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1 DESCRI PTION METHCOD AND DEVI CE F

AUDI O SI GNAL BAND TECHNI CAL FI ELD 5 The pr ﬁM“W“““““m\\“\
invention relates to a nmethod and an apparat

extendi ng a band of an audi o signal, capabl e of *is9s9*

I mproving sound quality- of audi o signal reproduced

by an audi o equi pnent, in particular in a
frequency range, and capabl e of reproduc:| ng smmm“\m “ “\
audi o signal confortable to the human .
particular, the presentp dﬁl’fel‘ltd n reI at es to gooe?

nmet hod .and an appar at us extendi ng a band of an

e R PR, PSCERBBILOTE, aupio sioaL

ﬁalﬂg tion, the present invention relates to a program
incI udes steps of the above-nentioned nethod for

extending the band of the audio signal and a conputer
Tr%‘é%@é% KB L Rcor di ng medi umthat stores the program

BACKGROUND ART Fig. 3 of Japanese patent Ial d- open

publ T presaw. inyesss relatesity. agnsthe@deand an apparatus for
corresponding United States Patent No. 5,754,666

extendinges hanchofira augivasignabr canahles imppegvapgsound quality
according to a prior 20 art for adding a signal having

of sitr eydémsigrglewtproduaed by an aipgier eqliipmentfinhpgrtéeular in a
frequency range of a reproduction frequency band or an
higher fréquénof tHrgdesr afideqapable refnpeprafdwingusiioh an audio
frequency band to an anal og audi o reproduced signal.

digal onsfoevsble aontthguhaimhan ehr! heln apditicwliagnathe present

reproducti on apparatus. Referring to Fig. 16, the
iav¥éhBon relates to a method and an apparatus for extending a band of
aﬁ inputted audio signal by performing a digital processing on the
inputted audio signal. In addition, the present invention relates to a
program that includes steps of the above-mentioned method for
extending the band of the audio signal and a computer readable
recording medium that stores the program.
BACKGROUND ART

Fig. 3 of Japanese patent laid-open publication No. 9-36685 or
Fig. 3 of the corresponding United States Patent No. 5,754,666
discloses an audio signal reproduction apparatus according to a prior

art for adding a signal having a 'frequency spectrum above an upper

limit of higher frequency range of a reproduction frequency band or an

upper limit of higher frequency range of an audio frequency band to an

analog audio reproduced signal. Fig. 16 shows a configuration of the
audio signal reproduction apparatus. Referring to Fig. 16, the audio

signal reproduction apparatus is constituted by including a buffer
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25 signal reproduction apparatus is constituted by
including a buffer 2 anplifier 91, a filter circuit
92, ' an anplifier 93, a detector circuit 94, a tine
constant circuit 95, a noise generator 96, a filter
circuit 97, a multiplier 9842and an adder 99. First
of all, an audio signal is inputted to the buffer
amplifier 912 5 through an input termnal T1, and then
di stributed into two signals. One of distributed

? henal &+ 4.S .4 tded | - r .9 it iy
e o8 B i Selr BN S8 shRubBRrRESR, oLlledeter chpir 04,
the filter. circuit-92,  .Whi ' idhe i gh-
tinf copsiphe SRl 930 A il e i 4t el AR,
bandpass-filters an jnputted audi o signal, passes only
n%uﬁuﬁHa19§aﬁpéﬁﬂléﬁﬂﬁfﬁ#% a specific band, and outputs
a resultant signal to the anplifier 93 he _anpl i fjer
93 aprstrefcalloan ayslie signabis wrtgedito dhe et Bmptider o1
gredeternjned appropriate |evel, and outputs an .
thrpngh iasyinniat teranigied T 1, tand feenatistibuted intgitvagignals.
whi ch includes the time constant circuit 95. The |
Qrae of distribiutedi audio signads is inputteddopgihe, addef9 d@sids, and
of an inputted 15 audio signal so as to detect an
agrothep déstrénetedoaudivesigmal is énpatigidoto Higfiker cineatit 92,
outputs a level signal indicating a detected. envel ope

wieickl isteithéha ight pass éitedDras bankdpasis filoert r Bhe diltpratircuit
for adjusting a level of a noise conponent added to-

ghBantpaissdiltethn ifpateld a@did bizrelhpassendnlyea sigsal fallen

conmponent generated by the noise 20 generator 96 is

wifRi heshecdrié Marfd, |4l oGitpGtd b Réultehitcdighsl & theanaplifier

hi gh- pass filter or a bandpass filter. The filter

.7 (Wt ardpli i&ar s@hatitbhin a
P HelaBPIFRE TP af NS anIOIANRNbUY stmaltbu T

MR R S5l SEpOMDLd Srt ey e signa
6 PROGERL Y cirBhit 6% Svhich includes the time constant circuit 95.
The detector circuit 94 detects, for example, an envelope of an inputted
audio signal so as to detect an envelope level of the inputted audio
signal, and outputs a level signal indicating a detected envelope level to
the multiplier 98 as a level control signal for adjusting a level of a noise
component added to the original audio signal.

On thle-other hand, a noise component generated by the noise
generator 96 is inputted to the filter circuit 97, which is either a high-
pass filter or a bandpass filter. The filter circuit 97 passes a noise |
component fallen within a frequency band equal to or higher than 20
kHz, and outputs a resultant noise component to the multiplier 98. The

multiplier 98 multiplies an inputted noise component by the level

control signal outputted from the detector circuit 94 so as to generate a
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25 control signal outputted fromthe detector circuit
94 so as to generate a 3 noi se conponent having such a
| evel that is proportional to a level indicated by
the |l evel control signal, and outputs a generated

noi se conponent to the adder399. Further, the adder
99 adds a noi se conponent fromthe nultiplier 5 98 to
the original audio signal fromthe buffer anplifier

91, generates an audio signal to which the noise

AR WeRboheneldethe S1EU IR that id'Bkdfortional to a level

conponen 0O Sl gna roman output term nal

T, b0 3P L TBRERRSA R Ry e moie
SEAIRLERT eyl 48 ha, Lpe noise comonent 10

P B B SRS SPHRA B B AR St . i
O R A et T 0 5007 D ot an

15 is extended by adding a random noi se whose |evel is

i @isosigralato twhicke theuipise repmonsmt; ke agddgherand outputs a
frequency sound of the original audio signal to the

oeisgi eempanting-addgediaudionsignal from andpbteugigrminal T2. In
reproducti on apparatus according to the prior art has :
tHis dasld, antimge woaistams of thy tdneceomstepéairenit A3 dstselected to
of a higher frequency signal of an 20 added noise '
benpqueaht tali 4 f preddteominbdt value swsthatl theumbist geamponent
a user feels inconpatibility in sound quality. (2) In

. geltkitited bys e aoide generatosidhahnrisp nuatetiedoro human auditory

apparatus according to the prior art is constituted
ardtteriaties &hdcaht effédte of dpPsfoversertitasn tduid! qualing of the

probl ens. The variations in conmponents
audio signal can be increased.
DISCLOSURE OF INVENTION

AS described so far, the higher frequency range of the audio signal -
is extended by adding a random noise whose level is proportiohal to the
output level of the higher frequency sound of the original audio signal to
the original éudio signal. However, the audio signal reproduction
apparatus according to the prior art has the following problems.

(1) Since a spectraﬂ structure of a higher frequency signal of an
added hoise component differs from that of a musical sound signal, a
user feels incompatibility in sound quality.

(2) In addition, since the audio lsignal reproduction apparatus
according to the prior art is constituted by an analog circuit, the

apparatus has the following problems. The variations in components

that constitute the analog circuit and temperature characteristics of the
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25 that constitute the analog circuit and tenperature
characteristics of the 4 conponents cause vari ations
in performance of the apparatus. As a result,
deterioration in sound quality occurs every tinme when
the audio signal passes throagh the analog circuit.
In addition, inprovenent in. ‘accuracy of a filter
circuit that constitutes the audi o signal reproduction
5 apparatus |leads to increase in a size of the filter

54 ke ERULE AR SO OV S BB 80 o
B S5 B EARS 0 BB 0 B B S e o

above-nenti oned probl ens, preventing a user from )
sigbpd pgssay thrpgh Ahe Bnaleg Gincudby Hy agidatiopy IMPIREGMERt in
deterioration in sound quality, hardly causing ' _
geeummyo« fikepairaridhat C@ﬂs%/lﬁéteép@eﬂ audio sigipl nepraguction
manuf actured at smal |l er manufacturing cost than that
apparaiusdppds 40 uncoeass i agize of bee filiesrcingwit, resitlhing in
objrect of the present invention is to provide a
imargasen mamafadtncinglesstst eps of a nmet hod for
extendi ng a band of an audio signal, capable of

sol vi Ag dhjeciabbtiee peaseronitepitivll srhenefenecitt pravide a method
user fromfeeling inconpatibility in sound quality,

aadmn agpdesrd ﬂfn?éitt@ndiiﬂ% asoamd ofual atidio kigrehly capable of
causing variations in performance of the apparatus,

oK NG alBREiAehtibeédapreblahl prevenfingtallised fedht feeling
than 20 that of the apparatus according to the prior

| ﬁ{éomgaﬁbﬁit qQpPdHiehd L?aﬁﬂg%@mb%ﬁ%%wi@i%&id&ﬂﬁ Rdlund

stores the program According to e first aspect view

Fiph, hp Dy Gl ot Bl Brnfld dehepafitio,and

Bgﬁ{%ﬁ%inﬁaé{lﬁ%cpgt sfrf‘aﬁma\h%fﬁetlﬁ@né st tt_I'algna'H‘fﬂtoof the
SI'g aving a

apparatus according to the prior art.

Another object of the present invention is to provide a program
that inclludes 'steps of a method for extending a band of an audio signal,
capable of solving the above-mentioned problems, preventing a ﬁser
from feeling incompatibiiity in sound quality, removing deterioration in
sound quality, hardly causing variations in performance of the
apparatus, and being manufactured at smaller manufacturing cost than

that of the apparatus according to the prior art, and a computer

- readable recording medium that stores the program.

According to the first aspect view of the present invention, there is -
provided a method for extending a band of an audio signal. The method
includes a step of, responsive to an inputted audio signal having a

predetermined band, generating a higher harmonic wave of the inputted
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25 predeterm ned band, generating a higher harnonic
wave of the inputted 5 audio signal, and a step of
generating a first nodul ated signal by nodulating an
anpl i tude of a generated hi gher harnonic wave of the
audi o signal according to a bgnd signal having a
predeterm ned bandw dth. The“nethod further includes
a step of bandpass-filtering a 5 generated first
nodul at ed signal using a predeternined bandpass

ﬁ%ﬁb?ﬁ%ﬁ@ sti §1an 0 utt| a resﬂp’t,tfgﬂélate 81gna1 by

assfllter S m)dulated si gn to th
Euf ?étl‘-‘éi#“aq’ft a gracresurIghey afaaarraea}%wgvaméﬁhe
haV| ng an add|t| on result. The above-nentioned net hod

gutoesigaabipeeondingdarm bend: signal hiaying @ piegighermined
preferably further includes a step of changing a |evel
hgndwidtbanbhe sngthind fprther ineludes aspep of dandpassafiitagng a
step. In addition, the above-nentioned nethod for
mteeat&dwﬁr'smmhﬂdtecbfsigﬂsd usidg@ predetierprinédteidpass
further includes a step of changing a |l evel of the
dirrdptesstic bhel edtputtiig anedshidteend fiisympobduptedrsignal,nd a
addi ng step. 15 Further, the above-nenti oned nethod

step obddriipng bbh@lﬂ@l%@dﬁkﬂéred fiestam@dida 1 atedh §ign@ﬂ &b Qhébihlputted
further includes a step of changing a |evel

dutpiat élgﬂap%@ o$.1' guatmgeadﬁ h0did Rex r?é&%é’wﬁg%@hdmﬁbﬁ Fesult.
a changed level to thé first nodul ated signal, and

out putid ABoRe rREHtLRRH xfn'e"tﬁéd fﬁpeﬂta@ﬂ@ﬁ%&%ﬁtm audio

andpass- fllterlng step, and  eve hangi ng 20

b
S S S R S o
i T R

generat &%tfot}le the Dhove- %entloned method for extending the band

of the audio signal preferably further includes a step of changing a level
of the bandpass-filtered first modulated signal, prior to the adding step.
Further, the above-mentioned method for extending the band of

the audio signal preferably further includes a step of changing a level of

the inputted audio signal, adding the audio signal having a changed

level to the first modulated sigﬁal, and outputting a resultant first
modulated signal to the bandpass-filtering step, and the level changing
step executed after the amplitude modulating step and prior to the
bandpass-filtering step.

In addition, the above-mentioned method for extending the band
of the audio signal preferably further includes a step of generating the
band signal.

In this case, in the above-mentioned method for extending the
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25 In this case, in the above-nentioned nethod for
extending the 6 band of the audio signal, the band
signal generating step preferably includes a step of
generating a noise signal having no correlation with
the inputted audio signal. Alternatively, in the
above-nentioned nethod for extending the band of the
audi o signal, the band signal generating step
preferably i ncludes a step of generating the band

based. on the i nputt d aud
Badd Dttt R RebAl S o 5 @HAL Aetetine st bRRrapyy
st referabl i ncl udes a step, of eneratin
Brdades Arpispch grrAlNER Swiss gignal a‘émepn%fgvorrelatwn with
cal cul ating an absol ute_val ue of a generated. 10
t%muﬁsd@i@pgmgnal afdtezaativaly, iy ther abersmmaitien
sign having the absolute value, and a step of
m%hpdigr fepqt@@dmﬁgthmbandmfotﬂnmué@ siginead thmbandgsenel

absol ute val ue using a predeterm ned | ow pass

generading stap prefenablyuncludésng stepesfigarmratingnidenband signal

noi se signal as the band signal. 15 In addition, in
based ant #re mgduniddd autdiobsigndaki gnal generating step
preferably includes a step of generating a second

nodul Bt ellisstge intthe favarsr mietigod hehé bauid signalgenerating
signal using either one of a delta-signma nodul ation

émm@mblwhcm@eﬁasstew@ﬁe@am@ué Pregeteritited random
uan

lzer and gener ating a quantization nol se si gna

Héfde ghaf & 4P 'o? 2hiati® F%h bl @fe ¢aluelbd bBfepdited

absol ufe Val ue of a generated quantization P0|se
it nfie SBAB! Und GeAelAMEN BphAnChONY gAML Riving the
55§olﬁ.ﬁ9%ﬁu§°?ﬁ8 ébéﬂﬁ?bow Vs ﬁgr ac?:érﬂl ulta%d’(ﬁh%mse signal

using a predetermn stic,

gl%ﬁlg {ﬂé‘%b@ohf‘t%%lﬁ@tuélﬁﬁdé’B}é‘&’ét%?nﬁh%ﬁ%w@fméé‘e band

characteristic, and outputting a resultant random noise signal as the
band signal.

