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DESCRI PTI ON METHOD AND APPARATUS FOR EXTENDI NG B

OF AUDI O SI GNAL USI NG H GHER HARMONI C mem m
TECHNI CAL FI ELD 5 The present invention u mmR
met hod and an apparatus for extending a bangpf. an
audi o signal, capable of inpreving sound_quality of

an audi o signal reproduced by an audi o equi pnent, in

of reproduci ng suchan afué?ﬂ“eé‘f’énéf‘”%ﬁm = SRR

the human ear. In parti @E@CRIPIEORresent 10 i nvesdiopn
relates to a nethod and an apparatus for extending a

band gETHROD AN t £OPARATUS I ORI ERTENDIRGTBAND OF AUDIO
digital processing on the inputted audio signal. In

GENAL TSN QHREART HARMSNIOWAPEGENERAGOR! 09r am

that I ncl udes steps of the above-nentioned nethod for
equ ﬂr@ pand of the audio signal and a conputer
readabl e recordi ng mediumthat stores the program

BACKGROUND L8T¢ Iﬁg\g%tg frefé‘t% ”t%sgg%%#ﬁpﬁ 42k G baratus for

publlca iron
0 Uni t ed tates Patent No 5, 754
GREbAEREa b e STl Er Bl aterieo P aREsound quality
or di rior t for adding. a sSi nal :
IR sl yea G as ah i eqrgrnwrn APpgiis s in a

uepcy range of are oducf? on freque band or an

FITERHETSY Figor SPPeGABRBY e B Uging aeh an audio
frequency band to an. anal og audi o reproduced si gnal .
siggal 1eprafeakable donfthguiaiman 6art hell apartaculognathe present
reproduction a{)par atus. Referring to Fig. 16, the

inyensiopsralpinsalo papebed rinshanmppanaiysiler extending adand of

by including a buffer 2
an 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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anplifier 91, a filter circuit 92, an anplifier 93, a

detector circuit 94, a tinme constant circuit 95, a

noi se generator 96, a filter circuit 97, a nultiplier

98, and an adder 99. First of all, an audio signal is

inputted to the buffer anplifper 91 5 through an

input termnal T1, and then distributed into two

signals. One of distributed audio signals is inputted

to the adder 99 as it is, and another distributed

auplifiesiodna fiiter cieufit 9d, be Am@liffielte3, £Uetdbitbr 8&cuit 94, a

which is either a high-pass filter or a bandpass

thinlet @dnstARe chichfiebsCir sk g rRANIPESS Hitdt GFSuRMD7, a

i nputted audi o signal, passes only a signal fallen 10

I’Hiutlﬁhﬁela9§p%?1idf f Rapg.ognd outputs a resul tant signal

to the anplifier 93. The anplifier 93 anplifies an

i nput: 10, S . : ] '

| ovell FEBPEIPaR ANFo <ifndl | PEAARE b IAC ARRECRE|dliffer o1
of.. Gj [ ich pnglud - t{ me _const ant

t‘ijl?gﬁ‘gh a(ré?xﬁﬁ#lrt]%rrgé%ael\éfi Qna ReH (ﬁégggglgeed %rét’o tfvsé? signals.

crrcanrt or-circult C

xanpl n._envel qpe_of an.inputted 15 audio sjignal . so
G2 GavBietah Ruflbertnet it P UHERHE b et00h 48, and
signal , ..and outputs.a |level. signal .indjcating a .
antber i B iR siefed is nBRieed Rptehlg] csuit 02
| evel . control signal faqr adjusting a | evel of a noise )
%ngbweﬁ&tﬁsa aéalg?’op@ﬁ%?%ﬁergqrr?aﬁ)agg*aaaéssfﬂ@@fm Theiligfecircuit
ot her hand, _a noi se conponent  generated by the noise
P bgadpagsdlilter ag lnﬁy@n?qdeaump sigaal; prssecprbiptsignal fallen
which is either a high- pass filter or a bandpass N
withiie e, sperafie ibanst, angd ewitputy aggsulians signgkto the amplifier
conponent fallen within a frequency band equal to or
%3 .gAdre amaiifey Ok Amplalies autipprdted audio signalitoise
conponent to the multiplier 98. The nmultiplier 98
prgdetpimsechapprepitiatalevel, sand emtpnésh anbymphidiedeaedliopsignal
control signal outputted fromthe detector circuit 94
tocthesd¢tecy@nerratig @4 3which 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 the 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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noi se conmponent having such a level that is
proportional to a level indicated by the |evel
control signal, and outputs a generated noise
conponent to the adder 99. Further, the adder 99 adds
a noi se conponent fromthe nugtiplier 5 98 to the
original audio signal fromthe buffer anplifier 91,
generates an audio signal to which the noise
conmponent is added, and outputs a noise

r¥$18¢ @Bﬂmomﬁaﬁ% ush ghelvef f1o40 ‘BpIfddioniag tFaRlvel
T2. In this case, a tine constant of the tine

ifERSHtRAbE tHE Wile] 2Bntfol S8E84E @hd ButpEtLEYRhetl8ted noise
predet erm ned val ue so that the noise conponent 10

[ enerator 96 can be matched to
(%SﬁnEBﬁEﬁg_tCthé 'é%id%?@? g

. n auditory characteristics and an effect of
e | et ik SAHBEB ALY skt Pt Bl thg S@ipticr
dto S HiHERLECINENGH SN BLLDS AUEES: 8 9Bherates an

i S ext ng ‘a ran I Se Wwhose~l
roportional tq .the , output |evel of. t.he higher
PR Bl g 6P g PG e Bl8ins ST aMPAs G paputs o
or.i gi nal audi o sjgnal. However, .the audio sigpal .
felfF GHIBPPBRN b ALdie CuRRrh B 4R PR [ rpinal L. In
%F‘e followi.ng problens._ (1) Since a spectral structure
S £38F gRTE eopeiRcy & FIR¢ CQRStaAt SHEMHE Hoj ieselected to
conponent differs fromthat of a nusical sound, signal,
¢l fteelas predshpraningd i ¥aluen sgodhat qthag | ppise pomponent
addi tion, since the audio signal reproduction .
gepwantad oy té@c@@@ﬁrgfrte@atcpre9%rqem bgrmatehed e tiumeaadauditory
by an analog circuit, the apparatus has the follow ng
qhrasbctamstiGhenddmtefises dfnirnpnporeans id5sehatd quality of the
constitute the analog circuit and tenperature
akdicaignal sands vfcrehsed.
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 proportional to the
output level of the higher frequency range of the original audio signal to
the original audio signal. However, the audio signal reproduction
apparatus according to the prior art has the following problems.

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

(2) In addition, since the audio signal 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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conponents cause variations in performance of the
apparatus. As a result, deterioration in sound

qual ity occurs every tine when the audio signha
passes through the analog circuit. In addition,

i nprovenent in accuracy of a4filter circuit that
constitutes the audi o signal reproduction 5 apparatus
| eads to increase in a size of the filter circuit,
resulting in increase in manufacturing cost. An

Rhp6heffs tAGsPKASRIorIsEPEHBAMah ceNsl @feOiSpdfatus. As a
provide a nethod and an apparatus for extending a

fRa0ek, AfetéRoAitih? i8isdNAld qtaRaPbecats es@hViiRE RN the audio
above-nenti oned probl ens, preventing a user from

%gﬁéi ?sté&ﬂr'bﬁ%?})a&é %héhda%’ cfr@u?tgg{?gﬁﬂaﬁliéﬁﬁmﬁ%%‘fﬁ&gt in

tertoration i soun Ity, y causi ng

é’(f?:ur?g%%rf% gﬁe?%yﬁa rit{@'?&ten%%§tg@ftegﬁﬂgrﬁdﬁﬁi a%l {%?to%ction

manu tured a uring cost

s SRR AAEER LA, UG BELOrcy, 0010

.program 15 th i ncl udes steps of a nethod for
15%{ |anguﬂg%ﬁt%Pn§ﬁx5ﬁdio signal, capable of

sol vi he above-nentioned pr.obl.ens, eventi ng.
dser A EBieiadl PP THESBar Pl PRLS PRra8Gh 4o quaViqs/a method
repovi ng deterioration,ijn soun uality, hardly

PP RATA S 19R XNt aLel g audio %lgﬁal,a&acg%ble of
and, being manufactured _at smaller manufacturing cost .
R ERthe ARPVEGIMEnEoRsH AraPIRMACPHFIY S 8 WHE fFPnbfeeling
art, and a conputer_ readable recordi ng nedi um t hat
igrempatibidityingomnd auebiti regnevngrdeteriosatigggacsownéw
of the present invention, there is provided a nethod
dualityx hemrdidngausimendanatiansandierfeimgante of the mmgeodtus, and
includes a step of, responsive to an inputted audio
digganhahadacigired 28 gmeatlet enannéthamg cogntdraat iimat af the
hi gher harnoni c wave of the inputted 5
apparatus according to the prior art.

Another object of the present invention is to provide a program
that includes steps of a method for extending a band of an audio signal,
capable of solving the above-mentioned problems, preventing a user
from feeling incompatibility 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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audi o signal, and a step of generating a first
nodul at ed signal by nodulating an anplitude of a
gener ated hi gher harnonic wave of the audio signa
according to a band signal having a predetern ned
bandw dt h. The nethod furthersincludes a step of
bandpass-filtering a 5 generated first nodul at ed
signal using a predeterm ned bandpass characteristic
and outputting a resultant first nodul ated signal, and

Audidtgpnaf, a{%ﬁﬂbnﬁe? 88inki 4 fiesethddulatedBiBHAlRA
signal to the inputte audi o signal, and outputting

rﬁBdﬁM’ﬂlﬁ %ngaﬁl nﬁwer@r §lgeﬂ9%&ag& esyld lgi% waye of the

above- ne tlone met hod r exten the

'o°s1 I]IQ éF%é\}gmgrtSf{BQEhys EHA Rﬁ(r dé‘ﬁ rp?i‘%ﬁét@rrﬁ%%‘a of

C angl S|gna rtot

(!l\!vfd{ﬂe ’Pﬂggxégﬁﬂc{}ﬁf%ttﬁer 11’1 g 4 50 g gpasls-iélhering a

ve mention or e ing
audlo S e rther inc
i 815tk BESY it ?é@a@mgsﬁspfﬁ%f@an%ﬁ Hrdipass
ted.si rior to the addi ng st .

