonena. Cal cul ati on processing of the i%;!ﬁR to be
performed 15 in the frequency range of the audio signal or in a frequency
range sonewhat wi der than this. The double integration and doubl e

di fferent {at Oleudaqdnt ghie RN Rt rdishh %ntiatioh SO
| ong as F%té:)k/)ggr gﬁs&ffiuci en?mt gh?%agﬁgggbp%a%?la%glg g%dlg(l): gev?(r:e to be 20

realized. pByraiidse'of FriddfietRSC CoribbaBnes E.heapéﬁé@ﬂffibnbﬁ@sieon i s meant
t he phase dependent on the conpl ex i1 npedance of the |unped paraneter

circuit. rBhazdonddlipy o the dnpiRnishailiffereatd€iram theepnage’' phase”
dependent on the conpl ex inpedance 25 of a linear circuit should be

di sti ngui skedd tiomshiphade then inpld.descri pti on of the present invention.
"Phase distortion" neans the phenonenon that the nutual phase

rel at Ponshi p bénwdde presendqgdavenptdonpirent §refgugncy] rangelarReands fOm put
of a function that inputs a signal conprising a_plurality of frequency
conponent SXAAPdes 3OE Ereqyensy repogt PeASHi 3U8f BEre i nput is different
fromthe phase  relatjonship of the“inﬁut. 2 In the gre%gnt invention "l ow
frequency rangefigbafTedyency, 1pnde" MRaNF: EQ0cREF™PARgE e fERIIGT M, .
"Hi gh freguency _tange" ans for exanple the frequency range above 1000
Hz. "M dd?gngﬁeaégwgylpﬁﬁbgi'neans for exanple the frequency

"Middle frequency range" means for example the frequency
10 range from 300 Hz to 1000 Hz.

"Unnecessary low frequency range" means the low
frequency range which is clearly unnecessary in auditory
perception, for example a frequency range of below 20 Hz; the
"unnecessary high frequency range" means the high frequency

15 range that is clearly unnecessary for auditory perception,

for example a frequency range of more than 20 Khz.

INDUSTRIAL APPLICABILITY
The present invention provides an audio signal waveform

20 emphasis processing device and method wherein the sound

quality of audio devices of various types is improved by

emphasis processing of the audio signal waveform, and is

applicable to the various types of audio devices. According

to the present invention, it is possible to obtain a desired
25 frequency-gain characteristic without destroying the phase

relationship of the frequency components constituting the

audio signal, in particular the phase relationship between

the frequency components of the middle frequency range and
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10 range from 300 Hz to 1000 Hz. "Unnecessary |ow frequency range" neans
the low frequency range which is clearly unnecessary in auditory
perception, for exanple a frequency range of below 20 Hz; the
"unnecessary high frequency range" neans the high frequéngpR1H0kange t hat
is clearly unnecessary for auditory perception, for exanple a frequency
range of nore than 20 Khz. | NDUSTRI AL APPLI CABI LI TY The present i nvention
provi des ageld 5} EaPI&e i Vi

et hod v o o T L r LR a8 808 T,

i nproved Hyeq@ERBASEENGE O6ESSE NEo Ofhd N Atk Of Sd iy eV Qs M BRdsi S
applicable to the various types of audio devices. According to the present
i nvent i onthe i funstpossnbt etd cdedtedy thagshassl r&batictglensyigathe
characteristic w thout destroying the phase relationship of the frequency
conponentwiddlat frequency heangedi® séghitded ieverarthaughara tdeeghase

relati onship between the frequency conponents of the m ddl e frequency
range® anemphasts t fR pepfioxmed for il clow apbrivkah ffequeneywangesency
range and high frequency range close to the mddle frequency range. Thus,
the funct?3®rf moestbt deft ¥olch neoyrdstalt B idhaHdHq FigRals 1Rl e

frequency range is al ized even though a great 5 enphasis is perforned on
the | ow &F&Fﬂ%ﬁ ‘W‘iﬁ%e‘hﬁ &5 ,en%@nodxsr]gédﬂpxzﬂv i ch sound quality of
audio signals in various audio devises is enornously inproved. 43 ' 15
MAR 2004 CLAI M5
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1. An audi o signal waveform enphasis processing device conprising:

I ntegration neans conprising one or a plurality of even order integrators
for perform ng integration of even-nunber order on an rpg g Ruﬂyg si gnal ;
differentiati on nmeans conprising one or a plurality of v ﬁ g r
differentiators for performng differentiation of even-nunber order on
the i nput audio signal; and addition nmeans for addi ng out put of the

i ntegration neans and output of the GhXIM& enti ation neans to the input
audio signal in the sane phase or in reverse-phase with the input audio
signal . 2. The audio signal waveform enphasis processing device accor di ng
to claim1, wherein: the integration means conprises a plurality of double
|ntegrat6rs f &R 6%¥¥Vﬁwﬁ gady Weyesorm &BQBPéiﬁnPéePﬁﬁﬁéﬁgoﬁeVFﬁé i nput
audi o si nal q% differentiation nmeans conprises a plurality of double
differen PQPS?? 9¢ perforning successive double differentiation on the

' t di t d |it f first
cootfi ci ent miBnearatLon: 88l ceng ERES pORTBE BT RipEaBI e pE BRhr) ' of
the d 1 0 t
(he OO sl askeL s,y oskecatl Shedbepbdor SBRORtLES!
pIuralltMrggrsggogg qggﬁklghggb gggnaikor respectively nultiplying

outputs of a plurality of th
differentiation means comprising one or a plurality of
even-order differentiators for performing differentiation of
even-number order on the input audio signal; and
addition means for adding output of the integration means
and output of the differentiation means to the input audio

signal in the same phase or in reverse-phase with the input

audio signal.

2. The audio signal waveform emphasis processing device
according to claim 1, wherein:

the integration means comprises a plurality of double
integrators for performing successive double integration on
the input audio signal;

the differentiation means comprises a plurality of double
differentiators for performing successive double
differentiation on the input audio signal; and

the addition means comprises:

a plurality of first coefficient means for
respectively multiplying outputs of a plurality of the

double integrators by a first coefficient;
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doubl e differentiators by a second coefficient; a second adder for adding
outputs of a plurality of the second coefficient neans, ﬁiﬂdﬂi efficient
means for multiplying output of the first adder by a t%i g I cient;
fourth coefficient neans for nultiplying output of the second adder by a
fourth coefficient; and a third adder for adding output of the third
coefficient neans and output of the fourth coefficient neans to the input

audio signal. 3. TherRidkOaahgRaroPuaELhy SHRHAEL Sof ' 2°B2aLATLEGV bEC

according to claim 2, erern a tirst group coefficients inclTuding the

first coefficigat eyl wobehiBubhtPhésRsjon is effected by the first
coefficient neans and a second group of coefficients including the second

coefficient with wai phurauitypbfceecondi soefficient hyedhe Serond
coefficient neans are determned in correspondence with a desired
frequency- gai nespbaticedyi sultiplyifigeocatputs sofnal plvaval bty efipthei s
processi ng device according to claim?2, wherein the third coefficient
with which ndbubpei diffenentiatoretby dyseeend eoeifEbeientient neans is
determ ned in accordance with the degree of enphasis in a |ow 45 115 MAR
2004 frequency ran@eSefopfeaddatt fardpddirgnentrabs ehedfBLpFAlity of
coefficient with which_nultiplication is effected by the fourth

coeffici ent nE%ﬁsSP§°B€tEPﬁfEéﬂi?ﬂtaﬂﬁﬁ?ﬁénce with the degree of enphasis

e oW a0 I Ol BRI gl e ABILPALA; b 80Bl B2 T
the first adder by a third coefficient; '
fourth coefficient means for multiplying output of
the'second adder by a fourth coefficient; and
a third adder for adding output of the third
coefficient means and output of the fourth coefficient

means to the input audio signal.

3. The audio signal waveform emphasis processing device
according to claim 2, wherein a first group of coefficients
including the first coefficient with which multiplication is
effected by the first coefficient means and a second group of
coefficients including the second coefficient with which
multiplication is effected by the second coefficient means are
determined in correspondence with a desired frequency-gain

characteristic.

4. The audio signal waveform emphasis processing device
according to claim 2, wherein the third coefficient with which
multiplication is effected by the third coefficient means is

determined in accordance with the degree of emphasis in a low
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according to claim1, wherein the integration neans conprises a single
double integrator; the differentiation neans conprises a single double
differentiator, and the addition neans conprises an a §rMmﬁrﬂmhvert|ng
out put of the single double integrator and output of the single double
differentiator and adding the inverted outputs to the input audio signal.
6. An audio signal waveform enphasis processing device conprising: a