In addition, in the latter method, the band signal generating step
preferably includes a step of generating a second modulated signal by
quantizing the inputted audio signal using either one of a delta-sigma
modulation type quantizer and a sigma-delta modulation type quantizer,
and generating a quantization noise signal during the quantization, a
step of calculating an absolute value of a generated quantization noise
signal, and generating a random noise signal having the absolute value,
and a step of low-pass filtering the random noise signal having the
absolute Value using a predetermined low-pass characteristic, and
outputting a resultant random noise signal as the band signal.

In addition, in the above-mentioned method for extending the
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25 In addition, in the above-nenti oned nethod for
extending the 7 band of the audio signal, the adding
step preferably includes a step of adding an audio
si gnal generated by quantizing the inputted audio
signal, instead of the inputtgd audi o signal, to the
bandpass-filtered first nodul’ated signal, and

out putting an audi o signal having an 5 addition
result. Further, the above-nentioned nethod for

ext endi t he band of,, the.audi,o signal .preferabl |
SR AR Aiftig 38R0 tps Sfa ik o Bl dn e a step of
characterist.ic.on | ower frequency, side of the .
SARas AP igRal edneatad 157 HrAgtizing Fad tukufigd audio
aspect, view of the present invention, 10 there is

pepal.dasteard apphe npytiedraudieigngg t© Bimbapdpassdiliered

f%ieﬁ%nal i's provided. The apparatus conprises higher
roedulakedesigaabrand oy tprtting, amApdie signaldiRVIaL a1

nmeans, bandpass filtering nmeans, and neans. The

dddition hesutbni ¢ wave generating neans generates a

hi gher harnoni ¢ wave of an inputted audi o signal

havi nBusthies, phe ddosemeadiommddnizdhed fon exbendinguthteeband of

audi o signal. The anplitude nodul ating neans

grnaudiesignHl ipreferabliy fattberihghalesy step of ehianging a cutoff
anpl i tude of a generated hi gher harnonic wave of the

et tetigfialon adewediffeniend BRidoBiNBANHPYES Eharacteristic.
predet erm ned bandw dth. The.- bandpass filtering neans

bandpagsoddihgebsth? §iRveIEhSHedt vislw MDA pra@kndUnveaftRn,
usi ng a predeterm ned bandpass characteristic, and '

U o SE N bt (S pFOA heg £18te of oS
KB SR 80 B 0P
Mrs?taﬁpfiﬂldee ﬁ]ioedl?lia@ﬂlé H’Feapr?s[] doaqdﬁe{kes filtering means, and
means. The higher harmonic wave generating means generates a
higher harmonic wave of an inputted audio signal having a
predetermined band based on the inputted audio signal. The amplitude
modulating means generates a first modulated signal by modulating an
amplitude of a generated higher harmonic wave of the audio signal
according to a band signal having a predetermined bandwidth. The
bandpass filtering means bandpass-filters a generated first modulated
signai using a predetermined bandpass characteristic, and outputs a
resultant first modulated signal. The means adds a bandpass-filtered
first modulated signal to the inputted audio signal, outputs an audio
signal having an addition result.

The above-mentioned apparatus for extending the band of the

audio signal preferably further includes first level changing means
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25 audi o signal preferably further includes first

| evel changi ng neans 8 provided at the previous stage
of the anplitude nodul ati ng nmeans, and the first

| evel changi ng nmeans changes a | evel of the band
signal. In addition, the abovg-nentioned apparatus for
extendi ng the band of the aulio signal preferably
further includes second | evel 5 changing neans

provi ded at the previous stage of the addi ng neans,

RSl BLS s AL BEE, S BSR4 oR, anc
LA SR R LIS, SEPELS B SISO

i ncludes | evel changing means 10 provided at the

subs dguraditiong gheqAabeviememntioned appedat s fogericading idpe

at the greviqus_stage of the bandpass-filtering neans,
hand oféhe @vslio sigaabprefereblysfiugtherscludessecont lewel

i nputted audi o signal, adds the audio signal having a
attengjod meank nrovided ai the predidus sthgei ofrtile, addihg means,
bandpass-filters a resultant first nodul ated signal.

dirkd fEhe tseeond tlbeeladiomegingnir eamasdclequpge sah Uevdlasf the bandpass-
extendi ng the band of the audio signal preferably

flivétedefirdtnabddestddasignsilgnal generating neans for
generating the band signal. In this case, in the

abov er Rl Oftedl aBBRaIAkHSioed SpSRduRTol R&teRaifl fhe band
t he audi o signal, the band signal generating neans

dITt®leCh BBV sigh@l ?ﬁ@ﬁ'{rﬁbﬁs f@rthir %ﬁcﬁic&!ﬂev@?&hﬁﬁgﬁ% means
correlationto the inpdtted audi o signal.

AL B B e OB A GOROE A mcans

TR ARG OSAR A AR AT e fve
é%éi%%%%aﬁgpcef{a%gess’ atlgx?elboﬂ%esiin%r{ﬁkecg Sﬁ%rigtsiignrgal, adds the
audio s'ig.nal héving a changed le.vell to the first modulated signal, and
bandpass-filters a resultant first modulated signal.

Further, the above-mentioned apparatus for extending the band
of the audio signal preferably further includes band signal generating -
means for generating the band signal.

In this case, in the above-mentioned apparatus for extending the
band of the audio sighal, the band 'sigrial generating means preferably
generates a noise signal having no correlation to the inputted audio
signal. Alternatively, in the above-mentioned apparatus for extending
the band of the audio signal, the band signal generating means
generates the band signal based on the inputted audio signal.

In this case, in the former apparatus, the band signal generating

means preferably includes means for generating a predetermined
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25 means preferably includes neans for generating a
predeterm ned 9 random noi se signal, neans for

cal cul ati ng an absolute value of a generated random
noi se signal, and generating a random noi se signa
havi ng t he absol ute val ue, ang nmeans for | ow pass
filtering the random noise srgnal having the absol ute
val ue using a predeterm ned | ow pass 5 characteristic,
and outputting a resultant random noi se signal as the

band signal..ln the |atter ratus, the nd_si gnal
R rge sisl Trafe i RRt e En hSARRRFATLE M
quanti zing the inputted audi si%naL usi ng ,ei ther onge
ganezatrd randpghROMSIBIERAL AR B5E a%‘éﬁgi%éfﬁggﬂ’al poiss signal
si gma-del t a nodul ati on tgpe gquanti zer to generate_a

haupsd heoafpsaltite vabugrand merns &r lpsvrdeas igerng the random
guanti zati on noi se signal during the quantization, -
neisasignal baving the ahsahitalyediietsinglapredetargdned dowdpass
quanti zation noi se signal, and generating a random
clarpetetigtial ahdwdutputting absslliart vahdem aondsarsignsd fagy the

| ow- pass filtering the random noi se 15 signal having

bdued abgodlut e val ue using a predeterm ned | ow pass
characteristic, and outputting a resultant random

noi senstigRltt@Sapparatisy)dhsitgiied sidrinlagdidracing meahize
above- nenti oned apparatus for extending the band of _
pRgertly anshvie] mddhifs RFUUEh tTBARSIHY RifAIReH aaHEsighal
audi o 0 signal generated by quantizing the inputted
e e he AP eRY- Fertd Ao bRy dp Rl and &

Qut

} J—H%l@?w?é@%ﬁtiﬁh e L 38620 géﬂéféft% 5ESOhd m%dulated

her,

ove-nmenti oned appardatus tor extendin

FEr
Iéiggiﬁgzﬁelgd ?é% ggﬁe%{@ég aﬁ%t?%g{igﬂit?ﬁ KR8k %iéﬁ'élt (Ifﬁfing the

a
quantization, means for calculating an absolute value of a generated

quantization noise signal, and generating a random noise signal having
the absolute value, and means for low-pass filtering the random noise
signal having the absolute value using a predetermined low-pass
characteristic, and outputting a resultant random noise signal as the
band signal. |
In addition, in the above-mentioned apparatus for extending the

band of the audio signal, the adding means preferably adds an audio
signal generated by quantizing the inputted audio signal, instead of the
inputted audio signal, to the bandpass-filtered first modulated signal,
and outputs an audio signal having an addition result.

| Further, the above-mentioned apparatus for extending the band
of the audio signal preferably further includes means for changing a

cutoff characteristic on a lower frequency side of the bandpass
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- an apparatus for extending a

25 cutoff characteristic on a |lower frequency side of
t he bandpass 10 characteristic of the
bandpass-filtering means. According to the third
aspect view of the present invention, there is

provi ded a programt hat |nclu§%§ t he respective steps
of the above- nentioned nethodfor extending the band
of the audio signal. 5 According to the fourth aspect
view of the present invention, there is provided a

%Eaec‘tﬁeﬁ A B TR R, otores the
auch %gmﬁﬁ@e%ﬂ%ﬁag& EBPERE Ve ebhie AESRY B eRgion, there

band 1 xt ended signal, which is obtained b

mamvae??i & BFP&RER it tHatingidss dhe respese Stté:i Of §h@ frdove-

hi gher harnoni c wave of the inputted audio
mexgianathmethoddop axjendgigthe panggekthe eufinesx&%t t ed
audio signal. Accordingly, it is possible to easily

gener Aceomtingtai thesfogirah aspeet nipvaof dhe@resentinyention, there
band as conpared with the prior art. In 15 addition,
ishprdvaded excemgerdes rgaddbleltexonéthmeadiomatipht states the

nodul ati on changes according to a |level of an origina
sbovel metisredprogramspectral continuity. Accordingly,

the net hod or apparatus according to the present

I nvenTherefoxd, Addordni€ o aRe adeeiddge ephehtes fort Batending the
t he - hi gher frequency conponent of the band-extended

BhffAadf rUAdaid signdd artbiding @ tHe breésént ialvehelodt, iavBand-
to the original sound. BRI EF DES | PTI ON OF DRAW NGS

Ek@ndkd Si a@' whkcHl '1@65%@0%2%%@31}:&%g gﬁfﬁ’@fﬁ‘éﬁg of a

é&ﬁ‘i?éld{x/%,gett?ia"t‘ i 'tftétmghgf ﬁ%&ﬁfbm@@&% BERhe Phphited audio

present i nvent
signal according to the band signal, is added to the inputted audlo

signal. Accordingly, it is possible to easily generate an audio signal
having an extended audio band as compared with the prior art. In
addition, the band-extended signal obtained by the amplitude
modulation changes éccording to a level of an original sound and keeps

its spectral continuity. Accordingly, the method or apparatus according

' to the present invention exhibits such an advantageous effect that the

hlgher frequency component of the band-extended signal sounds not
artificial but natural relative to the original sound.
BRIEF DESCRIP’I‘ION OF DRAWINGS

Fig. 1 is a block diagram showing a configuration of an apparatus
for extending a band of an audio signal according to a first pfeferred
embodiment of the present invention.

Fig. 2 is a block diagram showing an internal configuration of an
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25 Fig. 2 is a block diagram showi ng an internal
configuration of an 11 oversanpling type | ow pass
filter 1 showmn in Fig. 1. Fig. 3 is a signal waveform

- view showi ng an operation of an oversanpling circuit

32 shown in Fig. 2. Fig. 4is 3 bl ock di agram show ng

an i-nternal configuration of & 5 hi gher harnoni c wave

generator 3 shown in Fig. 1. Fig. 5 is a block diagram

showi ng an internal configuration of a random noise
eneratgr_circuit 11 sh i4N_+Fi 1. -Fig 6is a
e&s,wthég M% L%“Ng?gssaﬁﬂgﬁtle?%é nclén]ﬂéggr ation of a

PN sequence noi.se .sign enerator circuit 60-n (n_=

T S Y G e igror i Rie SBowing afbperkion Msian

show ng a function of a probability density relative

QESTEAERINE Cirgdlit ¢ eshowndnyhig: € noi se si gnal

generated by one exanple of the PN sequence noise |

si gnalFiggéhisr atdeck diagramedowing an internal configyration of a

shown in Fig. 6. 15 Fig. 8 is a graph showing a

Higherilvarmoénic wevb genleratorddsdiown indligt lve to an

~anplitude level of a bell distribution type noise

si gnaFig. geisea dtleck jagreonhsdrowiteph dndérnaleopfiguration of a
sequence noi se signal generator circuit 60-n (n = 1,
Pandom, ndsedemmrator irguit6l 1 Khpw? in Fig. §r aph show ng

a function of a probability density 20 relative to an ,
anpl i Figde tendllotk dagriasiteowiighniibtéire) donfiguteition of a
signal generated by a further exanple of the PN

BRULch OhEReSdigNa] geAeRaORIGF L BOUhI(N6O-10 A n. 7 Nj, shown
2, ..., N shown I'n FIrg. 6. Fig. 10 is a spectral view
ﬁﬂp 4 g a frequency characteristic of a (1/f)
characteristic filter 8 shown.in Fig. 1. .

Fig. 7 is a graph showing a function of a probability density
relative to an amplitude level of a white noise signal generated by one

example of the PN sequence noise signal generator circuit 60-n (n = 1,

2,..., N) shown in Fig. 6.