Ftertnous siuRsiis Msauﬁeﬁﬁg{ﬁ? sodieergivignahand a
band of _.the audi.o signal ferabl further anlud €s
siepid p'icg:}mgﬁzwa apggags'[ e rsttrﬁg signgl, & she inputted
1lﬁ(&nal addi ng the audi o S|gnal havi ng a changed
gudie| sigpal, nd prépufidag eay aHdig giemal }bﬂﬁ’dngl?trbﬁtifiltﬁ@ gesult.
resultant first nodul ated signal to the _
bandpdss abpresnengonedpnetied foreextensling thadrand 26 the audio
step executed after the anplitude nodul ating step and
sighal preferatey fvathigasslides erstep oft dpangingaal iivel of the band
t he above-nenti oned nmet hod for extending the band of
digeahudior & timakbnpplétfueteablodulatinigestepncl udes a step of
generating the band signal. 25 In this case, in the
abovdnnadditome dhesd o - rem texteh diethodhfer @xtending 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 signal, and outputting a resultant first
modulated signal to the bandpass-filtering step, and the level changing
step executed after the amplitude moduiating step and prior to the
bandpass-filtering step.

In addition, the above-mentioned method for e_xtending 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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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 thegaudi o signal, the band
signal 5 generating step preferably includes a step of
generating the band signal based on the inputted
audio signal. In this case, in the forner nethod, the
wadl os kg aludiereg@dl, Rbe HRP s@rﬁl? iékéttmg@tégep&eeerably
r

step of generating a predeterm ne andom nol se

iBcHdds a dtep oF gehesaififl2hblie ﬁ?népﬁ@vﬁ{g?n%%dﬁel‘éftloﬁh with
generated 10 random norse signal, and generating a

thandemtil 88dsh 9nalalnanitdhdidkly ai??&ﬁé‘b%o\éé'rﬂ@nu%ﬁ‘éda

step of lowpass Tiltering the random noi se si gnal
rfl@i’ﬁ&g féﬁ@xtﬁ%%ﬁhgttﬁe\@iﬂ{f oi"% D% f4i0"Ssteh e Ak Y ‘}H S}%nal
OW- pass aracteristic out utt ng'a res

Q I b
%s%%?? BRVER iR 3?%51"5%[6% 4 ?gﬁigig%%rﬁ%rait?% fpe band signal
rati ste ref.erabl y.includes a step of
Se rd?Fﬁg1np§2§%ﬁau§bdﬁﬁg¥%d signal by quantizing
the I,nput.t ed audl usi i1 her ope. of 'a .
ol + AP EasFo g aney fie B the Barh gisghal Benerating
ulation t quanti ze generatin
e 3@%‘? YHﬁgH&e§@ Siehal eeRrTatg ﬁé@rgagmnragﬁ Fangom
2Q step of calculatlng an absol ute val ue of
nraRe sl quAPi daalenlatgigan abypiute vahie géﬁ@%ﬁrﬁgeda
random noi se_si gnal having the absolute value, and a
%fnqlmvs}ﬁgag AnAtganargtingea random ReLsesigngh d1aving the
haV|ng the absolute val ue u3|n8_a predet er m ned
absplpesvaliicarast arstepiof lownpase bitsumd e sandewl naise signal
random noi se signal as the band signal. 25 In
hatdngitbe, abselubevahmygsingaimrddtareined foor-pessendi ng
the 7
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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band of the audio signal, the adding step preferably
i ncludes a step of adding an audi o signal generated
by quantizing the inputted audio signal, instead of
the inputted audio signal, to the bandpass-filtered
first nodul ated signal, and owutputting an audi o signa
having an 5 addition result. Further, the
above-nenti oned nethod for extending the band of the
audi o signal preferably further includes a step of
150120 @f RBe @ elibdfignak hheatdEihigSdtep Hrief@rdbdpen cludRgUesesp of
side of the bandpass characteristic. According to the
SO SRRED VEEN Sdndriaked HSSQ@RANtIARNMtHOhpidfted RAidO
is provided an apparatus for "extending a band of an
ﬁgﬂhﬁ iBisGHY of tiSe E’xﬁﬂMtt@ﬁdaua'i%?sigﬁﬁﬂr@Hﬁe BAABPh 8§ ilfered
hi'gher harnoni c wave generating device, an anplitude
- | | i SR i IRY 1RingRth
SRR ANEES. O Rpatty SLins e R inge,

| ates a higher harnonic wave of an inputted
éﬁ%#%ﬁgg%ﬁgﬁ 15 having a predeterm ned band based on
the ipnputted . audio signal. The ict ude nodul ati

BT, P Eo0 P PRt B e b e hn o

device g
dul ating an anplitud a.geneys at ed, hi gher harnoni ¢

daveudio PRt sl abioRuthel g € 5iep BLARecRERRR Cutom

aving a predeterm ned bandwi.dth.. The bandpass "
diietteRabacn ¢ donsn i vee D RraPaR sherasteistic.
nmodul at ed si gnal using redet erm ned bandpass .
char de¢TARE &0 theRFCERARIRCA WeW 5 PFGSEEE Invention,
nodul ated signal. The addi ng device adds a o
hene gaggorvidacere rnaratufden pataulingh Rrndef #1e audio signal
Inputted audio signal, outputs an audi o signal having
isrpmgided.od heeapiparatpsecaabpriscaenhighvsdhappans waveor
extendi ng the band of the 25 audio signal preferably
genaraging devigdegnarmphsade evedulgiargdaygicde i leandpass filtering
device, and an adding device. The higher harmonic wave generating
device generates a higher harmonic wave of an inputted audio signal
having a predetermined band based on the inputted audio signal. The
amplitude modulating device 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 device bandpass-filters a generated
first modulated signal using a predetermined bandpass characteristic,
and outputs a resultant first modulated signal. The adding device 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 a first level changing device
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provi ded at the previous stage of the anplitude
nmodul ating device, and the first |evel changing
devi ce changes a |l evel of the band signal. In
addi tion, the above-nentioned apparatus for extending
the band of the audi o signal gpreferably further
i ncl udes a second | evel 5 changing device provi ded at
the previous stage of the adding device, and the
second | evel changi ng devi ce changes a | evel of the
at thelgrevRhd stage dmdhel atheditadenabduldtihP@evice, and
t he above-nenti oned apparatus for extendi ng the band

P A8 1846l G gnal ddied ehabb¥s fUlhBEST tRC bad@Ssignal.
| evel changi ng device 10 provided at the subsequent

d
st aggqnof 4ol 4 - iGd A pParhass Benlii®e the
eb -(?I P ering devi an%l

previous stagé of t andpass CE,
| : .
Bl PP YAt o8 e, PRGSO IRREES, ciEEs otecklB leyel

: I St t i 1o .
GRAIEEARIET ehdvleR A IR S tet o St g gevice, and
5 Furth he above-.nenti gned appar atu Qr.

3 et il CBaRe™EreTRE ST SR 3hE kP drandgess-

rther includes band, si gnal generating device for
f@ﬁﬂ@?%ﬁVﬁdnpﬁéﬁ%gﬁb$§PﬁhaI. In this case, in the
above-nenti oned gpparatus for extending the band of
the AUdFHEE; g?ﬁaﬁ, OV¢ranpRHANEH ARAAIGEHE faE FREFRIERRdE e band
preferably . 20 generates_a noi se signal having no )
dahecradiopsigngl Preferaplt furghan g usiegmievel changing device
Al ternatively, in the above-nentioned apparatus for
roevedeil Ag the iveliseayiest sthge gl dhe asnghtide medwlasing device
signal generating device generates the band signa
amged tha prezidumpatagedofatiti basdpaas-filtaringidevias end the level
the forner apparatus, the band signal generating 25
dungingplefies ebangesel ledebohthieinpetttdraudinesighahgdds the
predeterm ned 9
audio signal having a changed level 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 a band signal generating
device for generating the band signal.

In this case, in the above-mentioned apparatus for extending the
band of the audio signal, the band signal generating device 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 device
generates the band signal based on the inputted audio signal.

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

device preferably includes a device for generating a predetermined
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random noi se signal, a device for calculating an
absol ute value of a generated random noi se signal,
and generating a random noi se signal having the
absol ute value, and a device for |owpass filtering
the random noi se signal havigg the absol ute val ue
using a predetermned 5 | ow pass characteristic, and
outputting a resultant random noi se signal as the
band signal. In the |atter apparatus, the band signa

GeRRIMAind18e @R LIC a Mt febExlculaliHges abgeNite&allQe of a
guanti zing the inputted audi o signa usi ng either one

ginedatled tangbaMBolRAsibAkl 0dnd YR @Ak iZ PAnddh Aoike signal
si gma-del ta nodul ati on type quantizer "to generate a

ﬁ&ﬁﬁgq}f@)&%(ﬁh%g vafihd] %d a9l iEQ o IRIEY, sq_glt@rm% the

quanti zati1 on nol se si gna duri ng t he uanti zat

BRI RUisE B EMA LR ALSRIE UL Bl 8 SRR BThea
Ol se SI dl % r%

quant I zat1 on generati ng

e 63193k A ar{cbghl B3R & YA A A SE s

OVV- pass erin random nol se naI

absol ut e vaI ue using a pr edeterm ned
5@%%9%6% Pt or 1 |

cterlstlc and outputting a resultant

rand naI band si addj ti.on,
NI B0 B 5L 08k %L e 1R Sl SRl Lo A
band of the dio signal, the addi ng device preferab
Bifderahly dnghistesys dev Or SEIRR UFIBG Y BARHHERS Piglie eedal
|nputted audi o signal, .instead of the inputted audlo
WigRithenons of Gadeliasiema madsgatippsty Degtiantiaer and a
signal, and outfuts an audi o signal having an
sgma-fsharmedulation type quUatazeovee MRt enserond modulated
apparatus for extending the band of the audio signa
pevabrad yorf generating el qerrstizatdeyinpssd sigreflahering the

25 cutoff characteristic on a |lower frequency side of
qirentizadpasmeems for calculating an absolute value of a generated

quantization noise signal, and generating a random noise signal having
the absolute value, and a device 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 device 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 a device for changing a

cutoff characteristic on a lower frequency side of the bandpass
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characteristic of the bandpass-filtering device.
According to the third aspect view of the present
invention, there is provided a programthat includes
t he respective steps of the above- nentioned nethod
for extending the band of thejgudio signal. 5
According to the fourth aspect view of the present
invention, there is provided a conputer readable
recordi ng mediumthat stores the above-nentioned

IHLYEATistI BF 8hO MR Rl fit8dn gcﬂé\ﬁ'&.”ﬁ‘t hod or

apparatus for extending the band of the audio signa

accor I , and e

o gnafCCpht W InBRRRT AU ut B annéﬁgﬁé{lﬁﬁﬂ there

e ve
P wrﬁw&peﬁi e bgt oAl d%%?s%‘é%éﬁt b fecaBive-
d e:in te naI

ReA0p P&Fﬁgfrly ?hg? ol e5tdfpRANE Sl )95’5 A ieng!

audi o SI n exte ded au band

com T ¢ e ioudh &b ‘Hewl%fd tatt?dpf‘?st?ﬁlt ipggntion, there

.band- ext nded si gnal ined by the

IHGUGr KI5DhA C&%ﬂt}g%r %ﬁ@&@ﬁﬁ? AECeTSIIAg TBG urg t&"z%ﬁ BPre Hhe

sound and, keeps its spectral continuity. Accordingly,
enﬁFﬁEH”BF{HBﬁﬁpﬁ?us according to the present

|nvent|on exhi bits such an advant ageous effect that

t he THigreérre; pegoediang toofsomathogfon aeparaitsder exderding the

signal sounds not 20 artificial but natural relative

hand ké the iagidialsigaalinaiccorgREro DESEREPTN ONIGR tBRAVY kes.d-

Fig. 1 is a block diagramshowi ng a configuration of

extengedsagnal, Whichastahtdimed bybmoeduddting aaudimplstivgieadf a

according to a first preferred enbodi nent of the

qarese waventiest isothe Bighfeirchai@nonsicawhivecH ttedampanted audio

showi ng an internal configuration of an 11

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 band-extended signal obtained by the amplitude
modulation changes according to a level of an original sound and keeps
its spectral continuity. Accordingly, the method or app.aratus according
to the present invention exhibits such an advantageous effect that the
higher frequency component of the band-extended signal sounds not
artificial but natural relative to the original sound.
BRIEF DESCRIPTION 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 preferred
embodiment of the present invention.