plural i Ly gLucAsgaslenganBeckhd 9aRtealaloosabhas, ShaCKhES shakther ! of M g

successi ve I nt gratlon on I nput audi o Signal; a plurality of

cascade- §oapecteEndowlh th&ﬁrﬂﬂlt@blﬂ@at@bﬁcﬂétéfféé&e&eb§0%ﬁb5UCCGSS|Ve
double differentiation on the input audio signal; a plurality of first

coef fici epbreRNEHAEELEiILAL méhhblQEYBéﬂeﬁmihédtiﬁoséébﬁdéﬂberﬁiﬁﬁcthbe|y
Wi th outputs of even-nunber double integrating circuits of the plurality

of doubdegreéegfabmphasisclint thedfok &ndARiGH0Areqgbensy addgesonfcitheui t
for inverting and adding outputs of the plurality of the first coefficient
gener at oisputaapflicabigpadft second coefficient generators for respectively
mul tiplying a second coefficient with outputs of odd-nunber double

I ntegration circuits of the plurality of the double integration circuits;
a second_addition circuit for inverting and addin out puts _of the

plurality:of The sugdRdsigepti vpERfOEBNEPRPBFLS BRACBEELNY BPViReE first

addi tion CIrCHinQ to claim 1, wherein the integration means comprises
a single double integrator; the differentiation means
comprises a single double differentiator, and the addition
means comprises an adder forkinverting output of the single
double integrator and output of the single double
differentiator and adding the inverted outputs to the input

audio signal.

6. An audio signal waveform emphasis processing device
comprising:

a plurality of cascade-connected double integrating
circuits for performing successive double integration on an
input audio signal;

a plurality of cascade-connected double differentiating
circuits that perform successive double differentiation on the
input audio signal;

a plurality of first coefficient generators for
multiplying a first coefficient respectively with outputs of
even-number double integrating circuits of the plurality of

double integrating circuits;
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a third coefficient generator for nultiplying a third coefficient with
the output of the first addition circuit; a fourth coefficient generator
for multiplying a fourth coefficient with output of tHstMA&ﬁﬂﬁhddition
circuit; and a third addition circuit for adding output of the third
coefficient generator and output of the fourth coefficient generator to
the input audio signal. 7. An audio signal waveform enphasis processing

device  COMDI LSERYara HAYRLANTLENRNAS! Sob! (bt p00Lah! Dagsabe!y of

passi ve el enen asi zing waverormin requency range and

a high f5egHeREY oFARAS ggyéﬁliﬂgﬁ%ﬁaﬁﬂéOfffgeaééefﬁiéﬁgﬁ&ianQEQSPgE;for

addi ng out put of the wa orm asis circuit and the 1 nput au

signal; and varpatirgni®pang E8EoRQNEHEEELBYeh! §nfatbBsOpbput of the
wavef orm enphasis circuit to be added by the addition circuit and the

i nput  augkgpetgneelydhul tSpMpng084s8cond SOEE £1i6ignel withebatpuesphasi s
processing nmethod conprising: a first step of perform ng even-order

i nt egr at b@@-numbar dopbleatiftegsaghah; circettudost tipe oplpeal bty 0f the
even-order differentiation on the input audio signal; and a third step of
addi ng téeubleninrdgratmongeareditaput audi o signal produced in the first
step and the even-order differentiated input audio signal produced in the
second step ®fosemsenfnpdéisignocirgnifr. for imgertingard %ﬁgiﬁgsignal

wavef or m enphasi s processing
outputs of the plurality of the second coefficient generators

and output of the first addition circuit;

a third coefficient generator for multiplying a third
coefficient with the output of the first addition circuit:;

a fourth coefficient generator for multiplying a fourth
coefficient with output of the second addition circuit; and‘

a third addition circuit for adding output of the third
coefficient generator and output of the fourth coefficient

generator to the input audio signal.

7. An audio signal waveform emphasis processing device
comprising:

a waveform emphasis circuit consisting solely of passive
elements, for emphasizing waveform in a low frequency range
and a high frequency range of an input audio signal;

an addition circuit for adding output of the waveform
emphasis circuit and the input audio signal; and

variation means for controlling ratio of the output of
the waveform emphasis circuit to be added by the addition

circuit and the input audio signal.