Fig. 8 is a graph showing a function of a probability density
relative to an amplitude level of a bell distribution type noise signal
generated by another example of the PN sequence noise signal generator
circuif 60-n (n =1, 2, ..., N) shown in Fig. 6.

Fig. 9 is a graph showing a function of a probability density
relative to an amplitude level of a Gaussian distribution type noise
signal generated by a further example of the PN sequence noise signal
generator circuit 60-n (n =1 , 2, ..., N) shown in Fig. 6.

Fig. 10 is a spectral view showing a frequency characteristic of a
(1/19) characteristic filter 8 shown in Fig. 1.

Fig. 11 is a spectral view showing a frequency characteristic of a
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25 Fig. 11 is a spectral view show ng a frequency
characteristic of a 12 (1 / f2) characteristic filter
instead of the (1 / f) characteristic filter 8 shown

in Fig. 1. Fig. 12 is a block diagram show ng a
configuration of an apparatuiQfor extendi ng a band of
an audi o signal according to second 5 preferred
enbodi ment of the present invention. Fig. 13 is a

bl ock di agram showi ng an internal configuration of a

I om noi se, generator circuit 9 s in Fig.. 12
(e B Ratpe i iRl thgfead &b tng 1R BatAs bifsic Giend

n apparatus for extending a band of an audi o signha
%Hﬁﬁpd ﬁagté-a third 10 preferred enbodi nent of the
present invention. Fig. 15 is a bl ock di agram show ng
a configgdraisi dhlegk dinggen shiowigBsk corpguarden sy an
system which i s one exanple of an application of an :
appanradugdor extendisgi hgnal phad aidiarsigndl aceomgling to a second
according to a fourth preferred enbodi nent of the
mredemet] émbediment of ShEipresdbt irsvemtidrmock di agram
showi ng a configuration of an apparatus for extending
a barigofl 3ais Ablbck dignaim ahowidigngh intdrhel ponfiguration of a
BEST MODE FOR CARRYI NG QUT THE | NVENTI ON Preferred

- RIHhesike g@ﬁ@ﬁ.ﬁwrf@ré@iﬁt PeR6®M ir Fyent2.on will be

20 described below with reference to the drawings. In

the apfgaqhert o Mook G@é%reﬁﬁmﬁtgsa sbAfikarationasdn
ot her are denoted by the sane nunerical references,

AFBRARUSBY Xxt@iing o Ihaifi oPAn! ARER' Gight Bee6FdibRto 4 third
preferred embodiment of the present invention.

Fig. 15 is.a block diagram showing a configuration of an optical
disk reproduction system which is one example of an application of an
apparatus for extending a band of an audio signal according to a fourth
preferred embodiment of the present invention.

Fig. 16 is a biock diagram showing a conf-igurétion of an
apparatus for extending a band of an audio signal according to the prior
art.

BEST MODE FOR CARRYING OUT THE INVENTION

Preferred embodiments according the present invention will be
described below with reference to the drawings. In the attached
drawings, components similar to each other are denoted by the same
numerical references, respectively, and will not be repeatedly described
in detail.

FIRST PREFERRED EMBODIMENT

Fig. 1 is a block diagram showing a configuration of an apparatus
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25 Fig. 1 is a block diagram showi ng a configuration
of an apparatus 13 for extending a band of an audio
signal according to a first preferred enbodi nent of
the present invention. The audi o signal band extendi ng
apparatus according to the f| t preferred enbodi ment
is such a digital signal pro ssing circuit that is

i nserted between an input terminal Ti 5 and an out put
term nal T2. The audi o signal band extending appar at us

j tut b |nclud|ng an versa I ng e
OB PReading e b der Sai 7RG %@0{%%5 a i paeferred
2, a h| gher rmoni ¢ wave generator , a mul ti plier
enbg emgmtéa tgsrﬁrﬁé%t mvftrtmore BAhe su wlélglaldéan%@xéendmg
anplifier 6. The audio signal band extendi ng apparatus
appaatasAceriingte she divst prefested gnihedineent iscsweh mgdigital
a random noi se generator circuit 11, an absolute
sighakpretessing Girclif tlaams;mmlrtecbhepassn ani input tdremnal T1
13, and a variable anplifier 14. In this case, the
aiil@ialmbutmabbmmmdli’m.eﬁ‘hﬁ ausdioosighiaf biced] byteniiihgdipgaratus
a digital high-pass filter (HPF) 7 and a (1/f) _
isheorestitated thycirfdllitieg 8nvdierbaatsirg® oyee l@d-passifilter
cascade to each other. Referring to Fig. 1, a digital

ﬁ@vér@rﬁpﬂﬁghyp% LPPUL | 88 ddiertea AYRES aRRhidciwdee
owpass frlter 1 via the input termnal T1. This

ghrtirhdbr aual xausztl nef 4, % a%ﬁ)ﬂaqc!}é&ﬂbégsomtef Zepwgrf%&fa a

a conpact , and this "case, si gnal  has
I e f
\T‘%Ifr]%itﬂiﬁ %r?@)h gﬁ*sfi‘f'ﬁé i@%ig) \Aﬁélﬁﬁﬂl E%Qld‘ggte?ﬁgng M batus

SHBASAI Mg HHS LU Ay by SR ol
AERARTRCELIET éﬁ?%bsio%%%?e“?%@@?“&“?%h%‘?ﬁg#%”low-pass
i Pt B TR sHABELRY, 'l B i
babdpass filter 5 is constituted by including a digital high-pass filter
(HPF) 7 and a (1/f) characteristic filter 8 which are conhecte_d in
cascade to each other.

Referring to Fig. 1, a digital audio signal is inputted to the
ox}ersampling type low-pass filter 1 via the input terminal T1. This
digital audio. signal is reproduced from, for example, a compact disk
(CD), and in this case, the signal has a sampling frequency fs of 44.1
kHz and a word length of 16 bits. As shown in Fig. 2, the oversampling
type low-pass filter 1 is constituted by including an oversampling circuit
31 and a digital low-pass filter (LPF) 32. The oversampling type low-
pass filter 1 is such a digital filter circuit that multiplies the sampling
frequency fs of the digital audio signal inputted via the input termiﬁal

T1 by "p" (where "p" is a positive integer equal to or greater than 2), and
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25 T1 by "p" (where "p" is a positive integer equal to
or greater than 2), and 14 attenuates a signal fallen
wi t hi n unnecessary band that extends from a frequency
of fs/2 to a frequency of pfs/2 by 60 dB. or |arger.
When the "p" is, for exanple, 3, the digital audio
signal having the sanpling frequency Is (having a
sanpling cycle Ts = 1/fs) is inputted to 5 the
oversanpling circuit 31. As shown in Fig. 3, the

BRI b efiyl fllch Pyt A ESARHHIRERL Bends from a
' by . rting "zerq at di ate

%%@ﬁ?méfﬁ?? i epfehPret iR 8@&%8@95@ two b
1 dat di.acent .tq each othe tt l.ing cy

Ts SoWREH 16 P el dPE FEample: ?o%gfﬂgﬁﬁ'@ g Having the
conv rts the inputted digital audi o sj

SHPTRE B O S SRVIHEAR AgTIDLRE gVl $reia,uf§ﬁajl@pgtted to

é\%V| ng a sanpling cgcl e Ts/2). Then, the

eeenvpnrplnaiciapit 331 obs ﬁ@tosvm in dYg| Bathe aveiseanpling

audio signal to the digital lowpass filter 32. The

eirgitital 1 Exacptassan avessamplingagracessing powiatg: D1of(an

a passband that extends from frequency of 0 to 0.45fs;

inputéed ogitahaddid aignet thonichsefr ting 'zeeoudaiey DEf indo54f s

to fs; and (c) an attenuati on anmount of equal to or

inderraedidtenp &€itioB sqtrelativertediinrecyxis) odiresmeativenivom ® 1 data
than fs. The digital lowpass filter 32 limts a band

- adjagent np Waickdothegi dtah easaiin®litigioptlesSis 86 astoriamensolabes the

20 aliasing noise generated by the oversanpling

RARCPSS g b¥nbeMsRaRSinplittd® digigal @@dim&ghtafdnw didigital
audi o signal, and passeS only an effective band (that

£XRN§ignlal ‘Hﬁvflﬁg GUEARY g thﬁeﬁcﬁﬁﬁ) habingha tsB?ﬂphng cycle

[ nputted di gital audio signal has subst ant al
T e bkl S b st g

audlo signal to the digital low-pass filter 32. The digital low-pass filter
32 has the following;:

(a) a passband that extends from frequency of O to 0.45fs;

(b) a stop band that extends from frequency of 0.54fs to fs; and

(c) an attenuation amount of equal to or larger than 60 dB at a
frequency equal to or higher than fs. The digital low-pass filter 32
limits a band of an inputted digital audio signal so as to remove an
aliasing noise generated by the oversampling processing by low-pass
filtering the inputted digital audio signal, and passes only an effective
band (that extends from frequency of O to 0.45fs) which the inputted
digital audio signal has substantially. Then, the digital low-pass filter
32 outputs a resultant signal to the adder 2 shown in Fig. 1 and an

absolute value calculator 51 (Fig. 4) of the higher harmonic wave
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25 absol ute value calculator 51 (Fig. 4) of the higher
har noni ¢ wave 15 generator 3. Next, the higher

har noni ¢ wave generator 3 shown in Fig. 1 is a
nonl i near processing circuit that has a nonlinear

i nput and output characterisyigc. The higher harnonic
wave generator 3, by executing a 5 nonlinear
processing to an inputted digital audio signal,
distorts the digital audio signal so as to generate a

%Jr% ]{: rrmnic wave conponent signal. Then, the
er hafnmoni ¢ wave generator 3 outputs a digital

d | t he hi gh — :
Comatett Beghict SOt Vol Bep L SpPGHCin i 15
har ni c wave t 3 titut
foeéagm%%sna&&?m BtnasenbRbnear JbaL Shd putent
52 h Fi
arrJFtelflﬁFlg mhlﬁhﬁé rapglié%%m?"gﬁrr@% %ﬁcugmg a
constltut ed by including a subtracter 53, an
neRiagRnprecessing tean inputed Yigitahandigsignalgdistorts the

Referrln to Fig. 4, the absolute value cal culator 51
1ptdgnalsse, asnor@nerp,t@ad@ghng harohonic wave

.fuII-vvave rectification process on an inputted

cbmpbalent wigmalsi Dhenh, tlantigihemhaunpnic vt gériaiataudi o
signal which has been subjected to the nonlinear

U essa ddgital aheéiossighaddheluding thedigher harhagnictgwave
circuit 54 provided in DC offset renoval circuit 52.

ddrapabealt Wignalaioih e aeltiplieer4 5 Theuhighies arshgnid wave
having a positive 20 anplitude as it is, whereas the

Sdrtatd £ 3vigl dsh strliged Byoin A BF ekatplel BhelabyehtWvalue
a negative anplitude into a S|gnal havi ng a positive

Gdlehildtddes 1 BﬂH 4 D¢ ErsetFenivadeirkkiP 58 ¥RbWS B F‘ié‘ €4. In

negative anplitude, and outputs a resultant signal.

@éﬁ e%ﬁ%%?‘é?% %ﬁs?gggﬁgc%va@\%mﬁﬁt EQ‘”@Vc%rfé%{fﬁQ@& YySirflfiding a
subtracter 53, an averaging circuit 54, and a (1/2) multiplier 55.
Referring to Fig. 4, the absolute value calculator 51 executes the
nonlinear processing such as a full-wave rectification process on an
inputted digital audio 'signal, and then outputs a digital audio Signal
which has been subjected to the nonlinear processing to the subtracter
53 and the averaging circuit 54 provided in DC offset removal circuit 52.
The absolute value calculator 51 outputs a signal having a positive
amplitude as it is, whereas the a'bsolu-te value calcﬁlator 51 converts a
signal having a negative amplitude into a signal having a positive
amplitude that is the same as an absolute value of the negative
amplitude, and outputs a resultant signal. Due to this, the higher

harmonic wave components are generated at portions at which the

signal having the negative amplitude is folded toward a positive side
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-based on the zero | evel a l eve

25 signal having the negative anplitude is fol ded
toward a positive side 16 with a boundary of the zero
| evel . Next, the averaging circuit 54 is constituted
by including such a |owpass filter that has a cutoff
frequency of nmuch | ower than %@e sanpl i ng frequency
fs, for exanple, about 0.000 The aver agi ng
circuit 54 calculates a time-averaged 5 val ue of an
anplitude of an inputted digital audio signal within a

v?i ﬁdaef)g{l of 'tHE t%e% %xyéll I(Ié thE nl% EirBRit 54 1s

erva I Cl en Onger an t I Ng CyC
%ﬁ%ﬁﬁ%ﬂ @ 18% b fepdh A 0%'533 ﬁ‘?ééfr ﬂg%t hi éﬁ"@%’é
fidyidnoshl ek r‘ﬁgﬁm%itb@asafapﬁpg.'?guﬁéﬁgsﬁiv'? Kok Fxagple,

a val ue of a |cat|onre It to he subtracter
Suleifedt Améfraged
Further, the subtracter 53 subtracts nal
vodtp O EscRmifidecol an anpUkd figital & orsfl%ﬁai“aﬂg &
audi o signal outputted fromthe absolute valu
predeteranimedstimpinterval (fereyamplec ¢ medntersl utigiently
present preferred enbodi ment, the digital signal
longer tlean thesarhplingpeycle é‘lsm arxd ontpugs & digited sigrakhaving
on the zero level. Accordingly, it is necessary to
thet tirrciverigedtvalte dogihtea]1 /9) gnaltipliens5. rHsqerctheEl /2)
circuits showmn in Fig. 1 and a digital signal fromthe
mbaﬂﬁ?lier bermiueblied drpideu ttedidigithl bl v 1t/R¢ anglr outputs a
| eve However, even if a 20 digital signal inputted

digitaln8idHa f‘rﬁdvmgfeﬂﬁﬁm-‘e b@ﬁ&n@t@ﬁ?ﬁ@?@bxﬁ &eis_altatc? thesabtracter
of the signal is

59 '&‘éee[ Hﬁgitél%gn a] il@ichtingea TRU QJffseY drhguakbs FuitRey,athite

cal culator 51 for performng the nonlinear

Actgfgrsg ;ﬁh@@y sObtfadi8Sd! higltélhﬁgilz&l Gﬁftﬁﬁ&e'dsfrgﬁi‘@h@t( 2)

Can average val U di gital signal
AhAPLELFS s’ -8 hfigital audio signal outputted from the absolute

value calculator 51 so as to remove a DC offset.