Fig. 2 is a block diagram showing an internal configuration of an
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oversanpling type lowpass filter 1 showmn in Fig. 1.
Fig. 3 is a signal waveformview show ng an operation
of an oversanpling circuit 31 shown in Fig. 2. Fig. 4
is a block diagram showi ng an internal configuration
of a 5 higher harnonic wave generator 3 shown in Fig.
1. Fig. 5is a block diagram show ng an interna
configuration of a random noise generator circuit 11
shown in Fig. 1. Fig. 6 is a block diagram show ng an

dvrétreéﬁ@nrpgofyﬂ@ aee fgteral smv@?%%gel noi se si gnal

generator circui 2, N) shown 10 in
Fig. pig Biga & rgnsal avﬁe”f@nnsﬂew Hoirlg aﬁtd&}a@lfonao§ an
probablllty density relative to an anplitude |evel of

&ze%éﬁqgaeﬂgeéﬁcéit%‘f"sh%%ﬂﬂr? »y one exanple of the

seq noi se S|gna gene ator circuit 60-n (n =

S,hOWI lé a 11"Sunc 1 on ‘grang'gﬁ Y g]a?x {:datgmglt &8nﬂ%1]%%%h of a
ude_| ey of dlst tion type

HEreE BB ¥ ang s§?saat8§ ehewe ki e o The e

sequence_nai s ene ator circu

2 M R Bl e T §hpfhe o }rgteanafawﬁéﬂm% of a

2 f nction of a.%robablllt en3|t¥]I 20 relative to an
(¥?GHES?§$QFr T L1 dila®h v e i Big& ilon type noi se

si gnal generag a furtger exanp| e of the PN

sequeFriSe n8id lgﬁbagragéﬁ PHiBE g} %raterrflala@oeflgwanqn of a

shown in Fig. 6. Fig. 10 is a spectral view

%ﬁmﬁgnaemaeewlmet@r cigeny @f-ma(n €11, 2) ..., N) shown

characteristic filter 8 shown in Fig. 1. 25 Fig. 11 is

in BigeStral view showing a frequency characteristic of

a 12

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
circuit 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

(1/1) characteristic filter 8 shown in Fig. 1.

Fig. 11 is a spectral view showing a frequency characteristic of a
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(1 / f2) characteristic filter instead of the (1 / f)
characteristic filter 8 shown in Fig. 1. Fig. 12 is a
bl ock di agram showi ng a configuration of an apparatus
for extending a band of an audi o signal according to a
second 5 preferred enbodi nent2of the present
invention. Fig. 13 is a block diagram show ng an
internal configuration of a random noi se generat or
circuit 9 shown in Fig. 12. Fig. 14 is a bl ock diagram

(SheNMch@rac teeistiQfltat instead dtheaydy ahafadteriseixtfanet 89
a band of an audio signhal according to a third 10

JHRIgAedoenbodi ment of the present invention. Fig. 15
is a bloc% di agram showi ng a configuration of an

opti ggl 19118k 5%198}5%1{5&{‘ sﬁ)ﬂ%ﬁg"g"\?%r?ﬂ? hSatRa}E of %P €

of an application of appar at xtendi ng a

A aPls 30 SR RIBEA Ban L GOLE D Qe iicgHding tp,a second
A8dieR MBSl LASLRMEBIILIN Rupapliguration of an

apparatus fFor extendin and of an audi o sigha
accorgding,t.g t ri,or _art, BEST FOR CARRYI NG.
T TRV Pder Gee Pl ane R a b e Lo Bl Ry e of o
2re ent_i.nvention W || b§9 0 descr:{d]if,beglggel ow Wi th

MBSt SEPREAQF SMAYE 2 $HOVR et Bactfed  dr awi ngs,
conpqQnents sinjilar to each other are denoted by _the
s PR blqdy dfagrasn shpEeped FURGLralen RAR not
be repeatedly described in detail. FIRST PREFERRED .
amesoBt welaT sktendingia pang ¢f e jaulig signaksaennrAgng to a third
configuration of an apparatus 13
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 1s a block diagram showing a configuration 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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for extending a band of an audio signal according to a
first preferred enbodinent of the present invention.
The audi o signal band extending apparatus according
to the first preferred enbodinent is such a digital
signal processing circuit thafjzis inserted between an
input termnal TI 5 and an output termnal T2. The
audi o signal band extendi ng apparatus is constituted
by including an oversanpling type | ow pass filter

f()P\é%E&?d‘IPllg' NBahPEf &R @uéio ﬁ@néﬁgééor%mg tB'agﬂ?it preferred
harmoni ¢ wave generator 3, a nultiplier 4, digital

HABHRARENE b tAE deBER) By cAith THRIAGR s@rlrgt bhhel efending

|o si gnal” band extendi ng apparatus appar at us

r@)ﬁjﬁﬁs %%%8}{1{&1%‘ Gy éﬂé%rrle %'oﬂgm%gltqg 9 a digital

generator- Circul ute \Y

SBuLpfissife it lil“S’éFtﬁ%ft%?th'véetgién(lLPQf Sl T
babd ass filter .5 constitu

PP weﬁgggatsfr oF B qgsis siedalBan @fxftgrl?mg apparatus
character ic fi (&gg 8 whi ch ar? connect ed in ]f

S a0k Stes Bicnchndiie Smérervamg e BIS 1oT Pa%;

audi o si naI is_inputted to the oversanpling.t pe
(PWS,%@E Ing|tyRE LfFS L amaddgp 4 a br&herrahlarrrlontqnwave

digital audio signal is reproduced from for_ exanp

genesaiice, dirmrltiplen) 4, ardigital bﬁngp@a§élltqm(@%ﬁ)gﬁaanﬁ@s
a sanpling fre%tjency fs of 44.1 20 kHz and a word

vagiaflh ashplifepio: sThaaudiowignal bagd extending apparatus
oversanpling type lowpass filter 1 is constituted by
dprdnaduags atsoeenstitpteadngy durthertincBidiagda aaddgim aloise

| ow-pass filter (LPF) 32. The oversanpling type | ow
grassafol ciecuit 15, sucbsaldiegvdlale ddlbtibrtocili;w tigitedtlow-pass
multiplies the sanpling frequency fs of the digital
fdoel (LBRH) gl and putdreable amiphdier iput Ih ehis case,2heldightal
"p" (where "p" is a positive integer equal to or
lgtedypess filtan 52k, camgtitided by including a digital high-pass filter
(HPF) 7 and a (1/f) characteristic filter 8 which are connected in
cascade to each other.

Referring to Fig. 1, a digital audio signal is inputted to the
oversampling 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 terminal

T1 by "p" (where "p" is a positive integer equal to or greater than 2), and
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attenuates a signal fallen within unnecessary band
that extends froma frequency of fs/2 to a frequency
of pfs/2 by 60 dB or larger. Wen the "p" is, for
exanple, 2, the digital audio signal having the
sanpling frequency fs (having;ga sanpling cycle Ts =1
/| fs) is inputted to 5 the oversanpling circuit 31.
As shown in Fig. 3, the oversanpling circuit 31
executes an oversanpling processing on data D 1 of an

dtbbaed disial fafufli Withig A nd¥eskASEPhhAGthA&Qend8tffom a
D2 into internmediate positions (relative to tine

rg%&?jlg%n@{ of BSPLES hMBe Méhaloﬂ@?@z ngéa@aﬁ of @argggfgt o

the sanpling cycle Ts 'so as to inter

the kgndat eDfﬁL’is?% %@Fé,s%hgﬁoa%%gltaﬁ.%gisg.%%ﬂahaving the

audi o signal i'nto’a digit gha avil

Ny avi IN0_cygLe: ..
SHBIhIT LR i dng Ao R ATe 305 Y isdinputced o

esul tant digital . 10, signal to_th L gital :

bt pltuiCYR, A5 §PRR FORIE L I pssampging
has . followi ng: 15 (a assband t hat ext s from
Frdherics e tes g ovameehofnl HOCPoH et SBlaD bRt s
fromf uency of 0Q.45fs to fs;, and (c) an__ .
IQPPémfgg%iWq%ﬁ‘thSISFaLEMdPS?’EP% ?ngéiatﬁr%% 18P dB at
.a frequency equal to or higher than fs. The digital
ingeupediate ijosations (relatye 4o firpg mxivfoluespsptive dwo D1 data
digital audio signal so as to renove an 20 aliasing
athpsenytmeneh @thpy at the srenpHRgIaVelE Bpsoeasitagntgrpolates the
| ow-pass filtering the inputted digital audio signal,
data Basend converss tie¢ fivputted digitad atrdhatsigialeimde o digital
frequency of 0 to 0.45fs) which the inputted digital
audiobosighghhhvhes asamsphngifatdyencihefs (Hehengiagsamipling cycle
| ow-pass filter 32 outputs a resultant signal to the
BRr Thahothre overlSagplingedrcant 3%oabsotubacwgaltaat digital
cal culator 51 (Fig. 4) of the higher harnonic wave 15
audio 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 0.45fs 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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generator 3. Next, the higher harnonic wave generat or
3 shown in Fig. 1 is a nonlinear processing circuit
that has a nonlinear input and output characteristic.
The hi gher harnoni c wave generator 3, by executing a 5
nonl i near processing to an inpgtted digital audio
signal, distorts the digital audio signal so as to
generate a hi gher harnonic wave conponent signal.
Then, the higher harnonic wave generator 3 outputs a
dén@irh@dr @udi o signal including the higher harnonic
wave conponent signal to the nultiplier 4. The higher