47



according to claim8, wherein: the first step conprises a step of
perform ng double integration on the input audio signal successively a
plurality of tines; the second step conprises a step b MAR: 2008 ng doubl e
differentiation on the input audio signal successively a plurality of
times; and .the third step conprises: a fourth step of multiplying a first
coefficient respectively with values obtained by double integration each

of the m@uralAhyYa@didi 8B§nal waeetbiftefpEdsisd proddssiny RétREdi ng the
doubl e-integrated values that are nmultiplied by the first coefficient in
the fousdhpsiemga sixth step of multiplying a second coefficient
respectively with val ues obtained by double 48 1 5 MAR 2004

di fferenti atianftast stephef pperfibrmingfetemesrder t hretegeatbhdnsoéepana
seventh step of adding the double-differentiated .values that are

mul ti pl idotbwy andicesbgoatpefficient in the sixth step; and an eighth
step of nmultiplying a third coefficient and a fourth coefficient
respectivel y 3 $¢CPR@ Stert aht PerSorping rREmCRIRr bt fepenthathent pnt h

step and the, sum th i s, obtained by the addition in the seventh step,
and add¥ify *%%?ﬁt§“$%°tﬂ%9?ﬁ #1t33%di o signal. 10.-The method of audio

Sl onal yavel of M eIPRASLE, PLECESALAY cREIAIGAE LA FackBCLghR:? TSt
audio signal produced in the first step and the even-order
differentiated input audio signal produced in the second step

to the input audio signal.

9. The method of audio signal waveform emphasis p:ocessing
according to claim 8, wherein:

the first step comprises a step of performing double |
integration on the input audio signal successively a plurality
of times;

the second step comprises a step of performing double
differentiation on the input audio signal successively a
plurality of times; and

the third step comprises:

a fourth step of multiplying a first coefficient
respectively with values obtained by double integration
each of the plurality of times in the first step:;

a fifth step of adding the double-integrated values
that are multiplied by the first coefficient in the
fourth step:

a sixth step of multiplying a second coefficient

respectively with values obtained by double
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containing the first coefficient and second coefficient group containing
the second coefficient are determ ned in accordance wth a desired
frequency-gain characteristic. 11. The nethod of audi o si I ef orm
enphasi s processing according to claim9, wherein the tﬂ%]caf'fkf%\%/ﬂ‘ﬁ ci ent
and fourth coefficient are determned in accordance with the degree of
enphasis in a | ow frequency range and a high frequency range of the input

audi o si gnal . g #Pee AN RACToh NBbkn UL né! SIal &1 £6F S#IDEARLE UL Othe

i ntegration the order of an even nunber by one or plurality of even
order integrgé@bsdagdephe input audio signals are subjected to -
differentiation of the order of an even nunber by one or plurality of
even order differeatsév@nth JbepeyLraddileg thatdgible-ofi ffgrahsistbdect ed
to the even order integration and the even order differentiation signals
subj ected to vdkuesvehatraee multipkhed abvy otharsecainddoef fheieénmpuinaudi o
signals with the sane phases or opposite phases. Thus, the expected
frequency- gai thehatsthestept candan be obtai ned while the phase relations
bet ween the frequency congonents of the input audio signals_in garticular

‘the internediate aodi ®ighEReEeRyOf MGEtiRIYENG 3ithird [eRPEEHFESRFequency
range near the_internedjate i o frequenc ange, d art _of, the high
fr equency ran@%dn%aFOPﬁEhiﬂ?%?ﬁgﬁf%?g %?%ﬂﬁ%ﬁ%?gﬁémgghuébgn%?ﬂtg?ﬁgd, so
that the hlghigrgg%aigggdbgueﬂétgd&f@igﬁ‘igC€ﬁ§foEth step and the sum
that is obtained by the addition in the seventh step, and

adding results to the input audio signal.

10. The method of audio signal waveform emphasis processing
according to claim 9, wherein a first coefficient group
containing the first coefficient and second coefficient group
containing the second coefficient are determined in accordance

with a desired frequency-gain characteristic.

11. The method of audio signal waveform emphasis processing
according to claim 9, wherein the third coefficient and fourth
coefficient are determined in accordance with the degree of
emphasis in a low freguency range and a high frequency range

of the input audio signal.
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15 MAR 2004
ABSTRACT

Input audio signals are subjected to integration of the
order of an even number by one or plurality of even order
integrators and the input audio signals are subjected to
differentiation of the order of an even number by one or
plurality of even order differentiators. The even order
integration signals subjécted to the even order integration
and the even order differentiation signals subjected to the
even order differentiation are added to the input audio
signals with the same phases or opposite phases. Thus, the
expected frequency-gain characteristics can be obtained while
the phase relations between the frequency components of the
input audio signals in particular the intermediate audio
frequency range, a part of the low audio frequency range near
the intermediate audio frequency range, and a part of the high
frequency range near the intermediate frequency range are
maintained, so that the high grade sound quality can be

achieved.
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