In the present preferred embodiment, the digital signal inputted
via the input terminal T1 is a signal based on the zero level.
Accordingly, it is necesséry to set each of output digital signals from
respectiv¢ circuits shown in Fig. 1 and a digital signal from the output
terminal T2 to be a signal based on the zero level. However, even ifa
digital sighal inputted to the higher harmonic wave generator 3 is a
signal based on the zero level, a level of the signal is converted into a
positive level by the absolute value calculator 51 for performing the
nonlinear processing. As a result, the DC offset is generated.
Accordingly, an average value of a digital signal outputted from the

absolute value calculator 51 is calculated by the averaging circuit 54,
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25 absol ute value calculator 51 is calculated by the
averaging circuit 54, 17 and a half of the average
value is subtracted fromthe digital signal outputted
fromthe absolute value calculator 51 so as to renove
the DC offset. Then, as sho in Fig. 1, a digital
signal including the higher - har noni ¢ wave conponent
generated by the higher harnonic wave generator 3
based on a level of an inputted digital audio signa

G o AT SRS s cERTRORE 9 fpnc

- iHERi3) AR 48 sl < BeiteSaite il Sy 2Rl {{fHBve the pC

dition, the random noi se generator circuit 11 shown
QliseE; g. 1 generates a digital audio signal having a

band that extends from frequency of 0.to pfs/2 and
randdheiinAs shawn By &g rbi %giﬂ sgppk m@huﬁ%na%hg ,r}ug%er

i.e., generates a random noi se signal which is sych a
hinmhenic wayaonpenent ggperataddy e highemhgrmonic wave
correlation with the digital -audio 15 signal inputted
generater 3 mased: en  leakl oflandnpudtaddigital ajedior sigaal (i.e., the
random noi se signal.to the absol ute- val-ue cal cul at or
HigheN&rdrmadrhie wabe comporveri tuleavimlgea llesaircotPesporsling to that
cal cul ator that executes an absolute val ue

ofathelingiuteed pligicebaitth signab sorgsitd &d sutnstantizdiysproportional
signal. The absolute value cal culator 12 outputs a '

thleger) ié@utputaadzeo BR6 nhiiiteplesTpd i t ude to the digital
| ow-pass filter 13 as it is, whereas the absolute

val ugnCad &l Othelrart@oyen bise etic@fdr Hidvhiitdl Bshown in Fig. 1
negative anplitude into a.sighal having a positive

ﬁgr&é@adi fhl h]admgégr@?d@g&fg% baBROiHH teeMBhHES fRm

negative anplitu puts a resultant

She0ehct 8 bhE) H1gi3 Bha £5RA5M AhlBiRUdktevbt réiatIekBne

time axis, i.e., generates a random noise signal which is such a dither
signal that is generated Withqut any correlation with the digital-audio
signal inputted via the input terminal T1, and outputs a generated
random noise signal to the absolute value calculator 12. Next, the
absolute value calculator 12 is such a calculator that executes an
absolute value calculation processing on an inputted random noise
signal. The absolute value calculator 12 outputs a signal having a
positive amplitude to the digital low-pass filter 13 as it is, whereas the
absolute value calculator 12 converts a signal having a negative
amplitude into a signal having a positive amplitude that is the same as
an absolute value of the negative andplitude, and outputs a resultant
signal to the digital low-pass filter 13. It is noted that the absolute

value calculator 12 is provided so that the multiplier 4 multiplies the
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multiplier 4 nultiplies the 18 hi gher harnoni c wave
conmponent outputted fromthe higher harnmonic wave
generator 3 by a random noi se signal having a
predeterm ned sign regardl esggof change in the sign

of the random noi se signal. Further, the digital

| ow-pass filter 13, which has a maxi mum cut of f
frequency 5 within a range from 100 Hz to 20 kHz,

refer ' ;
Ilﬁlggigf H r%ﬁ{f%gle %%é@l&lﬁ%ﬁ%ﬁéﬁ&%@s tHd higie& B8rmonic

. ndom Nnoi'se 'si gna been |
BivbaeLetald pF ATRApr b NeoSeh flhBig Alyiigrmpined sign
ssiprafess olchaidein Koestith of fof Tendo floisq gighRd. Tufther,

variable anmplifier 14 chapges,a level (anplitu

i GUEI=BloBnP R e ooV BIaT hosi g RBYBrCuto frequency
anplification ratio (which is set fora positive

WHpIn fa range o dO0 e 20 kBayprsderahly dspma] kdimte ZekHz,
anplification or an attenuation processing) based on a
lownpess fitensaan inputtedurandemanoisedigaah wiehahas tgen
signal to the multiplier 4. In 15 addition, the

sulbjeabé tartheidhsalu teivakieusadulation) andvaltpudsjasesultant

| evel of a digital audio signal fromthe higher

sighab 1o ¢cheaneldplier 4tvia tBearatisblel awvglifiet lat.noi se

signal fromthe digital |ow pass filter 13. This

adj ustveiiis ¢dsepribbaraatdlesahplifiet Nat isa levgll ddntdel circuit.
nodul ation at the nultiplier 4 is perforned at a

TREWa2{dHe draplifier A%, chahgexanele (a8Rptititde #8lUd)Han

Concretely speaking, the random noi se gener at or

ﬁf&ﬂﬂé& digitaB BRMALIBY Ei%%m lifisafiBAStdtid [WHIckS isS §@Wdr a

, tor exanple, Fig. ~ Referring to Fig. 5 the
FASHE ARLIMCATIAY BIStsBiAg A sy S Sort d gl

Qﬁ‘lpﬁﬁicﬁt%}?lor an attenuation processing) based on a control signal,
and outputs a level-changed digital signal to the multiplier 4. In
addition, the variable amplifier 14 is used to relatively adjust a level of a
digital audio signal from the higher harmonic wave generator 3 and a
level of a noise signal from the digital low-pass filter 13. This
adjustment is preferably set so that an amplitude modulation at the
multiplier 4 is performed at a modulation factor of, for example, 80% to
100%.

Concretely speaking, the random noise generator circuit 11
shown in Fig. 1 is constituted as shown in, for example, Fig. 5.
Referring to Fig. 5, the random noise generator circuit 11 is constituted
by including a plurality of "N" pseudo noise sequence noise signal

generator circuits (referred to as PN sequence noise signal generator
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noi se signal generator 19 circuits hereinafter) 60-n
(n=1, 2, ..., N, an adder 61, a constant signa
generator for DC offset renoval 63, and a subtracter
64. In this case, the respective PN sequence noise
signal generator circuits 60- 9 have i ndependent
initial values. The respective PN sequence noise 5
signal generator circuits 60-n generate pseudo noise

.PN), signal s having uniformy random | i fude

q(‘%@ ,h%FSWQéHX‘EI%éP (M3dq ud';‘ nce l\ﬁo?’é‘ea&g)rgﬁg a congtant

out put generated PN signals to_the adder L&)l. Next, the .
signal generatas fop DL pffsetrempval 68nasidya SudtEREtStG % In this
fromthe PN sequence noise signal generator circuits
@el the resparctive RN seqwines noisel sighrl gegasatorgigcuits 60-n
out puts the PN signal having an addition result to the
sanx iraddmandent iditiahealotdser Thamdspettive Bhsseqiienieynaiise
generator for DC offset renoval 63 generates a

signat gehesatonairduits 60-nfdenerate pesatio noike (PNhaigremls having
sum of time averaged val ues of the PN signals froma
whifoaly yantomNaniiitseizuwets, Ifor egrafigleaM geqeenatemnoise
circuits 60-1 to 60-N, 15 and outputs a generated

SigABRd, 4 b@patehardted BN. sighalstidtli@atider é4. Next, the
generates and outputs a dither signal wthout a DC '

{ oy { i f
sifect s ey deomtgiani ot goat oy o
gﬁéﬁeﬂ&sggﬁ%"‘ﬁéhﬂl El;:ﬂeraﬁor.ec"if&gg% ﬁB?‘}ﬁgcﬁl@JRg ,§o %@ t,%eﬁ)b.tam a

gener at circuits

15 AGEE, oL S5 1 R S o U Hsuho e

8es Do Bl inA BTk Shstbl enalkeb@iatog for DC

o b B 7 e P8 AR A s Dl K
#hich ?faosra sum of time averaged values of the PN signals from a
plurality of "N" PN se(juence noise signal generator circuits 60-1 to 60-N, -
and outputs a generated signal to the subtracter 64. The subtracter 64 |
generates and outputs a dither signal without a DC offset by
subtracting the constant signal for DC offset removal from a sum of the
PN signals.

In this cése, as shown in Fig. 6, each of PN sequence noise signal
generator circuits 60-n (n = 1, 2, ..., N) is constituted by including a 32-
bit counter 71, an exclusive-OR gate 72, a clock signal generator 73, |
and an initial value data generator 74. An initial value of 32 bits is set
into the 32-bit counter 71 by the initial value data generator 74. Initial
values of 32 bits for the respective PN sequence noise signal generator

circuits 60-n are different from each other, and then the 32-bit counter
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25 circuits 60-n are different fromeach other, and
then the 32-bit counter 20 71 counts so as to

i ncrenment by one according to a clock signa

generated by the clock signal generator 73. Anpbng data
of 32 bits (including data o& Oth bit to data of 31st
bit) of the 32-bit counter one-bit data of npst
significant bit (MsSB; 31lst blt) and one-bit data of 5
the 3rd bit are inputted to an input term nal of the

AP 85 el B LR T o o B o
S50 TR S P AL el R

counter 71 is outputted as a_ PN sequence noise
BpohitinedaotORT Ry ndamnosadE0RRD of oenth it SPRRERT 71,
generator circuits 60-n, PN sequence noise sjgnals

one it data of mwwgmfsm& pitd 584 abhil ansl gaehigsiata of |
generator circuits 60-n become the eight-bit PN
Heydeddit ant sepsttgdaiosaniingapsewinalos! Yreecselotsivg-OR gate 72.
the exanple shown in Fig. 6, the PN sequence noise
Thgrexclusite (@Regede M2 sets onesicdata af @ calesiated: extlasive
descri bed above so as to generate the eight-bit PN
Redesdrsiemniol & desstosighsficantebir (8B offther82-bdhobhater 71.
However, the present invention is not limted to this.

FhealRN dfamppsrrdiE e bistsdhcdgDasidiconnier FUi isso@huxted as
may be constituted as follows. 20 (1) The bit

hqmtsbquéneé Ri80kigHd]. | By tAsRaDrstRusiiPihie POUBEQE Ence
71, fromwhich the PN sequence noi se signals are

I&gigngﬂ@l’gﬂtah gegsrét%tr difc bigs 6@-hf PNeél%ciJér%E gasde & g_h%!s .

sequence noi se’ si gnal gener at or lrcult

ﬁﬁ%ﬂ_ﬁtﬁﬁﬁo&“ih@{‘e IvebPN é’e&lﬂ@%&%%@e @g@% gér%}%{tor

east significant el I'ts, the equence
Bﬁ‘cﬁﬁs%@-'}?loecome the eight-bit PN sequence noise 81gnals

independent of one another.

In the example shown in Fig. 6, the PN sequence noise signal
generator circuits 60-n are constituted as described above so as to
generate the eight-bit PN chuence noise signals independent of one
another. However, the present invention is not limited to this. The PN
sequence noise signal generator circuits 60-n may be constituted as
follows. |

(1) The bit locations of eight-bit in respective 32-bit counters 71,
from which thle PN sequence noise signals are taken out, are set to be
different from each other. Namely, the PN sequence noise signal
generator circuit 60-1 takes out an eight-bit PN sequence noise signal
from the least significant eight bits, the PN sequence noise signal

generator circuit 60-2 takes out a PN sequence noise signal from eight
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25 generator circuit 60-2 takes out a PN sequence

noi se signal fromeight 21 bits right on-the | east
significant eight bits, and the subsequent PN
sequence noi se signal generator circuits take out PN
sequence noise signals in a nner simlar to above.
(2) Instead, the bit |ocationS of the respective
32-bit counters. 71, 5 fromwhich one-bit data

i nputted to correspondi ng exclusive-OR gates 72 are

. [
B SR, (6 Je§t oiBflitRutt ieflt P, AT IAE RSl RE RS P
i 0. s

inestegtois? sagﬁi%* %%ﬁ%raié%g@eﬁ Bt 28Y skifubrde noise
conmbj ned. 10 By addi. p.a plurality of PN sequence
fief H*ﬁd@ﬁ@ﬁ%@ Egtgﬁ%b%ﬁ%ther a PN sequence
noi se nal havin probabil ity denS|ty ative
an an@f gadleths %aglﬁcagoaérfért&wsy@cgwsm & W@gters 71,

and 9. |If "n" is 1, for exanple, a white noise
@pghanhlglé wEeabitydatainptted da corppsnansing skdupyet QR gates
that is uniformy distributed relative to the 15 :
‘Génaire talien |t lare Aet ie hredidfesent frpmotasinotherrig. 7.
In addition, a Gaussian distribution has a dispersion
of 1/(312A15tcmatjvdg, ab ledss tvemof the ekampletstepvenin Fig. 6, a
Accordingly, if "n" is 12, by adding up the PN
sedifiet examplsasdgeatised mrhll, fend esmecdified eRAmple as
sequence noi se signal generator <circuits 60-n that
desritdcein (&) aoee osinfbdnedy random nunbers, a 20

Gaussi an distribution type noise signal generally

havi ”B%@.d@ﬁﬁg lal pdaratiey of PN Qé(ﬁlﬁéﬁc@@@‘iﬁsﬁlﬁldependént of
distribution relative to the a itude |l evel can be

e anatesr, as PRS¥iu éficd hBisedsig E@m h'&@ﬁn% ) prdbab1ﬁty3deﬁs1ty
bel I distribution type (hanglng bel ype) noi sé€