har Mg YRY §1idRe I BAGHAIRE &’adé%@&é}%ttbﬁ 4t §hY in Fig. 1 is a
i ncluding, for exanple, the absolute value cal cul ator

rﬁ%‘nl?}n%ﬁl%e‘ggfrg&trggf%ﬂtft?éé ﬁ%énlﬁ%e%simnhg)éﬁ ut

I'S CasSe€, ofTset renoval clrcult

GRS el Ryl @%ﬁg'}g%g@%n%%p%cggg%f%@r 33}“0y g§§cuting a

averagi ng circui pli’er
e ing to Fiqg. .4, the gbsolute value calculator 5
(B Azo BNl 1 HBARREP il uB §8nal FBoredine
.ull-wave rectification process.on an, inputted
difisel ARSI s5r A S RaBeBRE SUrh R BaEPRRF S <audi o
signal which h been subjected to the nonlinear
BIBRORER N5t NP uOTCRIEET B TnRI KeVa PPaERIRg 3
circuit 54 provided.in DC of fset rempval circuit 52.
OFHEULD Sofl i @l aidie sigrelingleding thebigher Basmgiag wave
having a positive 20 anplitude as it is, whereas the
copRpPueRt §igngd tedheunalBplien 4¢ ohye frigher hargesic reaNeng
a negative anplitude into a signal having a positive
gemsratardd 18 kanstisutaseby anelutingn febexampée \thleuebsilughealue
negati ve anplitude, and outputs a resultant signal.
daleulagor hilsand lseDK] gffset rdmovandiccwd a2 esrgimventis Bige4. In
generated at portions at which the 25 signal having
thie casgattierD Caaffs¢tt ratoval ¢iotdedb2 enwaodsttymsi by vecluding a
side 16
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 absolute value calculator 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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with a boundary of the zero level. Next, the averagi ng
circuit 54 is constituted by including such a

| ow-pass filter that has a cutoff frequency of nuch

| oner than the sanpling frequency fs, for exanple,
about 0.0001fs. The averagi ngigircuit 54 cal cul ates a
ti me-averaged 5 value of an anplitude of an inputted
digital audio signal within a predetermned tine
interval (for exanple, a tinme interval sufficiently

WiRAGE bolihdIary RE thamRlrbNevay aléxtl the ARdaSiHPMrSUR 54 is
digital signal having the tine averaged value to the

c(ohs/tit%):edrwi%hﬁ&{né%cﬁ@efbw—_tﬂ&%ls(fi]l_tér Hat WA ;ai cﬁ.llﬂo?ig

55 multiplies an inputted digital signal 1/2, an

an . . by
%@%ﬁ 8f A %Jvléhl ttﬁéug Ak m%gggg{%’fhé’rgcfgsé E:Tgr example,

cation res to the su

%@E @logt 19‘9?’"Tﬂeggb§%gilﬁg g?ré:%gt 3?5?%61%1‘?%95 nrétaprﬂ:éié(z&ea[ged

subtracter
{ t ed the l.. 2 lL.ti.plier,.55.fr .
AP O of dn el Bl B finin 2
val.ue calculator.51 s s to renove a DC of fset. 15 |
RRgefratid Bt iveet o trHERIe, £ Mngrarran! sgHarnly
i nputt.ed ia the.input termnal T1 is a signal.based .
BREPHL55a el vaplingiaitls drhaiyd optonts f«belalsign Having
‘ift,each of ouyt put diqital signals from respective
Eridmc _VEREAH Vialukity the (dhd) angitiplicd) o3 dian,fthenhly Be
output termnal T2 to be a sg?nal based on the zero
myliaplierprapertipbige an mpptted gigitebsigsiad b 1/ dpandantputs a
po_the_hiqher_harnnnic wave generator 3 is a signa
diggal sgmal hwavisg® velus of a meltapliestiahsesilyrial thiessubtracter
converted into a positive |evel by the absolute val ue
Thheul digitalsighal irngbicatngia PG bffsehenauwetar Further, the
processing. As a result, the DC offset is generated.
Atdoadiend3 subtrapte radigitadlsignalf oatmitged dromi thheall / 2)
outputted fromthe 25 absolute value calculator 51 is
roallipliet 88 fognt hAeligitel agdiny sigrad wivtpbttedlfrom 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 necessary to set each of output digital signals from
respective 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 if a
digital signal 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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and a half of the average value is subtracted fromthe
digital signal outputted fromthe absol ute val ue
calculator 51 so as to renove the DC offset. Then, as
shown in Fig. 1, a digital signal including the higher
5 harnoni ¢ wave conponent gengrated by the higher
har noni ¢ wave generator 3 based on a |level of an
inputted digital audio signal (i.e., the higher
har moni ¢ wave conponent having a | evel corresponding
drd bh@dlf oPfthe RecragaVhRet [ ghbslaceedlin®mitaealighial asgria
be substantially proportional thereto) is outputted
i pidtedrilcinh Rhe &lbsbluddviimeadiichil & r 31N80 ANPRRABIS @he DC
generator circuit 11 shown in Fig. 1 generates a
digittal audi o signal having a band that extends from
frequency of 0 to pfs/2 and a random anplitude | evel
rel atq t LI TR AXd Sy Ak 5iBaT «i :

Tréh e?_;s[ Ei\;\]ﬁ?v&qfr{rglgguf 2 A dﬁ%@al s1gﬁagl{rgénl§ 1%2?9?122%&

noi se sign h™a dithe
e it lati ith,the digital

HEOAEYalt CaRtbo: EERGRRRU ks Bl bt wave
and out pyts a .gener.at random noj se.si.gnal. to the,.
B ReS PR GLRoR & o AP S HiRig Feesfi ., the
value. cal cul.ator 12 is such .a cal culator that executes
HiRheE peg it dh e CotmRaieny RAVIBR G L‘?@?ﬁ@r%%’ﬁldmg to that
i_nputted rapdom noi se. signal. The absol ute val ue )
Q,fatﬁéd%FCQgl%&fﬂﬁ}ﬂ@%@@ﬁ% asatA ﬁa syibsaptailyjRreportional
1_%gplitude to the digital |owpass filter 13 as it is,

E¢©hds PHEPUKisEta the TaltPlies1%ul at or 12 converts a

signal having a negative anplitude into a signal o

havi g adgisismn, ithe ramslom ytrise ggneratorfarasid laghown in Fig. 1

absol ute val ue of the negative anplitude, and outputs
genesstds antigital gudio signahdadiigg trabahdwhpasxténds érom3s,

It is noted that the absolute 25 val ue cal culator 12
frequerney dbB togpfisi2tande randampl ampliqudallevel iedstivdieo tige
time axis, 1.e., generates a random noise signal which is such a dither
signal that is generated without 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 amplitude, 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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hi gher harnoni c wave conponent outputted fromthe

hi gher harnonic wave generator 3 by a random noi se
signal having a predeterm ned sign regardless of
change in the sign of the random noi se signal.
Further, the digital |ow pasggfilter 13, which has a
maxi mum cutof f frequency 5 within a range from 100 Hz
to 20 kHz, preferably from1 kHz to 2 kHz, | ow pass
filters an inputted random noi se signal, which has

Higher utbh@ticedlav® cohgpatatl s ueed graval e llghef hamtonic
outputs a resultant signal to the nultiplier 4 via

Wwhee sahtaltoe FBPld FAkdodnolse difhsl Rashhg é?ﬁe&léfér%ﬁ'n%d sign
anplifier 14 is a |level control circuit.

ﬁ&g&k@f&%@ cﬁ'HHdrf eSin e Q%QESP&@réﬁ&Sﬂn B9 4ikHde Further,

an putted Ital signal by an

t‘i‘l <{1 gﬁﬂa@ %\}Vg[ga§§hlt9r (l\fgh'v&lli]lchshég%blfng&nﬁufrﬁ%ﬂtbﬂvﬁecl]uency

i cat | proceSS|ﬁg bu e set negative

Coniﬂfl % P% 12 dlél ?rﬁ{?s a’ Ie%p%g%ﬁg%qaﬁﬁﬁt%rz%klz

el
Sl Lgfarm*n'eéﬁ 5l S e
veI el % . %glaﬁ | 0 }:@U%t Jntra\%rénﬁf tﬁuﬂ%ﬁ Jgsultant

fromt edl taI Iovv- filte Thi s
ﬁaﬁ%‘m Tl ﬁm he¥ePEbie pmplfienis Lude
rmdul ation at the nultiplier 4 |s perforrred at
modul 18 $HH8 Gase: Hre gariaple agplibiee 1438 leyel an&r@é%rcwt
Concretely speaki n(fﬁ the random noi se %ener at or

Tthe variabla angplefier {1 qhiagiges 3 tevedtemiplitidg vadushefinn

in, for exanple, Fig. 5. Referring to Fig. 5, the
inpvdted digitad sjgnel by e emplificatian ratiodwdtich s set foya
including a plurality of "N' pseudo noi se sequence
prstitize simphficaBogamecassingchut maysbe set dor achagatie PN
sequence noi se signal generator 19

amplification or 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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circuits hereinafter) 60-n (n =1, 2, ..., N, an
adder 61, a constant signal generator for DC of fset
renoval 63, and a subtracter 64. In this case, the
respective PN sequence noi se signal generator circuits
60-n have i ndependent initialkgval ues. The respective
PN sequence noise 5 signal generator circuits 60-n
generate pseudo noise (PN) signals having wuniforny
random anpl i tude | evels, for exanple, M sequence noise
dit@iied hereinchfed Botnganenaped. PN) shfridert®] tdeondeait
61. Next, the adder 61 adds up a plurality of PN

sihAAPESnHtBH D bIget RanBhhl 68IHRACE sUBkER t8F B8Rl In this
generator circuits 60-1 to 60-N so as to obtain a 10

d2eS itHQ?‘lesp@&‘i’vé)PNpégqg.léri& E)se! ﬁgﬁél E@x‘f&%&ﬁ?'&ircuits 60-n

addition result to th subtracter 647 On the other

Win#éf%g&fé@ﬁﬁﬁ%aﬁﬁﬁ%g. gﬁ?@?@éﬁctf&r?g%eﬁgegﬁgg%?ise

renova generates a const ant I gnal

. ' S £ ti ver aged ue .
TEERER et Ml oS Rre BR i BORY U0 Redls having
noi.se signal generator. cgircuits 60-1 to 60-N 15 and.
SR BTy 2Rt G s S, Foreratpld M siugpedigise
subtracter 64 ener at e d.outputs.a dither_ signal
TEBAS TS BRLRRT SERCIRed SIS g TR SOTeP At VR, the
signal . for, DC offset .re froma sumof t{he N
AL e RSP REH S8 I sidnalh oefguicied rem the BB
sequence noi se signal 20 generator circuits 60-n (n =,
sgquence noisgysigral-grranater eHCHYS 611yt RE-N spas probtain a
counter. 71, an exclusive-OR gate 72, a clock signal
P pignale anBoutpiais Bie PNi sigarl having gataddjsiosy et 1a the
An initial value of 32 bits is set into the 32-bit
shimaeter 134 .byn hkee jother hlandalthe apaisdage sigretl@enggator for DC
Initial values of 32 bits for the respective PN
aftspiavorovadiGsk generatkes gepenstieort signal foruPCsoféBtreaneval,
different fromeach other, and then the 32-bit counter
which has a sum of time averaged values of the PN signals from a
plurality of "N" PN sequence 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 case, 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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71 counts so as to increnment by one according to a

cl ock signal generated by the clock signal generator
73. Anpong data of 32 bits (including data of Oth bit
to data of 31st bit) of the 32-bit counter 71,

one-bit data of nost significgpt bit (MSB;, 31st bit)
and one-bit data of 5 the 3rd bit are inputted to an

i nput term nal of the exclusive-OR gate 72. The

excl usive-OR gate 72 sets one-bit data of a cal cul ated

’PI(%b\:i%'ty &0 dOE G reSARL By %ﬂeeei’@éorﬁ'l kb 'aC&BEkbs'lgnal
(LSB) of the 32-bit counter 71. Iy data o