&SR than 8 1t|%rdébl%béf 48 Hj:eg@ﬂérhté’ B sti§vh i in Fi rgs 7,8,

distribution or a hanging bell™distribution simla
4H8 21538 1, for example, a white noise signal generally having

such a probability density that is uniformly distributed relative to the

amplitude level can be generated as shown in Fig. 7. In addition, a

Gaussian distribution has a dispersion of 1/12 according to the central

limit theorem. Accordingly, if "n" is 12, by adding up the PN sequence
noise signals from the respective PN sequence noise signal generator
circuits 60-n that generate twelve uniformly random numbers, a
Gaussian distribution type noise signél generally having a probability
density of the Gaussian distribution relative to the amplitude level can
be generated as shown in Fig. 9. Further, if "n" is 3, a bell distribution
type (hanging bell type) noise signal having a probability .dernlsity ofa
bell distribution or a hangiﬁg bell distribution similar to the Gaussian

distribution and having a slightly greater dispersion than that of the
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25 distribution and having a slightly greater

di spersion than that of the 22 Gaussian distribution,
relative to the anplitude | evel can be generated as
shown in Fig. 8. As described so far, by constructing
circuits as shown in Figs. 5pgnd 6, and generating a
noi se signal shown in, for exanple, Fig. 8 or 9, a
dither signal simlar to a natural sound or a 5

nmusi cal sound signal can be generated using such a

@éﬁ@ﬁla&x H{Rf'ﬂ:)'\ﬁlor? ?%ﬂtné@ to 'tﬁ@la_rﬁﬁflﬁ;cﬁé [@re?%%ht gghgrated

'l er calcu

PP Bt Mol eédaéar%?@%§ﬁaﬁw§{%n§ar:mts as
fﬂg’vﬂ ﬁﬂ“ﬁlﬁ%i% e VE@@%W@FQE arase Sele) siowniia. or

noi se, Si out, ed fromthe variabl e
Aol SHDEA difhar sikbehSimaE g smnaliaral sund or a
and, t 0| e, signal _has no correlation with the '
IHHS&F a‘%o ﬁtgnfgdam he geperatad psinghguchpesacuifothat is
signals together, the multiplier 4 generates a digital
$BAH 1055i8&+t ended signal which includes a plurality of
carrier waves of, for exanple, the digital audio

Si gnd?@feﬁlflngrmctk th Eig. hb.rﬁmmml\hmh@r 4 isrp@aden s tan fom
plurality of anplitude-nodul ated signals having band
ampiiblnéannodulattmm Jhetesiudtipliee oichilatenah, arhplitude of a
which is Ilimted to a band centered with respect to

aereiecawavesrwiinkess hydigiel 20ddb sigradl dfatrefeighet iHdr@fonic wave
13. In addition, the digital band-extended signal has :

arhpuRknt Oultpabmdfrﬁﬁl tige tiighePhatfiorde v %_&Véi*a‘@or 3,
signal inputted via the input termnal Ti. Then, the

DG 5 wnoneign gonar s oB gk chyone
athplitier ie  Albainidbs RARPABARS sighall §§ litnited, and the noise signal
has no correlation with the original sound. Namely, by multiplying
these two signals together, the multiplier 4 generates a digital band-
extended signal which includes a plurality of carrier waves of, for
example, the digital audio signals of the higher harmonic wave
conﬁponents and a plurality of amplitude-modulated signals having
band components on both sides of the noise signal, band of which is
limited to a band centered with respect to the carrier waves by the.
digital low-pass filter 13. In addition, the digital band-extended signal
has a level corresponding to that of the. digital audio signal inputted via
the input terminal T1. Then, the multiplier 4 inputs a generated digital
band-extended signal to the digital high-pass filter 7 provided within the
digital babdpass filter 5.

As shown in Fig. 1, the digital babdpass filter 5 is configured so
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25 As shown in Fig. 1, the digital babdpass filter 5
is configured so 23 that the digital high-pass filter
7 and the (1/f) characteristic filter 8 which is the
digital lowpass filter, are connected in cascade to
each other. \Wen the inputte? di gi tal audi o signa

is, for exanple, an unconpre ed digital signa
outputted froma CD player or the |like, the 5 digital
babdpass filter 5 preferably has the follow ng

HRE e %%‘fa?ﬁligﬁl PR 7 Snb B NBc Bt iFEr 5,

aract t he I r frequenc s de i
SRR % lﬁﬁﬁﬁﬂw-@a&a & GO LG LEd 4R cegcage do each
equen /4, The atte atlon amoynt I.s closeto an
%he?atw e@a lrawtéeqﬁa AVida SIENaIRDET SFampée, an
ori ginal sound. \Wen the quantl zation nunber of the
WREMpIEssed digital sigpal exdnptied frenppiGD playss ordbieckike, the
SN is 98 dB. Accordingly, the digital babdpass filter
digited habginagsHisen Eepm% rarhluth asntheafmllowingospdcifioations:
| arger than 80 to 100 dB. It is noted that softer
sound(lgualduteffi fseqgbencnda: as a lovenufref fienhursade és aboud fs/2;
on the I ower 15 frequency side is slower, and that
shar p@) Aawtdffeladdactetistidenc yhe Jowebf@guethcyssitibes an
cutof f frequency on the | ower frequency side is

stftenpetion dimotulie dqidleto 6pkerged thanB@ B asiaofreghibtaey fs/4.
can be exhibited wthout damaging sound quality

Tied e ation REn&nhgiglosEotNdn SN Gakd Based ohta guaantization
preferable that the cutoff characteristic on the 1ower

hhatanedtR d8g{alZbuihe. dvakhaind @Mﬁ%ﬁu&hl ﬁ@fxﬂexc

be selectlvely changed over betwe exanpl e,

o A R 1%3@%@ :
%ﬁ%&&{&lngwgﬂg ?r“%ltgﬂf)a%ﬁp%sg' RS’ 55 R AR hsasdﬁlé Attenuation
amount equal to or larger than 80 to 100 dB. It is noted that softer
sound quality is obtained as the cutoff characteristic on the lower
frequency side is slower, and that sharper sound Quality tendency is
obtained as the cutoff frequency on the lower frequency side is sharper.
In the latter case, a band extension effect can be exhibited without
damaging sound quality tendency of the original sound. Accordingly, it

is preferable that the cutoff characteristic on the lower frequency side of

the digital low-pass filter 7 can be selectively changed over between, for

~ example, the above-stated two characteristics according to a user’s

command signal from an external controller;
(3) A cutoff frequency fuc on a higher frequency side is about
fs/2; and

(4) A cutoff characteristic on the higher frequency side is -6
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25 (4) A cutoff characteristic on the higher frequency
side is -6 24 dB/oct (See Fig. 10). As shown in Fig.
10, the (1/f) characteristic filter 8 is a so-called
(1/f) characteristic |low pass filter that possesses
such an attenuation charactebhstic that an '
inclination of -6 dB/oct in a“band B2 that 5 extends
fromfrequency of fs/2 to pfs/2, where the band B2 is
hi gher that a band Bl that extends from frequency of

t . i noted that "p" denotes an
' g@égggﬁ%‘% ﬁgé'rla io, for exanple, an integer equal to

or greater than a qu o.or spmall er .t han about

o ThES shortmit 53a 00 89 T} h Ereadfieid nleef B R go-caea
j.hputted digital, 10 sigqal, and outputs a : ,
Qa{ﬁbsla%aqt? ISHCdQWaPgss At that HAssEases sHERAN edtenytion
adder 2 via the variable anplifier 6. Further, the
shkactorigigShat an inalinatien of R dhieet i grhand Behihake
variable anplifier 6 to a lowpass filtered digital
exiginelssirgmairenpemcyad foy @rtoaprfs i gvherethohapas B2 is higher
filter 1 so as to obtain a digital audio signa

thati adpazud Bddihdtaxtends|fromTirequéndy of Oato fay@.oltsisghated

is such a signal that the digital band-extended

thayng" dendteslardedersarhplingirgtioafonetimpe gaalineégdriequal to
original sound. The adder 2 outputs the digital audio

o1 ghedtey ithahh® aoud egtial &5 6t Badalllet tHah hbbait@se, the
variable amplifier 6 is a level control circuit

si m | 'ahé )di%ﬂal bebd phiss il eradPlanidpisslfiltedd anviap ke ¢ digital
anplifier changes 20 a |evel (anplitude val ue) of

gignialPakh d @R tPhugs leebaAli 9Aas-Miverdl (ﬁg}%%yd&ﬁf—bﬁfbx{&éd Qignal to

(which is set for a positive anpli tion processin

B oqBYr Beviaghe $Aiabl &g@gfgfé,‘? @erﬁ&%tth%n%?%%lg? adds a

attenuati on processing on a contro

SR ST G 0ol BRRAG 876 o ow-ase
fitkAld M%iyalaé{jl&jl%t si&ﬁgl Ifleo\{'ﬁlth%fox}elilSampling type low-pass filter 1
so as to obtain a digital audio signal having an addition result. The
digital audio signal is such a signal that the digital band-extended
signal is included in the digital audio signal of the original sound. The
adder 2 outputs the digital audio signal via the output terminal T2.

In this case, the variable amplifier 6 is a level control circuit
similarly to the variable amplifier 14. The variable amplifier 6 changes

a level (amplitude value) of an inputted digital signal by an amplification

ratio (which is set for a positive amplification processing but may be set

for a negative amplification or an attenuation processing) based on a
control signal, and outputs a level-changed digital signal to the adder 2.
The variable amplifier 6 is used to relatively adjust the level of the

digital audio signal from the oversampling type low-pass filter 1 and the
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25 digital audio signal fromthe oversanpling type

| ow-pass filter 1 and the 25 |l evel of the digital
band- ext ended signal fromthe digital babdpass filter
5. This adjustnent is preferably set so that the

| evel s of these two signals %pstantially coi nci de
with each. other, i.e., set sG%as to keep a spectra
continuity, at the frequency of, for exanple, fs/2 in
the. adder 2. 5 As described so far, according to the

A R e ] Pt 4488 e
5L 5L o SRR BV 0 A R T A

a ePera{Ji on mechani sm_substantially anal ogous to "
%153@1 DFUPRAntaally sPiREda Wit eaeneHfraigit $airso1@s to keep a
signal generation frequency to have a generally

SREKEM ORI YD lﬁtifaﬁqféequew oé| ﬁorcﬁr@tmpm,utfsb%)m ithegadder 2.
band equal to or higher than that of an inputted _

di gi t&$ desdribedl spméar, acgordimg taathe fivseprefaoed endodiment of
is generated by nodul ating the anplitude of the

der presentdneentions the shigher hairgidrac waynabnmforidrg or the
gener ated hi gher harnoni c wave conponent which 15 is

dither sigithldsqendiraged hasidy tghesahiegpenesl spertngd as that of
intensity of the inputted digital audio signal, in '
Ancongdogesyhl §i§ﬁaﬂgh&€ i§) 98vin gS4l @B nepstibNenEE A A®Ism
signal, which is the band signal having a

fliestalrldlynadal tdfthat Jihee hReuPANENEYd 9FdBPming a dither

signal is added to the inputted digital audio signal.

deaal gbﬁefa/t;ioﬁtfre%ﬁs}gﬁgtvqnhgvg % ggﬁéeﬂr%ggegggggﬁbgﬁgﬁ%tion or

difrgital audio sig

e Shait o o P blid Fhluan 1) O HiHch Inah 068 41

PR b ea AT SUAEE, S48 ATREE AEERIAL Dk i
SRS 2ENAU RTR o U  SYB i

--digital signal of the generated higher harmonic wave component which

is generated according to a higher frequency spectral intensity of the
inputted digital audio signal, in accordance with the noise signal such
as the dither signal, which is the band signal having a predetermined
bandwidth. Then the band-extended signal is added to the inputted
digital audio signal. Accordingly, it is possible to easily generate a
digital audio signal having an extended audio band as corripared with
the prior art. In addition, since the band-extended signal obtained by
the amplitude modulation as described so far changes according to the
level of the original sound and keeps its spectral continuity, the present
invention has such a characteristic advantage that the higher frequency

component of the band-extended signal sounds is not artificial but
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25 conmponent of the band-extended signal sounds is not
artificial but 26 natural relative to the origina
sound. Further, the signal processing performed by the
audi o signal band extendi ng apparatus according to
the present preferred enbodi t are all digital

si gnal processing. Accordingly, variations in 5
performance do not occur due to variations in
conponents that constitute circuits, and tenperature

s t! i tute cirouits, and tenperatur
RN ﬁf’o%l’l%g?%?ﬁé&q%ﬁ“{lﬁ-eetaﬁéi o o gnal “passes

hr f th ' its. F , ' he .
accur Shgcns 106 Sefarpidisniie bibrFleg B e eudifiena

circuit is.inproved, size of circuits 10 is not de
Pandexirnding BPRara S gocUing dordi PrSFBAPEaIeTTR o

manner, different fromthat" of an apparatus L )
@aﬁgﬁlm%@lwlgﬁ%l&@l sgnaliPrecessinghdigsosfuglggvariations in
enbodi ment stated above, the absol ute val ue

eelifermanege da nofereur fiug to varighians inscempgnensathat
rectifier circuit is enployed to constitute the
eangidiuteoinotits, aaddegyaraitne charaeineistic, Inbaddition,
present invention is not limted to this. A half-wave
deteridragiorcin saund qualityodogsinet macur avipers the waidiargignal

of the inputted digital audio signal and outputs a '
passds therouggtt eah tofehergirduiesl dhgithet, evedi i thegiuracy of
after setting the negative part to the zero | evel may
eecte fipleoytdciticosisendted thdeanhs elreuiet MaimiBrav@lds Wisd ef circuits

.51. 20 In the preferred enbodi nent stated above, the

islnot Made Rirgetaid shasufddthirBig SostSiseicd Ry edasé® VRV & manner
the present invention is not limted to this. The

@ipfeat orRthat M difi8ppatatdd ddnshfiRet bﬁtail(?]g 'E_;irlgch?gsl.

having an attenuation characteristic shown i

15, 08 1 o FRIPLALL e 1 Sy
calculator 51 shown in Fig. 4 which is a full-wave rectifier circuit is
employed to constitute the higher harmonic wave generator 3. However,
the present invention is.not limited to this. A half-wave rectifier circuit
that outputs only a positive part of the inputted digital audio signal and
outputs a negative part of the inputted digital audio signal after setting |
the negative part to the zero level may be employed instead of the
absolute value calculator 51.