B &L B élBCRfSI% g@r}%atto? ‘?%m&fn %&éta{’kﬁ Byt iied

s a PN sgquence nol t hus stituting

(e Eheeae %%thlgltqslcfaeaa% ﬁét GEPST MO0l ShdRer 71,

sequence nol se Si gn fro

t
SR @ayaﬁaf%ooewﬁeﬁf B PR i
SRR B EEREER o %&p@z@ﬁéﬂe&tg@%@ﬁ SO R gate 72
Zhsechglng '@il% %'a&%z Cate e A B S@gzgé“ Rithve
noj se signal s i ndependent of one_ _anot
logicap SR P 4 pshsigmiticant At (9B} @Elt}%% Sang comtepﬂ L.
sequence noi se signal generator circuits 60-n may be

El@@élbfb data@fdewer sighjviits 26 the)32rbat mltmtem:%l iipesitputted as

ht-bit in respective 32-bit counters 71, from
a/\/R sequenFAnsispusigoel nBsthes gnasstaringtthiedtN sequeace
set to be different fromeach other. Namely, the PN
Beigaengralngtrer atpynaicuitged@mgt N sequevict r6sd sigikas
out an eight-bit PN sequence noise signal fromthe
dwigstttad grurhitbantespegtive HIN seqtitiecPNoseqsigned geniesator
signal 25 generator circuit 60-2 takes out a PN
dequies ©O-nobamrse ghaleighvimitePYHeqRience noise signals
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 sequence 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 the 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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bits right on the |east significant eight bits, and

t he subsequent PN sequence noi se signal generator
circuits take out PN sequence noise signals in a
manner simlar to above. (2) Instead, the bit

| ocati ons of the respective 32ibit counters 71, 5
fromwhich one-bit data inputted to correspondi ng

excl usive-OR gates 72 are taken out, are set to be
different fromeach other. (3) Alternatively, at |east

Biv®r ttdletﬁé@é&gteslgﬁmritrhlghgbn@ add Mdthbsbquent PN
exanpl e as described in (1), and a nodi fied exanpl e as

SRR dRebisE %%Iﬂala% En &G PRGLIkO R AdEPRIsdHidhce noise

plurallty of uence noi ses i ndependent o one

ﬁgﬁ%ﬁef a%ﬁg‘né?%&&%ﬁ‘l%‘? {BAU RS gnal having a

abl Ity density relative to an anplitude |evel

can Ib(g) 1 ?é:ﬁ ef)ileaﬁ tﬁB%{l \/\hg Jrit8g: regpeg‘av% ?&@db?{ C(Mrllters 71,

"N nol se” sSi ene

P Phich ﬁﬁl%rétp@[%’lalﬂp&ti i g ekl DB g

ner d as_shown n g a_Gaussi an
BF 3% T8 S B8¢ Bebif Bisraifrenf r3r pacBistRai ng to,
the c limt th orem Accqrdin "N
by adgfnéﬁew%%%elwg Rt of.ﬁ@r%sxgm@@ chority i Fig 6. a
respective PN se ence n0|se si gnal generat or
BORLLA §XBTRIC B egsatRihi (Hwensea dhpddiad gxammde s
nunbers, a 20 Gaussian distribution type noise signa
(b'-‘eﬁ%lfbﬂq N A\ATeCHMPEBIRDI |ity density of the
Gaussi an distribution relative to the anplitude |evel
can DBy ageieg atred plurshonal PN sdquerse morserdndependant of
is 3, a bell distribution type (hanging bell type)
ot spothgnal PNasdquerecepnoisatsignal/hdeing & \probabilityedénsity
di stribution or a hanging bell distribution simlar to
refeeti Ga s sinaamBitdidstlevdlutd o begguhedratdchgs ashelwg uh IBigs. 7, 8,
greater dispersion than that of the 22
and 9. If "N" is 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 signal 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 density of a
bell distribution or a hanging bell distribution similar to the Gaussian

distribution and having a slightly greater dispersion than that of the
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Gaussi an 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. 5 and
6, and generating a noise signal shown in, for
exanple, Fig. 8 or 9, a dithepasignal simlar to a
natural sound or a 5 nusical sound signal can be
generated using such a circuit that is small in size.
Referring back to Fig. 1, the multiplier 4 is a

Galissiad! @lstfHidluticHeldtietetdTosl bahplRiideT RO eMehhitd b&herhted

nodul ates an anplitude of a carrier wave, which I's a

A ghb®h ML i Q@ade&friﬁéﬁps@ifgﬂ%e}? Bﬁﬁgﬁ"ﬁic_@in ®cdfls as

conmponent outputted fromthe high ar noni c ve

SERERTHTcP s AP el S ALONL YA Sy for
&&%Efé‘ %‘igsé Qﬂaév\ﬁ ﬁh{ dp %gﬂa} g{a}ﬂilép o gio}l%élnrgl %E?ngyd bR

no correlatron e sound.

[tiplyin t hese t si_gnal ether.. the . .
st sl e tBe Fetfofed SBERiISTer axfiunyirghat s
Si aﬂal whi ch includes a plurality of carrier waves of,
¥BF 1BxHfpl e, the digital audio signals of the higher

har i wav onponents_and a pluraljty o

arrp:‘ni)fg Hér-lﬁ‘ﬁglﬁ“g‘i g@ %'gfnatlbse %ﬂpﬁéer %‘a‘r?dZ &6&&3‘&‘%‘?& foron
both sides of the nojse signal, band of which is_

amnpitade mgoduiadivn c dmeemad iplieq 4 msidatespan panphifpdeof a
waves by the 20 digital |owpass filter 13. In )
cadgioriwave, t Wil i @ slighahaudia sigmed ofithgdrighggdragmonic wave
| evel corresponding to that of the digital audio
cgirgpanenhputpatted fgom Hee hagher harmionat Weve geregratens,
multiplier 4 inputs a generated digital band-extended
aiogmding to aheoide giigmal whith passitputtedrirgnptloe vdeidble

within the digital babdpass filter 5. 25 As shown in
anplifier Itdhe Albgindadf thebdpiessignkd és liknited ,cand ithaneuse signal
23

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
components 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 S is configured so
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that the digital high-pass filter 7 and the (1 / f)
characteristic filter 8 which is the digita

| ow-pass filter, are connected in cascade to each
other. Wen the inputted digital audio signal is, for
exanpl e, an unconpressed digpgal signal outputted
froma CD player or the like, the 5 digital babdpass
filter 5 preferably has the followi ng specifications:
(1) A cutoff frequency fLc on a |ower frequency side
thait aheWigftal Bigh-palssAileett Didnd biae 4Tt Brchetrhete@istidifilter 8,
| oner frequency side is an attenuation anount equa

WRicH id eHcdaigitdlabwiPa 8B fitlerdatd 66HABEYH 8 dascddteto each
attenuation anount 1Is close to an SN rati o based on a

dtuant 'Wﬁkh%ehgwd{'ﬂ&?ﬂl?ftalt PeARY élgha@hs ey r&starﬁi!ﬂ%n ahhe
quantlzatlon nunber of orlglna sound |'S,

STk U SERR LGRS 2 B9 o on g e,
dlg&ilggﬁggbgﬁglfﬁ‘{ér%‘ eg—f&‘?ﬁﬂty H4 %etf8118€vug§r %%Fﬁ{éé?{bn%o

I'S no ter soun

‘obt aldﬁlﬁdA %ﬁtéﬂ qr&ﬂ,tl or{c&lfef %’naétlsh}a?tﬂ“%%l? hgl | 01\(’§Ve.e{b01,1t fs/2;

frequéency si 1SS

Ul A SRE B B P Rl “eef%é‘é&%%ci %e 5 ey
band ffect b bt th

i @w@n;‘agmﬁxé%&ﬂ o gy T SR BAigh Rt/ 4

Accordi ngly, Is preferable that the cutoff

Thraptensatian errtml%@ tlgRe oAb glerriyo Pagedsm agiyasatization

di gi tal Iom#pass filter. 7 can be selectively changed
ryyabepaf iberprigigal sexags Wh qrhéh@@mtsaaéwéunumber of the
characteristics according to a user's command signa
qfigiﬂﬁhﬁoté}@ﬂelrsn &t expmipdt.| ke bitsp rearetical SRetueBciB.

fHc on hi gher frequency side is about fs/2; and 25

t%ngrﬂilreglVothe cligitalchabdpase fier thpreéfetalely as e asienuation
side is -6 24
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 usef’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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dB/oct (See Fig. 10). As shown in Fig. 10, the (1/f)
characteristic filter 8 is a so-called (1 /f)
characteristic |lowpass filter that possesses such an
attenuation characteristic that an inclination of -6
dB/oct in a band B2 that 5 exbgnds from frequency of
fs/2 to pfs/2, where the band B2 is higher that a
band B 1 that extends fromfrequency of 0 to fs/ 2. It
is noted that "p" denotes an oversanpling ratio, for
kaqq gl nogger equal to or greater than 2 and
equal or small er than about 8. The digital babdpass

filtefg §h9®rﬂldﬁia§‘ fl(bt andgrﬂs ét@ﬁsgbgﬂbﬁ] 8 id Q& so-called

signal, and outp ltere

QL)<
(I?Z_Q }fd,%e%?%qg%é lgﬁzﬂ)astsoﬁlttep §§§s§ \é'sasﬁ{}? aYlazri 1:8Rl:& tion
I 0
ﬁ?#}%ﬁféié%@g e el h%a?‘@fla{@fe G aE R nd Bebg ? tﬁa*

anp to

SHiEnIETR, Zﬁsﬁ?@w\“ﬁgﬁf Ty ety Bt oaee 454
s,.such a signal e di. |ta

t@eﬁ | Bandriabana Bfends SO ruiatthros Rdddsgd: 4f 18 e
ﬁa nal of the or nal sound. The adder 2 outputs the

33 aldeRQLFD 28 %‘%{Fam I EAiQt 15 cXeaPRIG AN Fpteger equal to
this case, the variable anplifier 6 is a |l evel control
o1 greater thamid apdyequslitaonsmpdlsr shanmabauted. 14. The
varlable angilfler 6 changes 20 a level (anplitude
val ueh li prdedpaes Hitgr Sabasdpass-filteraran inputted digital
arrpllflcatlon ratio (which is set for a positive
sagpal, fanchohgpusy 8 dessdpassiittened digitalebandmxtanded signal to
negative anplification or an attenuati on processing)
thasstdon2 aia ¢hatvasialde gmaplifian6. cfitpiites, she adder 2 adds a
| evel -changed digital signal to the adder 2. The
digrtehbhadaextienideer signias fuse dheorared ldei araplifiadjoust atlbw-pass
| evel of the 25 digital audio signal fromthe
fdveresladigl iah quuidip esigoal frass the bversaimphiegttypedbw-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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| evel of the digital band-extended signal fromthe
digital babdpass filter 5. This adjustnent is
preferably set so that the | evels of these two
signals substantially coincide with each other, i.e.,
set so as to keep a spectralggontinuity, at the
frequency of, for exanple, fs/2 in the adder 2. 5 As
descri bed so far, according to the first preferred
enbodi ment of the present invention, the higher

160613 AR HRIRPBRMNAYd ipdal ‘Hdrﬁ%e%i%‘i@l Habdpass filter
generated having the sane spectral structure as that

Df THidadfusicéht SOHAdeRA 19 gaéet@ohﬁ{at' the ﬁ@&sngf these tv&t/o

generation nechanlsn1 substantially anal ogous to th

%néf%esﬁ@é i eq@g&'&glcﬁye LRfTeRgh BHEE hlleé gt %bgﬁa{o keep a

neration ncy to have a gene al

?eﬁ{dl%ﬂ&ﬁﬂﬁﬁgh Eﬁ% kfreé(itheq{c? éi} %'It elgg)nlﬁlg,eg‘s /g?H]g tt%f: adder 2.

qones HESRILRE 16 BF) ﬁacqr ng&sﬁ?ﬂf?rﬁﬁfre e ;Ef?z‘éﬁhment of
whi ch he, .d | t
tﬁ%ﬁréﬁeﬂéﬁ%ﬁ@ﬂg@g RRRIC HavEETEPGBRBE BF dhe

cor di to a hi r.fre C pectral intensity of
qifieer ﬂ%&CBF %ﬂ&%ﬁwﬁ %%{5? SRR daHEE 9% Hhat of
Lﬁe n0| s ign such as. the dither signal, which s

s% S}%ﬁ I{ghat iy Spsing @ SRRFrabIIeRhRNisM

Then t he_ band- extended signal is added to the inputted
syiksteatialyaraloggralto theg¢®fdhegqraturat spengdoegifermeinga dither
easily generate a 20 digital audio signal having an
segnahgereraiiiroingghenay todmuee 2 gewierally augnianrdigtibution or
In addition, since the band-extended signal obtained
thg belh dis&nmutimueinn@dhalmt eguahio deddghdrethao that of an
changes according to the 1level of the original sound
iaptitieekb digitdl susgiectignbl. c Botrtinen, taybaheexteadedtsignal is
i nvention has such a characteristic advantage that the
gerghheted bganedajatzig chepanplitudé of kike kandeextargethich is the
signal sounds is not artificial but 26
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 compared 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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natural relative to the original sound. Further, the
si gnal processing perfornmed by the audio signal band
ext endi ng apparatus according to the present preferred
enbodi nent are all digital signal processing.
Accordingly, variations in 5 pgrformance do not occur
due to variations in conponents that constitute
circuits, and tenperature characteristic. In addition,
deterioration in sound quality does not occur when the
AUira] $EIBRRL toP@RSES gl Qdheach of the circuits.

Further, even if the accuracy of each filter that

ConStFﬁHh%g fhes m;%"oE?é’élh FerfSRhON 84 t17d 2849 sgg[nal

circuits 10 1s n arg and manufacturing co

Ba?hcf] %S(térﬁﬁh ra{tpaf‘ae%%gaﬁ{%tc? 'tlflé rrggént[ éloé}}}ll%%; of

an appar atu nst I rcul

Iqt ggg%‘fl]h&%ﬁgal Sstié%ael \%é&g}g i 8 gck))l? 1{151 £ Vaga ions in

St fler C|rcu i S oved to constitute t

BT HERaRST dgmat wa%r 8@%% a%on%wwoa%n{%@lat

resent invention js not limt to this.
it cheRis And foRpe s e A R o5 o AR

f the i.nputted dlgltal audi o signal and outputs a
C?F‘é@’é‘PF%%OEa‘Pt s@nq palip Hacs A eFTH WaGH @esagﬁm signal
after setti ng the negative part to the zero | evel may
nassefphs9uahi spateabithyy cirpritshsonthery gver icthe aragemcy of
51. 20 In the preferred enbodi nent stated above, the
qacht filtenshat censtitutes thiel samegiraisip impedvediosiee of circuits
the present invention is not limted to this. The
lappdrzmads lange and mdeufacturing)coshas aot éncstasedf ih t,emanner
having an attenuation characteristic showm in Fig. 11
diffsteatdfroin thet ¢flah dpparctasacistitated by Analog8irdsits.
shown in Fig. 11, the (1 / f2) characteristic filter
25 i dnatlsopodkted ¢inbod2mnenhatatideabsetée,ctHeoabpalsse value
filter that exhibits the 27
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 8 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/{)

characteristic filter 8. As shown in Fig. 11, the (1/f2) characteristic filter

1s a so-called (1/f?) characteristic low-pass filter that exhibits the
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attenuation characteristic having an inclination of

-12 dB/ oct in the band B2 that extends from

frequency of fs/2 to pfs/2, where the band B2 is

hi gher than the band B 1 that extends from frequency

of 0 to fs/2. In the preferred7enbodi nent stated

above, the preferable 5 specifications. of the digital
babdpass filter 5 when the inputted digital audio
signal is the unconpressed digital signal fromthe CD
fkéyeatioh cHdractdrstibhvribean ErsiehitRedof WBAB et in the
inputted digital audio signal is a digital signa

Hdred @7 ggat SxRBdaNrdR ﬁ*e&&%hc?@ff% naftbesIs f2, leéré\@le band
(Mni Disc) player or a digi audi o ‘si gnal

B2 ¢ ?ﬁ%ﬁ@'r HaRShahAER &Me}&@na%rﬁbﬂlaﬁ%g ncy of 0 to fs/2.
conpr essi on-coded by AAC (Advanced Audio i ng

cut o T Bhases™) Spfodi T Tl P MmOt
ﬁse%ﬁléan?orll& WeEnd rd?%i'ﬂ&]fnﬁé(b FQSSS Té‘ipt%trg)nan%% tl'pé ﬂ{fl.rlﬁt{:d digital

uency srde era upper
of ..a roductl

uenc of e SORpr
PG o eSS qlﬁﬁafié Fofig s ERBfsyr or
naI na
tilfa}%ff batg Perhdescsitas Wﬁe#ﬁs 1 %ﬁﬁ?@ﬁ&l&lr?féﬁwggal is
of..a hal.f - nal of t nal IS 05
ofidielignal refargeddp as ae B Sehal Hifarisrhfiom a MD (Mini
freqg ui& “of the reproductlon band is about 10 kHz to
Qigc) plgyen or aregital efic agmaldrdetnsdeto 5 A AfCegigandy
of the reproductlon 20 band is about 5 kHz to 9 kHz.
heeinaiten cosppreassiomoadeenty St tddeecasd Ausio (Catling) for
noi se signal is ?enerated by the random noi se
Gy ancrudior sighel confedsmmgeto MREG-pr dxeautafhirequicory fs/2
is not limted to this. The random noi se signhal my
Hehgedigital baboipass fdrered mal the lewet frequaenepridednidon the
t he absolute 25 value cal culator 12. 28
higher frequency side is preferably 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 reproduction 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 embodiment 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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In the preferred enbodi nent stated above, the random
noi se signal is generated by the random noi se
generator circuit 11. However, the present invention
isnot limted to this. A band signal having a
predet erm ned bandw dth, e.g.28one of various signals
such as a data 5 signal and an audio signal, or a
nodul ati on signal thereof may be enployed instead of
t he random noi se signal. SECOND PREFERRED EMBODI MENT

Fi 9. Ih2tHespeefbl@eke fibagitiens RMtatlaBot@NfHItHrdd bR ise
an apparatus for extending a band of an audi o signal

ALARAT I Péhdrated IWeadraddodr fbRergt eabadimealt Pf. H®wever,

present "invention. The audio signal band extending
tRRPSFREHS iAFELHIGh MY ddt 11RiRdSeeand. I %fa%glr v%%{lﬁﬂ tl'lﬁé/ing a

enbodi nent is characterized, as conpare

;%é%ger?ﬁ;’]gﬂﬁi deﬂB%i&M,g%%},%e BPQQE%HSS@HQM‘S&& tEaisga data

I'ng a ran noi se generator circui
- € . om.noj | |
405H SFOFERERE LRI P APRRRL AL B0 S BABF P el paey e
| ow pass. filter instead of .the. random noise
GEHPRRC R 3 E 61 s ForfEm Saits Siega noi oo < gnal
' t ' original sound. This
%?Wi?%%@%ﬁ@ﬁ@@%@@ﬁ%d in detail. Referring
to Fig. ,. the random noi se generator_circuit 20
exectlBs 12 isrd oSK QAEra0s SGed REd Farpenop.of an
nodul ati on) rocessing on the digital audio signa
FRRARAHE fol 6% nErRy bapdeo] iy gyulie signakacaorgingdogysecond
generate the random noi se signal, and outputs the
rrefersad sonbedingnapef the aiesgrbinteation. udheawdiossignal band
12. In addition, the random noise generator circuit 9
eiepding ahpatiiyis atcenddng teithmmbedominpzsfarhed embodiment is
oversanpling type lowpass filter 1 as it is or a
ctarqeteniiehhsltgmpairedvith the audio signal band extending
apparatus shown in Fig. 1, by including a random noise generator
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 in 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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audi o signal (having a decreased quantizati on nunber
after re- quantization) to an adder 2. Fig. 13 is a

bl ock di agram showi ng an internal configuration of

t he random noi se generator circuit 9 shown in Fig. 12.
Referring to Fig. 5 13, the pandom noi se generat or
circuit 9 is constituted by including a primary

del t a-si gnma nodul ation type quantizer 80 and one
switch SW In this case, the primary delta-signma