In the preferred embodiment stated above, the (1/f) characteristic
filter 5 is employed. However, the present invention is not limited to
this. The apparatus may include a (1/f2) characteristic filter having an
attenuation characteristic shown in Fig. 11 instead of the (1/1)

characteristic filter 8. As showh in Fig. 11, the (1/f?) characteristic filter

is a so-called (1/f2) characteristic low-pass filter that exhibits the
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25 is a so-called (1 / f2) characteristic | ow pass
filter that exhibits the 27 attenuation characteristic
having an inclination of -12 dB/oct in the band B2
that extends fromfrequency of fs/2 to pfs/2, where
the band B2 is higher than the band Bl that extends
fromfrequency of 0 to fs/2. Tn the preferred

enbodi ment stated above, the preferable 5
specifications of the digital babdpass filter 5 when

APEabBRUh Sthylcplrilc pansho a?x gl BE- ww&&s&%e

S1 gha er or have

eecrl1 %ﬁg# gft%gﬁ%%né F & n eTg' Zggcg 5 ﬁgre %ﬂe band
lgfég tehstH }Q‘Srp.ﬂn’\éRB&f E‘P%%%lx%e&iéés@%ﬂy fr&@ugpgmf Qgo fs/2

her ei nafter) conpr essi on- coded by AAC (Advanced ud|

Codi &) ht‘opr@f%rqdnelmoaiame@tsst@wéi abey§ ofa REclesabl

MPEG: 4, the cutoff frequency fs/2 of the digital
sasifeations pf she digitak habipass fliesfuathep theanauiteshdigital

the higher frequency side is preferably set to an

alpibier sighai is theymeonyprgssed dlg;trabmgnal romsattee 61D phayer or
conpressed audio signal. In this case, the 15 sanpling
threeljke hayefleenf deseriédl siWheah t;}m:dintmftte,!d\dig“n:@]naudm signal is
for exanple, 44.1 kHz or 48 kHz. The sanpli ng

4 tégitansignbis (referzeiabfag aneMDs bignall hefrelrttedEraingaaVD (Mini
is 22.05 kHz or 24 kHz. In the forner case, the upper

DigR)tplhyenueacdigithal binelib eigealugtierfed @ @si $n AXOtsidhal
kHz to 18 kHz. In the latter case, the upper limt

tﬁé@mgﬁem ézfm ResdieRIed bpAACQABREACES AmipBt CEAktE) for

to kHz. he preferred enbodi nent stated above,

&&?nﬁ @Bldgﬁufbos@w Boifstmite 68 MPBGEY, Be bliof IRdiARCy fs/2

n0|se gener at or circult .~ However, t he pr esent

{iig‘?fbl' Riffads ﬁ‘i'télegé) tBQ'l@weF%c{@?ﬁ?Q@ﬁ%‘éﬁ on the

S|gna e generate y an extern urt an

ljll'éﬁ’ilétrtf?gqﬁéh&}h&d%bﬁofn%tf@rably set to an upper limit frequency of a

reproduction band of the compressed audio signal. In this case, the
sampling frequency fs of the MD signal and the AAC signal are, for
example, 44.1 kHz or 48 kHz. The sampling frequency fs of a half-rate
signal of the AAC signal is 22.05 kHz or 24 kHz. In the former case, the
upper limit frequency of the reproductidn band is about 10 kHz to 18
kHz. In the latter case, the upper limit frequency of the reproduction
band is about 5 kHz to 9 kHz. |

In the preferred embodimenf stated above, the random noise
signal is generated by the random noise generator circuit 11. However,
the present invention is not limited to this. The random noise signal
may be generated by an external circuit and inputted to the absolute

value calculator 12.
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25 value calculator 12. 28 In the preferred enbodi nent
stated above, the random noise signhal is generated by
the random noi se generator circuit 11. However, the
present invention is not limted to this. A band
signal having a predeterni neggbandwi dth, e.g., one of
various signals such as a data 5 signal and an audio
signal, or a nodul ation signal thereof may be

enpl oyed i nstead of the random noi se signal. SECOND

PREFERRER EP@%:}'CME%@cﬂmegrﬁaégité;dp %b%gugj@géﬁ%m noise

showi ng . a configuration o ara

SELAT BR8Pl B Pl 555 BB 12 rowever

B ol s B A BT
SRR ot e S M

rrandom noi se generator circuit 9 that generates a
signaband @ ausliosignala s srodulation signal dhered npghe
froman oversanpling type |lowpass filter 1 instead of
arpployesniasheadiof dhgd ramajpe signalil that generates
a noi se signal having no correlation with an ori gi nal
SBCRND AREFERREPRYBADIMEN® be described in
detail. Referring to Fig. 12, the random noi se
generRigoi 2disra bidclo difraen stioveagan ponfiguyatiehtsf-a gma
nodul ation (a A-E nodul ation) processing on the

apparaslis forlerteviding a beerd bhanauedivagiphbhactyRiing®w a second
pass filter 1 so as to generate the random noi se

prie@itebd eanBo@ithHt of tHe presedPMVigitieh STARAUHD 8ignal band
absol ute value calculator 12. In addition, the random

@Sﬁg}@ggg@fﬁuﬂéw&ng oWy secbhe ;Hie%ﬂrea HbQiment is
characterized, as compared with the audio signal band extending
apparatus shown in Fig. 1, by including a random ln_o_ise_gepgratl(__)r_ o
circuit 9 that generates a random noise signal based on a digital audio
signal from an oversampling type low-pass filter 1 instead of the
random noise. generator circuit 11 that generates a noise signal having
no correlation with an original sound. This difference will now be
described ih detail.

Referring to Fig. 12, the random noise generator circuit 9
executes a primary delta-sigma modulation (a A-Z modulation)
processing on the digital audio signal from the oversampling type low-
pass filter 1 so as to generate the random noise signal, and outputs the
random noise signal to an absolute value calculator 12. In addition, the

random noise generator circuit 9 outputs the digital audio signal from

the oversampling type low-pass filter 1 as it is or a re-quantized digital
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25 the oversanpling type |lowpass filter 1 as it is or
a re-quantized digital 29 audio signal (having a
decreased quantization nunber after re- quantization)
to an adder 2. Fig. 13 is a block diagram show ng an
-internal configuration of tE? random noi se gener at or
circuit 9 shown in Fig. 12. e?erring to Fig. 5 13,

t he random noi se generator circuit 9 is constituted by
including a primary delta-signma nodul ati on type

i o . e . )
AN SEREL faif] S ecichd titizarion HiimbRE Bngy 1
JRN by i jng a subtracter 81, a quanti zer

Cg’gﬂﬁ%%%t%rg%o%ﬂsﬁcteg%uanti zation, a subtracter 83,
and a.delgy. circuit .84 that,del.ays a. 10 sjgnal by gne
SapItiE Hidsc Biac dlhesngt SPRARY rbinterpabUaRteRta g of
pe lowpass filter 1.s outputted tg, the adder 2 X
téﬁcraalq%fa QISR ZERERRAIOT T G ehawsy nsPig;; 12.a Redririg to Fig.
"b" of the swwtch SWas it is, and also outputted to
hthegiandomapisg gengeator ¢ineui this senstitwtedsihinelaiding a
a digital audio signal 15 fromthe del ag/ circuit 84,
mrimery Kieltd-gigran modinlation iype quentizes 8Gandsemeiswitch SW.
type lowpass filter 1 to obtain a digital audio
Isi tdyigicaspathe primsgbteat sigma ssed wlatmmd typa quastizhe 80 is
digital audio signal to the . quantizer 82 and the
couistitated bydidiclitng atsubtgactet i®&lgra §Rantizeq @nthatepesorms
inputted digital audio signal, outputs a delta-sigm

reGquantizatierd, ai gisdractdri 83, and tahéelag- ciuauniti e dhalt delsis a
audio signal, to the subtracter 83, and also to the

@%d@]rb}zomedsqﬂnpl@_i gher harnoni c wave generator 3 via

the contact "a" of the switch SW Further, the

subt rafd @igif Budior sighal Frleen Qﬁbtcﬁrééﬁﬂ?l RE R RAv-pass filter
signal fromthe quantizer 82, froma digital audio
1Sis98atph el tohe SadEERS I d &lhigPer harmonic wave generator 3
via a contact "b" of the switch SW as it is, and also outputted to the
subtracter 81. Next, the subtracter 81 subtracts a digital audio signal
from the delay circuit 84, from the digital audio signal from the
oversampling type low-pass filter 1 to obtain a digital audio signal
having a subtraction result, and outputs the digital audio signal to the
quantizer 82 and the subtracter 83. Then, the quantizer 82 re-
quantizes an inputted digital audio signal, outputs a delta-sigma
modulated signal, which is the re-quantized digital audio signal, to the
subtracter 83, and also to the adder 2 and the higher harmonic wave
generator 3 via the contact "a" -of the switch SW. Further, the
subtracter 83l subtracts the delta-sigma modulated signal from the

quantizer 82, from a digital audio signal from the subtracter 81 to

obtain a quantization noise signal which is a digital audio signal having
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25 obtain a quantization noise signal which is a

digital audio signal having 30 a subtraction result

(and which is generated during the quantization), and
out puts the quantization noise signal to the absol ute

val ue cal culator 12 and al SO 4 the subtracter 81 via
the delay circuit 84. In the random noi se gener at or
circuit 9 shown in Fig. 13, when 5 the switch SWis

swi tched over to the contact "a" thereof, an audio

ai . , . C i vi e
g sgfﬁt?éct?bﬁ’ naky tﬁ@lg%%h%cr?& Fgg@%ﬂ?ﬂ@ﬁgg}%e (f\féﬁﬁ%ggion),

quantl zatl on nu g genera | | g
RIS 8 At o AR il A1 YRR SR
AR TR LR L A

di gital audi o signal froman output termnal T2 of

the alftite SPBAAM BRI BSREIMIPRGIENPLPANAWNIBHFighd3, when
nunber of bits of the digital audio signal decreased,
HHSwichaRY &9 pwifiched; ouerdio thesrentaati'eh theedos, an audio
subsequent signal processing neans small. On the

dightel sigmal (wikich iste signialdragng thestearensed aeamn tiza tioe
contact "b" 15 thereof, the audio digital signal

nuamén genisyatddeby vertwrpte-quanyizing aw apdmsdigital exighal

is outputted to the adder 2 and the higher harnonic
quaantizgdrier theovérsasnplingsypEdbivepasy filters], is dbutputted to the
possi ble to output a digital - audio signal fromthe

adder dred thedligher darhiehiaudhee geaspitob@dFoRyvengithds, it is
apparatus w thout decreasing the nunmber of bits

p&siBY to bugput ddigital URRS FiPhAl fron® dhPsi tputetedhsinia!T2 of
audi o signal fromthe oversanpling type |ow pass

frid haHid syird Bdred @Hf@ﬁiin%fa;?ééﬁath@%ﬁﬁftﬁbsnh}n%& of Bits of

the random noi se generator circuit 9 constituted as

Sheabah o e AN S P\SRAOED e
SActingtich Hchid of¥dbSeh8RAkiddAProlEssing means small. On the
other hand, when the switch SW is switched over to the contact "b"
thereof, the audio digital signal quantized by the oversampling type low-
pass filter 1 is outputted to the adder 2 and the higher harmonic wave
generator 3 as it is. Following this, it is possible to oﬁtput a digital
audio signal from the output terminal T2 of the audio signal band
extending apparatus without decreasing the number of bits thereof, i.e.,
it is possible to output the digital audio signal from the oversampling
type low-pass filter 1 With the number of bits thereof as it is.

In the random noise generator circuit 9 constituted as described
so far, a modulated signal which has been subjected to the primary

delta-sigma modulation based on the digital audio signal from the

oversampling type low-pass filter 1, i.e., a noise signal that is a band
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25 oversanpling type lowpass filter 1, i.e., a noise
signal that is a band 31 signal generated based on the
digital audio signal of the original sound is
generated. On the other hand, a band-extended signa

is generated by nodulating tge anplitude the a
carrier wave, which is a digital signal of the
gener at ed hi gher harnoni c wave conmponent which is
generated 5 according to a higher frequency spectra

SRRt AR G AUy g soune

e, 3 T AL e

Accordi,ngl y,..t he present. . preferr.ed enbodinent. exhibits .

Wopoéﬁ‘ilﬁgf’ ethfeu'?fgﬁ:il@ﬁ?ea A FHHEL 6D s “él?lﬁglcltssa %ltellS signal
ording to, the first preferred enbodi nent, put. al so

o {58 denbiatad e oD AR G A FoRTa POREBE (WK i Brirerated

hi gher frequency conponent of the band-extended o
agCaRdingstoua ddgher xpauenay spegtal imtensiy ofaminpatted digital
the original sound since the noise signal is also
ayeliersigeadl igagecomsianaewitdi ginaise sighal kaspdhpndhetimputted
original sound. 15 In the second preferred enbodi nent
digitel abdip signad, Then pitiethapd-eitendedi signahisiatided do the
type quantizer 80 is enployed. However, the present
inpuéted digited anodiol sighakd Atcootdingly, Ahw prederitypreferred
orders of delta- sigma nodul ation type quantizers may
dmebeditheyedxhibitd het ey ntefueictionscamdizeiliairageous effects
descri bed above, the delta- 20 signmna nodul ati on type

apdandingeto e fiss@Fpéfemﬂ ehibRiAtentt higt AlSSREN a
|

i nvention is not mted to this. A signa-delta

cHAHteirisilc AMPEan t&pEtd éect Hadt ﬁiébh%}fe? fréguéRey th8shonent

audi o signal to a sigma-delta nodul on may be

oF TRE QYA - ek bl it & RESERER 8t MetFicial but natural relative to

the original sound since the noise signal is also generated based on the

digital audio signal of the original sound.