ELN] s;ighﬁp(Harﬁ;ﬁﬁ%%éeéﬂeégéd%éﬁtizm tiurdbed alfder re-
including a subtracter 81, a quantizer 82 that

REA @ dBon) & AH3MdeEa81 on, a subtracter 83, and a
delay circuit 84 that delays a 10 signal by one

Farmiie 18550 Bl g SEO0ahe O LG, DU AB0RLS00 o
BRI PO TOB 09 AR RO o i
e

BB B UL B 0B R QUSSR

signal having a subtracti.on result, and outputs the_ .
15 S8 pstutho BeitgRr de Barsigma, Tty Al T B adrREZCr 80 is
subt r act 83. Then, the quantizer 82 re- quantizes an
%}5«5{%%5 iaygmlcéuld%%é teer Sutdpataniizae Beatlsatgpgriorms
20 nodul at.ed signal, which is the re-quantized digita
rgiantizaran, arihtractes ihi rand ar dgay areiiaSbothat delays a

adder 2 and the higher harnmonic wave generator 3 via
siglealcbyioaet sampleof the switch SW Further, the
subtracter 83 subtracts the delta-sigma nodul ated

si gndlhd digitalteudigusighak rong 2hefaversamgiligig Bitpealoti-pass filter
signal fromthe subtracter 81 to 25 obtain a
lgumotipattedtonttiesad dégA andihi lrighies hardignicavaeeigenerator 3
si gnal having 30

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 83 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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a subtraction result (and which is generated during
the quantization), and outputs the quantization noise
signal to the absolute value calculator 12 and al so
to the subtracter 81 via the delay circuit 84. In the
random noi se generator circui 8§09 shown in Fig. 13,
when 5 the switch SWis switched over to the contact
"a" thereof, a digital audio signal (which is a

si gnal having the decreased quantizati on nunber)

As0BtRiRbrbYediut (A8 wisrchUidNddridraged dilirthg @he aifirtization),
signal quantized by the oversanpling type | ow pass

afrm beitphitd ShOWuRtAGidPnblie ﬁg%[ t& tﬁe %bsbﬁl@téw&l%%r

har noni ¢ wave generator 3. ow ng th It I'S

PASSIAbE 150010 NS R &ik&%é@ﬂer%‘ﬁb& P el g G

out put term nal S1 gha ext en

appargt 4z %ﬁ%oﬁlhﬁoirég ?fergt(%xb&ﬁéﬁﬁb EHS&Q{ Q{S Iﬁ";% lo?r” when

audi o 'si gnal decrease e circui
(e cal f ent al. Qrocessi : ,

LGB Ro RoBla R RRIHE Y otalr ™ 550 gt o
SW t .over to cant b" ther eof th igita
SEiDa ‘&n%lSI%j'thﬁ??‘%&atg’s‘? Iereaned it a%&qryﬁgmtﬂ)
|OMF ss, fi utte to. the adder and th

et qﬁ&vrfb‘ﬁﬁtermaua@ﬁ@? Sigh Gy a0 EEnomiaargS by

hIS possible to output a digital audio signal

tﬁﬁﬁo?ﬂerﬁﬂm&mgo BPe L}%H?aﬁs f%*i%ﬁ i r?élgtawredi & ghaladsignd and
extendi ng apparatus w thout decreasing the nunber of
thict Righgs Megimonicewave generafes s3-hFellowing thig,phis presible to
di gi tal audi 0 si gnal fromthe oversanpling '1%/%
QR digital aediorsigneh frome atupbepubtcminnltkebfe andio
it 1s. In the random noi se generator circuit 9
signet bandexktendies eppbeatuswitiathe aumber af bitssoftia digital
whi ch has been subjected to the primary delta-sigm
amdiol sighehdbasededn anldetadirgikeatiraudi size og rallcdiladiornt seale of
25 oversanpling type lowpass filter 1, i.e., a noise
silpegjuaratighal prd@esdidd means small. On the other hand, when
the switch SW is switched over to the contact "b" thereof, the digital
audio 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 output 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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signal generated based on the digital audio signal of
the original sound is generated. On the other hand, a
band- ext ended signal is generated by nodul ating the
anplitude the a carrier wave, which is a digital

signal of the generated highgq harnonic wave
conponent which is generated 5 according to a higher
frequency spectral intensity of an inputted digital
audi o signal in accordance with a noi se signal based

Qpnhhgeh&RibY Ashsed & AL cﬁgﬁhp aBidgd8lgnalMithet J}‘g%in_al sound
band- ext ended signal is added to the " inputted gi tal

ig %in%ré't&:ﬂ abn ACBERENHELYd tahﬁ%lg& &S&Bhdly %flgr'ri]%lel@ generated

odi ment exhibits not onfy the functions

c s t fhrst, 4 . -

B PR U A gk AP G REOBY v, Wbich Bla digiset signal
n f. t 1 jgher fr ency., .
FHERaRTS Rl nh B Rl Fnah By AR s generated
artificial hut. natural relative to_ the ordiginal soynd .
Hrbdh B pdtent Tttt Secifabiuraily Yt ifnifateia
digital audio signal of .the original sound. 15 1n the
Sadigrdephlin Ardorlitnstitng st sigw Bbvrkon e inplitted
rimary _.delta-signm du] ation type .quantjzer 80 is

ﬁﬁﬁgﬁﬁﬁé}o SiRfAler! ?Ih’g&ept?élé‘gﬁ?"tﬁﬁ@@ﬁtﬁlgﬂal & Agded to the
limted tq this. . Aplurality of orders of delta- signma
inpyited digitalygedigueianal e ASCREGINGEY cfs Brasgnt prefarse
second preferred enbodi ment descri bed above, the
egebedimept exhikitspetloaly shetfipetignarnd advantageous effects
enpl oyed. However, the present invention is not
gaoerdmp tothaifisst prefegresl eeihoslimeatl bar i alsot ypeh a
quanti zer that subjects the inputted audio signal to a
digmetaedtia advedtdgadwnetfest theatariel oighetr ffédrbhcy component
PREFERRED EMBODI MENT 25 Fig. 14 is a block diagram
afHingi pan &-ccvenn d gdisignains@inds nd2 artificial 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 employed.

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 the 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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apparatus for extending a band of an audi o signa
according to a third preferred enbodi nent of the
present invention. The audi o signal band extending
apparatus according to this third preferred enbodi nent
Is characterized, as conparedowi th the audi o signa
band extending 5 apparatus shown in Fig. 12, by
further including a variable anplifier 86 and an
adder 85. The difference will now be descri bed.

dedaatisdof extEriingda bAndPSaMAR1is&sighaNatcdridaft @o a third
random noi se generator circuit 9 is outputted to the

pégere8nibadiieny af kBOle séwidxférﬁrorﬁﬁfrh@f@u@ﬁdﬁgnﬁﬁ band

which is inserted betweéen a nultiplier 4

éﬂt@ﬂdﬁ?%ﬁp%ﬁﬁl gcccﬁ‘?ﬁlﬁ%QO qg.%g%ﬁirdsbr%@@llreatgrﬂﬂ)&ﬁﬂent is

omth i fer I'tal signal from
R e i
g e i b3 gager oo
%eve'%ée A AL r% gf‘paw(%%s‘ﬁgﬁgdéglt?& a
egatRYE 5%## f G 5@%5%%‘%%5“%@ lrop sogaldigoise
é’%&&&%ﬂ%ﬁ@gg 5%3 lPPéP gﬁ%éntéﬂ ?1 HHt P S‘flﬁmhee‘faraab}?he

20 vari abl e anpllfler 86 i.s used to adjust a |evel of

Hnglifigr 8§ ghhe asdder 8% awhich ivirscréed éﬂeﬁweeaw phHaltiplier 4

random noi se generator circuit 9, so as to add the
andiat Aighspgraliiler 1 reddsadbgitabsnaloutpiitied omsitaal
having an addition result of adding a digital audio
midhplief Aotn a legitialgsignahérarorthe vamaislegemetificoB63 st
a level of a noise signal froma lowpass filter 13,
@Bt portssudigitalcoguat hemirtchan adwitivandsmlnts skee hagh gpass filter
smal | er base than a 33
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 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 multiplier 4. The
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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| evel of the digital signal having the addition

result. This adjustnent is preferably set so that the

| evel of the digital signal of the random noise which

is to be added to the digital signal fromthe

multiplier 4 is, for exanpleg3about 10%to 50% of .

that of the digital signal fromthe 5 nultiplier 4.
Accordingly, the present preferred enbodi nent exhibits

not only the functions and advant ageous effects of

lebel seandidit-81esh £10ha GO MBAHItIIH rédi$R. ahis adjustment is
characteristic advantageous effect that the higher

PrEERING e QBRORE theQbva bl §igh@Ndesh i In@le SOWIGS noise
nore 10 natural relative to the original sound since

J«Hﬁcnﬂwtd Ble aﬂcggaa{o Phe @am ﬂam&%%ﬁemﬁﬁugﬁgﬂ% for

base signal for the band-exte ded signal acc ing to

é}gﬁn?f:ec ¥ ﬁﬁf%r{oeﬁo@”gf’ﬁ’l&é?@ﬁ tRg; %Jlrsfigxtﬂ&f‘ﬁ%m the

spectrum econes ot € cont I AUOUS T el
rtﬂrubﬁgﬁgf: FOURTH PREFERRED EMBODI MENT 15 Fig. 15 is
él agr am showi ng a configuration of an optical

di sk t Whi I
cop ASRHERNER, e EERELETLE SERGERR Suh o n
udi di f
%@o@m' e SRd i HTasenns rert PoHDe ProfRd mergred
B oR e A oD A Ao a a5 et s e
constltuted by hardware or the digital signa