In the second preferred embodiment described above, the primary
delta-sigma modulation type quantizer 80 is employed. However, the
present invention is not limited to this. A plurality of orders of delta-
sigma modulation type quantizers may be endployed.

In the second preferred embodiment described above, the delta-
sigma modulation type quantizer 80 is employed. However, the present
invention is not limited to this. A sigma-delta modulation type
quantizer that subjects thé inputted audio signal to a sigma-delta
modulation may be employed.

THIRD PREFERRED EMBODIMENT

Fig. 14 is a block diagram showing a configuration of an
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25 Fig. 14 is a block diagramshow ng a configuration
of an 32 apparatus for extending a band of an audio
signal according to a third preferred enbodi nent of
the present invention. The audio signal band

ext endi ng apparatus accordi ng,t0 this third preferred
enbodi ment is characterized, "@s conpared with the
audi o signal band extending 5 apparatus shown in Fig.
12, by further including a variable anplifier 86 and

A, 5 xS A BB 5P o o i

nQi se .. generator circuit 9 is outputted,to th
SRR PoiHERE oF Hf rEeS &b invenisiorss Tl diasengs band
which.is inserted between a myltiplier 4 10 and a, i
SitRding ebPrreafs acCoris 10 4P thirdspistamed mphediment is
fromthe Itiplier 4 to a digital signal fromthe
%Iﬁéﬁq‘rézeéﬂ%ﬁ eripaged with theuapdiossignal Hansl extegdang
havin% an addition result to the high-pass filter 7.
aRPanatys shown indigad Rabyduaiiptn ficdudaes avariakleeimplifier 86
control circuit. 15 The variable anplifier 86 changes
and encaddenhi t Thie diff¢nesiceopilanoimbedesdrithedi t al
signal by an anplification ratio (which is set for a
posi tReferringl tof Figatlidgra mambeEashoige Wignabfrone asetndorh Boise
negative anplification or an attenuation processing) .

geaeedtamciacaiird iobuspgteld, to BwladdépBEsvia the variable
| evel -changed digital signal to the nmultiplier 4. The

afiplifier 86. eTherldddress S@hich is ftkdrée@tietiveea d ﬁ\r/]iﬁltip;fer 4

digital signal of a random noise obtained by the

mdqmgnobags GRnRerAtadd € b fgithl Sipria cﬁ&pgfttecﬁ%rﬁ Ree

digital signal of the randomnoise to a digital signal

hawipleRd toad @Hgiirt]&nsigﬁ% klorRftheddirishR a%g,hi&"i%k 8414

signal fromthe higher harnonic wave generator 3 and

dutp@t§la Blgita1"Bh551 ALORR ah 'RBiBoh M RIS To thé Hinhiss filter
7.

In this case, the variable amplifier 86 is a level control circuit. -
The variable amplifier 86 changes a level (amplitude value) of an
inputted digital signal by an arhplification ratio (which is set for a
positive amplification processing but may be set for a negative
amplification or an attenuation processing) based on a control signal,
amMMmmsaMWHmmgmdgmuﬁgmnomemMMﬁﬂ4.ﬂm
variable amplifier 86 is used to adjust a level of digital signal of a
random noise obtained by the random noise generator circuit 9, so as to
add the digital signal of the random noise to a digital signal having an
addition result of adding a digital audio signal from the higher harmonic
wave generator 3 and a level of a noise signal from a low-pass filter 13,

on such a condition that the random noise has a smaller base than a
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25 on such a condition that the random noi se has a
smal | er base than a 33 level of the digital signal

having the addition result. This adjustnent is _
preferably set so that the level of the digital signal

of the random noise which is _to be added to the

digital signal fromthe rrultiﬁl3\' er 4is, for exanple,
about 10%to 50% of that of the digital signal from

the 5 multiplier 4. Accordingly, thle preaen; t

referred e di.men exhlblts not .on t he functions
1§ %‘%%{}éﬁ]fi "E%u%lg’éfﬂ# Bavmngthe ﬁéldé'fé@érmsbltef%hkse@ldjustment is

odi nt but al so a characteristic advant ageous

fe'%{] h"z?lt senidatiihgrisvel elethredigitalosigoabaf the random noise
band- extended signal sounds nore 10 natural relative
wBighis t bgl a:@qlecgmm@e sligital signadiftprathesinymtiblief 4t 1y for
random noi se that becones a base signal for the
axaTap bk tadraitid 1 gt 50%aof thali ofjthe digiealssigaatifrom the
preferred enbodi nent and a frequency spectrum becones
mudEphientdi nuous rel ative to frequencies. FOURTH .

PREFERRED EMBODI MENT 15 Fig. 15 is a bl ock diagram

show Axgrordingly, ghe present 9feféﬁré?:péhﬁ%d1rrfer§t‘%xh1b1ts not only
reproduction systemwhich is one exanple of an

therureaicrananll £fvarnBpabak esebes ofXhe %@bBﬁd ?&geaf

an audi o signal, according to a fourth pref

egfibedirfieAt bRft aUQS a%ﬁé%&eh%ﬁ d hta @oﬁg%gfegf %éat the

second or third preferre escCri

.fﬁloﬁ‘éffﬁéﬁ%&?‘%ﬂwf@bﬁ%&?gq?ﬂgeﬁét-%ﬁ%@%ﬂaﬁﬁﬁﬁitﬁgﬁnds more

t
rﬁ—:[ottﬁ‘f?f ?nélﬁglg%' to e or1 Hhc{) Ba'elgs;ﬁgggi of tfle

| f%**a%%?%”%% tﬁéﬁ*‘%@ﬁlg%ﬁe Pég%&aaﬁ esﬁé’%“@ee'g&ﬁéed signal

89&1@1@ {oo{hée s%ggr(xjtli T)%eﬁer?gg den%og%ggg Iagdsall rre%_luenlcgr “
spectrum becomes more continuous relative to frequencies.
FOURTH PREFERRED EMBODIMENT |
Fig. 15 is a block diagram showing a configuration of an optical

disk reproduction system which is one example of an application of an

- apparatus for extending a band of an audio signal, according to a fourth

preferred embodiment of the present invention.

In the first, second or third preferred embodiment described |
above, the audio signal band extending apparatus is constitﬁted by
hardware or the digital signal processing circuit. However, the present
invention is not limited to this. For example, the respective processing
steps in the configuration shown in Fig. .1, 12 or 14 may be realized by
a signal processing program for extending a band of an audio signal. In

addition, the signal processing program may be stored in a program
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25 addition, the signal processing program my be
stored in a program 34 nenory 101p of a digital signa
processor (referred to as a DSP hereinafter) 101
shown in Fig. 15 and executed by the DSP 101. It is
noted that a data table nenbrg4101d of the DSP 101
stores various kinds of data necessary to execute the
signal processing program 5 Referring to Fig. 15, an
opti cal disk reproducer apparatus 102 is an apparatus

Aol O SRR ETAY) Hlohsbplichabed s Kooy,
R BRI 15 S0 G o BISEORT, 1
RN R A et "

an inpu(i%ted audi o digital si%nal_s re obtajned and '
l9nds et afa BEGEIIRRY (B FKEFTES the PignRhRTOGesSINg PFogram.
converter 103 converts an inputted digital audio ,
si gnadReferring todhig 4§, ampptisphdisksreniod user prpanatds 102 is
anal og audio signals to left and right |oudspeakers
arosppandtun fyr xeproduwing angon tendraf arnantigat diskor pxample,
respectively. In this case, a systemcontroller 100

a DV glayen a0d pldyergperat MD plhyehe Thpt DSR 1@1 sixecutes the
reproduction systemand particularly controls
sigrabprocessifg pregrghi foallefti sakd rigintatigitel ampliarsignisls

102 and the DSP 101. In addition, the program nenory

feptodaedd thetltabpticablitsk reprodudedapparatubel (BRdd audio

are constituted by nonvolatile nmenories 20 such as

digash siEasiwhicH afd-BRMEextehdedifforml anliapated dhidie digital
comand signal to the high-pass filter 7 "and a : :
é.gigﬂhléJbré bBE‘ﬁheh%ﬁd‘%u‘tﬁh‘t?&ﬁ fo 2DV AfddHvelferai @3. Next, the

nerated and inputted by, for exanple, the system

| ggnté&we%&etl%s SRAEPA aRARIAIEN AigiBll JlgRFsignals into

paratuses or system can contr
analog audio signals, and outputs the analog audio signals to left and

right loudspeakers 105a and 105b via power amplifiers 104a and 104b,
respectively. In this case, a system controller 100 controls an ov_érall
operation of the optical disk reproduction system and particularly
controls operations of the optical disk reproducer apparatus 102 and
the DSP 101. In addition, the program memory 101p and the data table
memdry 101d of the DSP 101 are constituted by nonvplatil'e memories
such as flash memories or EEPROMs.

" In Figs. 1, 12, and 14, a command signal to the high-pass filter 7
and a control signal to the val;iable amplifier 14 are generated and
inputted by, for example, the system controller 100, so that operations
of these apparatuses or system can be controlled.

In the optical disk system constituted as described so far, digital
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25 In the optical disk systemconstituted as descri bed
so far, digital 35 audio signals reproduced by the
opti cal disk reproducer apparatus 102 can be
appropriately band-extended by the DSP 101 and then
reproduced by the |left and rigﬁg | oudspeakers 105a and
105b, respectively. 5 As descCribed so far, according
to the present preferred enbodinment, the respective
processing steps in the configuration shown in Fig.

kPl b L4 5 Y SRR GRS bgrorus 102
GBS A B HRRSEEATSP S Sd

ossibl e .t.o easily upgrade versions for addin
ThOeTisRd W Hag ler! anihrighs 16udsReakters, boPamnha0Bb

debuggi ng. In the present preferred enbodi nent, the
Eﬁ%ﬁﬁgﬁvﬁgbcessing program and data for executing the
program may be stored in the programnmenory 101p and

t he da® desarpibednenéary argendingstopthn present peferred

advance during a manufacturing process. Alternatively,
erabodgment phovespansivel prodesping stexisnin the gonfigarativheshown
data for executing the programwhich are recorded in

~ ia Bigngutlé? or dddatd ecalézsat Uy iberaigh alnpreaesisingg proGarRabk

111 may be reproduced by an optical disk drive 110-

¢xtendihg ghe beord obtheauslio sigsala aeenths signei proeebsikg
and the 20 reproduced program and data rmay be-stored -~ - -

program s execwtedeby tiie DSPAGENEhbRe Hakas. t B! AdRMIngly, it is
101d within the DSP 101, respectively, Vvia an o

psodsibleaio eaditf hpeead@ersidnker F&H‘%ﬁéﬁgtﬂl_lgbﬁfoﬁrs’r&?tﬁg signal |

enbodi nent, the P 101 i s enpl oyed. wever

B rORAp e richaige (o (s, ond

In the present preferred embodiment, the signal processing
program and data for executing the program may be stored in the |
progrém memory 101p and the data table memory 101d, respectivély,
in advance during a manufécturing process. AlternatiVely, as shown
below, the signal processing program and the data for executing the
program which are recorded in a computer readable rechdirig medium
such as a CD-ROM 111 may be reproduced by an optical disk drive 110
including a controller such as a computer or the like, and the
reproduced program and data may be stored in the program.memory
101p and the data table memory 101d witﬁin the DSP 101, respectively,
via an external interface 106.

In the present preferred embodiment, the DSP 101 is employed.

However, the present invention is not limited to this, and a controller for

a digital calculator such as a micro processor unit (MPU) may be
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25 a digital calculator such as a mcro processor unit
(MPU) may be 36 enployed. | NDUSTRI AL APPLI CABI LI TY As
described so far in detail, according to the nethod or
apparatus for extending the band of the audio signal
according to the 5 present igventi on, a higher
har noni ¢ wave of an inputted &di o si gnhal having a
predet erm ned band is generated based on the inputted
audio signal. An anplitude of a generated higher
har nmoni ¢ wave of ‘the audio signal is nodul ated
%Pg(?ycﬁdﬁg to a band signal having a predeterm ned
gr%h so_as. to %:I&erate an anpl i tude- nodul at ed
ITRIALAPHEHeABIlEd Yanpl i t ude- nodul ated signal -is
bandpass-filtered using a predeterm ned bandpass
char &% efleseribedn@oofapuin edetail,baatpading f td t #reedmethod or
anpl i tude-nodul ated signal is added to the inputted. .. :
aRRATetUS| fghatxteading thaudand sofytiet ahadibnsigaal addordg to the

‘result is outputted. Therefore, according to the

preshotl iovenfipsy @ higHer haxmendd nveatdef kanth3gttell Ahgio signal
auqli.o signal according to the present invention, a
lendgex peadettrnsingdabandtis @erleratdd Ha3ed &Y thRdwithéd audio
an anplitude of a carrier wave that is the higher
dignannie aauslitlde bea igeperhad austhr Al i AGEArL| -
t%mt he band si gnal, ?sg%gldded tok}%}ée} ﬁﬁgﬁ?{nég aud?gpghe audio
sigRaPls nfSP@EEd HUotording tS aPRERHPsEN %g,zg, Y 1 ; |
ggeneraﬁe an gudi o S_ioacrilg%gh(g\% ﬁéﬁggélg%%grl? e é%l ga%(li%termmed
HAEvREhC QP ag £ drdM &d PLj,0r 5 _addi tion,  t.he '
band- extendz'%j@s‘fdémn% %I%?%i %gd ab@b&‘ttﬁéga‘%%&k%%@ signal. A

A YRR AN Wehd) i Bl SBiered using

rAEEIARAIY KPR SR he PR Aty BB EALt & Raapass-

'lfflﬂs?ea' gpr?f)litude-modulated signal is added to the inputted audio.

signal, and an audio sighal having an addition result is outputted.
Therefore, according to the method or apparatus for extending the band
of the audio signal according to the preseht invention, a band-extended
signal, which is obtained by modulating an amplitude of a carrier wave
that is the higher harmonic wave of the inputted audio signal according
to the band signal, is added to the inputted audio signal. Accordingly,
It is possible to easily generate an audio signal having .an extended
audio band as compared with the prior art. In addition, the baﬁd—
extended signal obtained by the amplitude modulation changes
according to a level of an original sound and keeps its spectral
continuity. Accordingly, the méthod or apparatus according to the
present invention has such a advantageous effect that the higher

frequency component of the band-extended signal sounds not artificial



25 frequency conponent of the band-extended signa
sounds not artificial 37 but natural relative to the
original sound. 38 CLAIMS 1. A nethod for extending a
band of an audio signal, said nethod including the
steps of: responsive to an in@gtted audi o signa
havi ng a predeterm ned band, “generating a hi gher
har noni ¢ wave of the inputted audi o signal; -
generating a first nodul ated signal by nodul ating an

[ ted .hi arnoni ¢ wave of the
@%ﬁ#@kgﬁgdgﬁag%%EQSﬁﬁésﬂ%ﬁﬁg§§98Esigna| havi ng a
predet er mi ned bandwi dt h; bandpass-filtering a
‘generated first nodul ated signal using a 10
- predeterm ned bandpass characteristic and outputting
a resultant first nodul ated signal; and adding a
bandpass-filtered first nodul ated signal to the
i nputted audio signal, and outputting an audi o signal
having an addition result. 2. The nethod as cl ai ned
inclaiml, further including a step of 15 changing a
| evel of the band signal, -prior. to said anplitude
nodul ating step. 3. The nethod as clainmed in claim1l
or 2, further including a step of changing a |evel of
t he bandpass-filtered first nodul ated signal, prior
to said adding step. 20 4. The nethod as clainmed in
any one of claims 1 to 3, further including a step of -
changing a level of thé inputted audi o signal, adding
the audi o signal having a changed level to the first
nodul at ed si gnal,
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and outputting a resultant first nodul ated signal to
sai d bandpass- filtering step, said | evel changing
step executed after said anplitude .25 nodul ating step
and prior to said bandpass-filtering step. 39 5. The
nmethod as clained in any one gf, clains 1 to 4, further
i ncluding a step of generati nést he band signal. 6. The
nethod as clained in claim5, wherein said band signal
generating step includes a step of 5 generating a

noi se signal having no cor:ggdl‘tgy{\gn with the inputted
audio signal. 7. The neth lainmed in claimb5,

wher ej n ,sai d, band si gnal.. generating step. jncludes a

ot op b & BistoBarer sIRadSE 8 etih af aBesadioREnds, said method

| nguﬁi{ ed .audj o sijgnal. 10 8. The nmethod as clained in |

IpCHAing thi 81eNSOkai d band signal generating step

includes the steps of. generating a predeterm ned _

r and diGSRENSY &styar| inpadted padio gignaldraingta predeterniined

a generated random noi se signal, -and generating a
neyiedBgsadrigheh harmpnicevabs of the inplitied andio $fgnal;

| ow- pass filtering the random noi se signal having the

absol ganeratingea fisshgned plegdé tstgmalniey nhodu Raksg an amplitude

characteristic, and outputting a resultant random

ofcl generaped| highet hmrmodicswgrelof tBe altitiorgihaladsording to a

claimed in claim?7, wherein said band signal

- e signiaichavieg 4 petdeReniihedstiangwaith; 20 generating
~ - a second nodul ated signal by quantizing the inputted

- audi hahdpads-sicPthEh idielera e ﬁ?stan%dlggﬁ gfg:hal using a

nodul ati on type quantizer and a signma-

predetérmiied ¥RAAPHIS CHERbetél StidBRE Ritfiting a resultant first

modulated signal; and
| adding a b_andpass;filtered fifst fnodulated signal to the inputted
audio signal, and outputting an audio signal havihg an addition result.
2. The method as claimed in claim 1, further includiﬁg a step of
changing a level of the band signal, prior to said amplitude modulating
step.

3. The method as claimed in claim 1 or 2, further including a

~ step of changing a level of the bandpass—filtered first modulated signal,

prior to said adding step.

4. The method as claimed in any one of claims 1 to 3, further _
including a Step of changing a level of the inputted audid signal, adding
the audio signal having a changed level to the fifst modulated signal,
and outputting a resultant first modulated signal to said bandpass-
filtering step, said level changing step executed after said amplitude

modulating step and prior to said bandpass-filtering step.
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a quanti zation noi se signal during said quantization;
cal cul ating an absol ute val ue of a generated

guanti zati on noi se 25 signal, and generating a random
noi se signal having the absolute val ue; 40 and

| owpass filtering the randonbgoise si gnal having the
absol ute value using a predetérm ned | ow pass
characteristic, and outputting a resultant random

noi se signal as the band signal. 10. The nethod - as

12 350 SR AN M

; | zi ng. the inputted audi |, instead of th
it 20er & 2P BhEe e IR RIS 11| tered 11 st

nodul at signal ,, and, outputting an audi o signa

havi r@ g‘g‘ea@%tgpgrﬁsr glagmed oclgdm Jhe net hod as
clained in any one of clainms 1 to 10, further

i ncl JUhekpia saidpand signali senesatingostepcimaludes g stepcof
on a |ower frequency side of the bandpass

ganaratingra soise signal Aravipg avacoretation with dhegngwbed audio
of an audi o signal, said apparatus conprising: 15
$iggAbr harnmoni ¢ wave generating neans for generating a
hi gher harnoni c wave of an.inputted audi o signal :
havi Mg &heredthed rMneldimednish dagwdson the i nputted
audi o 'si gnal ; anplitude nodul ati ng means for
generwhéergnasdidrisdndaiin At gheratiapadtepyintddde sl §tepasr
anpl i tude of a generated hi gher harnonic wave 20 of -

gdireratigigote BAAH ggﬁar Bhs&d oo &@ﬁ{%i@ckar&\hdiwgﬂgl.a

predet erm ned bandw dth; bandpass filtering nmeans for

bandigs Thiel ieehbdhsicllpREANHal’ 6! -
wherein said band signal generating step includes the steps of: -
génerating a pfedetermined random noise signal;

calculating an absolute value of a generated random noise signal,

-and generating a random noise signal having the absolute value; and

low-pass filtering the random noise signal having the absolute
yaiue_ ,us_ing a predetermined low-pass characteristic, and outputting a
resultant random noise signal as the band signal.

9. The method as claimed in claim 7,

wherein said band signal generating step includes the steps of:

generating a s¢cohd modulated signal by quantizing the inputted
audio signal using either one of a delta-sigma modulation type
quantizer and a sigma-delta modul_ation type quantizer, and generating
a quantization noise Signal duriﬁg said quantization;

calculating an absolute value of a generated quantization noise

signal, and generating a random noise signal having the absolute value;
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nodul at ed signal using a predeterm ned bandpass
characteristic, and for outputting a resultant first
nodul at ed signal; and 25 neans for adding a
bandpass-filtered first nodul ated signal to the 41
i nputted audi o signal, and foh_outputting an audio
signal having an addition result. 13. The apparat us
as clainmed in claim12, further conprising first
| evel changi ng nmeans provided at the previous stage of
é@&d 5 anplitude nodul ating neans, said first |evel
angi ng neans changing a |evel of the band signal.
14. The a us a cla din,claim12 or :
f ur  Ho-DESR stk eng Yog aandore naiSe RigRalhaviag be absolute
.QQOVIded at thg revi ous stage of said adding neans,
Hg wsingp rredeteraingdilay-pass shenasatarisfia argl putputting a
of the band ass-filtered first nodul ated signal. 15.
Cﬁ%md%m@ﬁaﬁlgr@@ll as thepanbsignadl ai ns 12 to

| 14 further conprising |evel changing means provided

at t hi0s(Thsemethod as elgémeid sackhiam®| i t ude nodul ating
nmeans and at the previous stage of said _
bandpaberdinl saidi add imppstep inaludeéeveitephangldiagnaaasidio
changing a 15 level of the inputted audio signal,
sigdahgenernted by qaiagnizing ahe ngpatteehanafsl sigeive) 1rIsQeé.aQ>f the

~first nodul ated signal, and bandpass-filtering a

ingsittéchntidio signaip do ItBE ashrid k- fil tkBed T1%§t mmw si$nal,

claimed in any .one of clains 12 to 15,
mut upGn aﬁﬂa%'d%%ilg]r%r}?é\ﬁhg% '&%ﬂnﬁoﬁ%Fa&neratl ng

t he band si gnal he apparatus as clained

claim 116”I‘h\@‘ﬁfe%h6d5£§ diabaad & Qﬂ?'or&egpéﬁﬁﬁf%gl 'EB‘T?)S further

generates a nol se

including a step of changlng a cutoff characterlstlc on a lower frequency
side of the bandpass characteristic.

12. An apparatus for extending a band of an audio signal, said
apparatus comprising:'

higher harmonic wave- generating fneans for generating a higher
harmonic wave of an inputted audio signal having a predetermined
band based on the inputted audio signal; |

amplitude modulating means for generating a first modulated
signal by modulating an amplitude of a generated higher harmonic wave
of fhe audio signal according to a band signal having a predetermined
bandwidth;

bandpass filtering means for bandpass-filtering a generated first

modulated signal using a predetermined bandpass characterlstlc and

_ for outputting a resultant f1rst modulated signal; and

means for adding a bandpass-filtered first modulated signal to the
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signal having no correlation to the inputted audio
signal. 18. The apparatus as clainmed in claim 16, 25
wherei n said band signal generating nmeans generates
the band 42 signal based on the inputted audi o signal.
19. The apparatus as claimed pp claim17, wherein said
band signal generating neans includes: neans for
generating a predeterm ned random noi se signal; 5
means for cal culating an absol ute val ue of a generated

SPYTER IOSI At PLAEOEIT A B ETRL e an
AREBRE e’ uoPng o pr edetern nea | ow pass. o

char erdstic, and 10 outputtjng a resultant random ,

noi s:ﬁgi |a%I§a¥%'}fHStﬁaﬁ18fJ9éﬂ%§ﬁ‘a1n. diajm T%h@%ﬁﬁﬁ%@f@éﬂg
clainmed in cl.aim18, wherejn said band signal )
fgéﬁéqvaeﬂi%%asgnp%ﬁLmeg.cie.%%gm Previoas stapa Plispdd

i nputted audi o signal using either one of a

%Bﬂ’a«@? dredulatingimesns,ygaad dirshleval changing means changing
sigma-delta nodul ation 15 type quantizer to generate
aoleyet ohthebandasignadi gnal , and for generating a

quanti zati on noi se signal during said quantization;

means! 4.oTheahpphmtitspsaoladaned it elainl 12 of 13, fiantheat ed
guanti zati on noi se signal, and generating a random

 conipEskigysetondiéve) chidrgingmeahe provided anthe preeidiss stage

for lowpass filtering the random noi se signal having

~ oflsaid aldshihgtraeanbpsaidssa@ral foved ehengine thévs BASSging a

characteristic, and outputting a resultant random™
levad] of thiegbahdpass-fidtdraadirst ghodlulated signal.

15. The apparatus as claimed in any one of claims 12 to 14,
further c.omprising level changing means provided at the subsequent
stage of said amplitude modulating means and at the previous stage of
said bandpass-filtering means, said level changing means changing a
level of the inputted audio signal, adding the audio signal having a
changed level to the first modulated signal, and bandpass-filtering a
resultant first modulated signal.

| 16. The apparatus as claimed in any one of claims 12 to 15,
further comprising band signél generating means for generating the
band signal.

17. The apparatus as claimed in claim 16,

wherein said band signal generating means generates a noise
signal having no correlation to the inputted audio signal.

18. The apparatus as claimed in claim 16,

wherein said band signal generating means generates the band
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-21. The apparatus as clained in claim20, wherein said
addi ng neans adds an audi o signal generated by 25
quantizing the inputted audio signal, instead of the

i nputted audio 43 signal, to the bandpass-filtered
first nodul ated signal, and oybputs an audi o signa
having an addition result. 22. " The apparatus as
claimed in any one of claims 12 to 21, further
conprising nmeans for changing a cutoff characteristic

oL Bt HEMENa R0 Senbl?) Vel hg means. 23,
et ot T0E BRURIPRES bR (Zudi o si gnal - as
Comp b BPreia S e sl esa s A SIS RS he
PT ogrﬂglrgagg f81|" %EHE?atiiﬁg‘ﬁ g{“éPieztgfmined random noise signal;
means for calculating an absolute value of a generated random
noise signéi, and. generating a random noise signal having the absolute
value; and
mean_s for low-pass filtering the random noise signal having the

absolute value using a predetermined low-pass characteristic, and

outputting a resultant random noise signal as the band signal.

20. The apparatus as claimed in claim 18, '

wherein said band signal generating means includes:

means for quantizing the inputted audio signal using either 6ne of
a delta-sigma modulation type quantizer and a sigma-delta modulation
type quantizer to generate a second modulated signal, and for |
generating a quantization noise signal during said quantization;

means for calculating an absolute value of a generated
quantization noise signal, and generating a random noise signal having
the ébsolute value; and |

means for low-pass filtering the random noise signal having the
absolute value using a predetermined low-pass characteristic, and
outputting a resultant random noise signal as the band signal. .

21. The apparatus as claimed in claim 20,

wherein said adding means adds an audio signal generated by

quantizing the inputted audio signal, instead of the inputted audio
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signal, to the bandpass-filtered first modulated signal, and outputs an
audio signal having an addition result.

22. The apparatus as claimed in any one of claims 12 to 21, |
further comprising means for changing a cutoff lch.ara.cterist_ic on a
lower frequency side of the bandpass characteristic of said bandpass-
filtering means.

23. A program that includes the respective steps of the method

for extending the band of the audio signal as claimed in any one of

claims 1to 11.

24. A computer readable recording medium that stores the

program as claimed in claim 23.