£ JESGRENGY SUMPOTIGHM] et | anﬁeewggéﬁt&gnﬁbéwndﬁ ere
not limted to this. For exar&p the respective
gm

nrigras selagivestioetite origingd et Hdigitalrsignalpthe

1, 12 or 14 may be realized by a signal processing
narstpramdise that bedomgsaa basd sognainfoautdieccbandreaitended ignal
addition, the signal processing programnmay be stored
aqcoadmg)gp sine 34cond preferred embodiment and a frequency
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 constituted 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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menory 101p of a digital signal processor (referred to
as a DSP hereinafter) 101 shown in Fig. 15 and
executed by the DSP 101. It is noted that a data
tabl e nenory 101d of the DSP 101 stores various kinds
of data necessary to execute Bhe signal processing
program 5 Referring to Fig. 15, an optical disk
reproducer apparatus 102 is an apparatus for
reproduci ng a content of an optical disk, for exanple,

meMbIyPl @Y prof adfdtdll Ayeal p%ce%@omdféﬁﬁéarto d$a DSB
101 executes the signal processing programfor |eft

m@ma&@@l E“B( DishalwR il iF9g 815%@1&&@@5&@%&%%@%01 s

opti cal reproducer apparatus 102, and digital

I%‘Q'dotkﬁitgé‘ al%a wﬁb@nérn%oga@é%t A negeﬁisﬁvf PN o tdPIM LEds

digital audio signals are and outputted to a

t
ek i B heF s RIS Brogram,
audi al. o udlo SI nals_t .
ert RlsRegin FloJd shhBHLAE gLt o Havae 102 is
O04a and 104b, 15 r ectivel

%%sgpaga@%?%w%ﬁ e sd e gpﬁ%b%ﬁ%lfﬁr example,

tion of tical rodu [ m and
%Ef\(ﬁcmem ;ﬁgiim?‘?%f}r 05 64t BP Ty o %hs"ﬁﬁ?y Raf CyPetes the

ducer aratus 102 he DS

sighel Pepce PregFam | %ﬁ%&f"ﬁ)%h&r{gg{tﬁ ashe signals

nennr 101d of the DSP 101 are constituted by
HePROBISE kY Hﬁr@prlé@ Gl TRIFOSSIGRT astpaaRes 102, @ind digital
EEPROMG. In Figs. 1, 12, and 14, a conmmand S|8nal_to _
wéquwgﬁab%g&neh|etrérba7nd—&ﬁ@|erad<t<bﬁrt%|ars inprattedgligital audio
variable anplifier 14 are generated and inputted by,
fignabxanpbbtaingd ayd oatputied o £d?/A@ONvsotarh?3. Next, the
operations of these apparatuses or system can be
RoAteanvester 283 jaenviketsoan iinpluttidsdigited taardioarighaltsuirgd
as described so far, digital 35
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 overall
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
memory 101d of the DSP 101 are constituted by nonvolatile 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 variable amplifier 14 are genérated 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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audi o signals reproduced by the optical disk
reproducer apparatus 102 can be appropriately
band- ext ended by the DSP 101 and then reproduced by
the left and right | oudspeakers 105a and 105b,
respectively. 5 As described gg far, according to the
present preferred enbodinent, the respective
processing steps in the configuration shown in Fig.
1, 12 or 14 are realized by the signal processing

DAY FFhbN rePoRRIEIGy the ARG fisk h@p%&h&ﬁé}%ﬁtaﬁgs 102

and the signal processing programis executed

Pl tely Ghfd-dten@eQBFHROIDSP 107 $ndQhen

1
possi bl'e t 0 easi’ly upgrade versions for adding

R ey g R g T

[ . ocessing program and data for executing the
I%P%g?gﬁgl'y be stored in the programnmenory 101p and

the data tab 101d,. tively, 15
advariat CE0F RGO Ry PR OH B Op GBS R R e el .

bel t he. si | p. [ d.th
RPROTEnL AT SRPEHE PHORSSPIR SRR e SR aRtiom shown
ufieal ThoF d3 ot Gyt Ty (hp el RRaSRoaine, Bragrgm 1or
i ncl udi n roller such as a conmputer or the I|ike,

GantiRe Joe Pogibal teaapriy Pignalaando e mapabeTerereae

in the program nenor 101p and the data table nmenory
RIPRHaw) mﬁaﬁew@dﬁsptﬂlgﬂsﬁ’ dédeshowal i Figsjld.aAccordingly, it is
external interface 106. In the present preferred
rogsablentneasibhupRsrdd gersisnefpt eyiding fupativas oftthe signal
present inventionis not limted to this, and a
pmressirgprdgnam 2hdafadi dghaggiogl cul at or such as a
m cro processor unit (MPU) may be 36

In the present preferred embodiment, the signal processing

program and data for executing the program may be stored in the
program memory 101p and the data table memory 101d, respectively,
in advance during a manufacturing process. Alternatively, as shown
below, the signal processing program and the data for executing the
program which are recorded in a computer readable recording 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 within 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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enpl oyed. | NDUSTRI AL APPLI CABI LI TY As described so far
in detail, according to the nethod or apparatus for
extendi ng the band of the audio signal according to
the 5 present invention, a higher harnonic wave of an
i nputted audi o signal having agpredeterm ned band is
generated based on the inputted audio signal. An
anpl i tude of a generated hi gher harnonic wave of the
audio signal is nodul ated according to a band signa
daplfe@ predeterm ned bandwidth so as to generate an
anpl i't ude- nodul at ed signal. A 10 generated
AL kgnal i s bandpass-filtered using
%. pPEgggégﬁfﬁggaﬁgﬂggggs characteristic and
out put & EQeSQ&BQ&d%S%ér f Ht %Faal,a L:b}(ﬂji%%%d%lh%t g'gethod or
ed’audi o SI an

signal is added to the inpu nal ,” an

4 35 0 B e BRRA E2ha Rl Bebhfns o tne
R e R S 5, e o
L I R N e

audi p signal according to the band signal, is added .
s8nehe A amlétal%af 8 gsmgrared haglahagmpnic prayesof the audio

possible to easily generate an audi o signal having an

dgnahsegnodulaied Aasarding te enband signah heying e predatermined
In addition, the band- extended signal obtained by the

kamdwidide sdas ate ogertraigesn mopligudg-modalatede|sighal. A
an original sound and keeps its spectral continuity.
garuoatéd gayplithclenptodedated apigaabt iss eoudpaksifjlteced hasing a
present invention has such a advantageous effect that
prieeleheghare Ddridpprenchacaoroinid aofd thephatetd.exAebadedipass-
signal sounds not artificial 37

filtered amplitude-modulated signal is added to the inputted audio
signal, and an audio signal having an addition result is outputted.
Therefore, according to the method or apparatus for extending the band
of the audio signal according to the present 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 band-
extended signal obtained by the amplitude modulation changes
according to a level of an original sound and keeps its spectral
continuity. Accordingly, the method 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



but natural relative to the original sound. LLOYD W SE
38 CLAIMS 1. A nethod for extending a band of an
audi o signal, said nmethod including the steps of:
responsive to an inputted audi o signal having a
predeterm ned 5 band, generagyng a hi gher harnonic
wave of the inputted audio signal; generating a
random noi se signal; generating a first nodul at ed
signal by nodul ating an anplitude of a generated

bi g hatubar faiice W6 tBe Fridingl abdhd. si gnal according to
the random noi se signal; 10 bandpass-filtering a
generated first nodul ated signal using a

predet ermi 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 signha
having an addition result. 15 2. The nethod as
claimed in claim1, further including a step of
changing a | evel of the random noise signal, prior to
said anplitude nodulating step. 3. The nethod as
claimed in claim1 , further including a step of
changing a | evel of the bandpass-filtered first
nmodul at ed signal, prior 20 to said adding step. 4.
The nethod as clainmed in claim1 , further including a
step of changing a |l evel of the random noi se signal,
addi ng the random noi se signal having a changed | evel
to the first nodul ated signal, and
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outputting a resultant first nDduIated signal to said
bandpass-filtering LLOYD WSE 39 step, said | evel

changi ng step executed after said anplitude nodul ati ng LLOYD WISE

step and prior to said bandpass-filtering step. 5. The

met hod as clainmed in claimlggherein the step of

generating the higher harnonic wave of the audio

signal includes a step 5 of generating the higher
GBRARMGI ¢ wave by performng a non-linear processing on

the inputted audio signal. 6. The nethod as clained in

cl ai nl.1 A whethedrfos ixdemdingombagics of ahgnadiogdpanitdaid method
step includes a step of generating a noise signal

inaWidighgthec St @t i on with the inputted 10 audio
signal. 7. The nethod as clainmed in claim1, wherein

sai d Ire@?%@imossnsh mtecgaﬁaiagiga&maaﬁng%bk&f&eﬁmned
step of generating the noise signal based on the

TRt é@rﬁ’er@lﬂﬂiﬁa%igfi@f haBmokie WRId8e (18 il%lgft@adaﬁcﬁ‘io signal;

claim6, 15 erel'n said random noi se si

' : ' : . eps of: generating a
gener dé}atﬁlgez? gﬁggll_)rr}s ﬁ?léehﬁgn%tl .

predet er m ne or ned noi se signal;

cal C%e’q{ég%gm@;a %?§PH8&1‘5%&‘ %@%‘%ﬁ %F&i&%%%&ngh:aemplitude of

si gn enerating a noi avin

£ oA BP0 PO Tl A28 o e
BrEEEHN Setom noi S0 s anal as Che random noi So°

i gn%angpagshﬁlt%?fnhgog g%%e%taeicpﬁ(rjsti rrr]lo(c::llu ciql{gdzsignal using a
predetermined bandpass characteristic and outputting a resultant first
modulated signal; and

adding a bandpass-filtered first modulated signal to the inputted
audio signal, and outputting an audio signal having an addition result.

2. The method as claimed in claim 1, further including a step of
changing a level of the random noise signal, prior to said amplitude
modulating step.

3. The method as claimed in claim 1 , 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 claim 1, further including a step
of changing a level of the random noise signal, adding the random noise

signal having a changed level to the first modulated signal, and

outputting a resultant first modulated signal to said bandpass-filtering
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wherei n said random noi se signal generating step

i ncludes the 25 steps of: LLOYD WSE 40 generating qL0YD WISE

second nodul ated signal by quantizing the inputted
audi o signal using either one of a delta-sigm

nodul ati on type quantizer agg a signma-delta

nodul ation type quanti zer, generating a

guanti zati on noi se signal during said quantization; 5

stepcyhfit l6vgl ehadlphod ytep vrétigtedf aftegeart aigslitude modulating
quantl zation noi se Si gnal and gener ati ng a nol se

Stepnatd paine sdia Bhsebate it@iuay sansl | ow pass

filtering the noise signal having the absol ute val ue

usi ngs a ARIg{RHBHNRACIOMtepBRSclahdy BCivlckeid the §ﬂé¥) of
outputting a resultant random noi se’signal as th

éﬁ&g%@ﬁhﬁﬁ%arﬂgn@wa;Q f gﬁ}s% §2s1 chal Mu'dgs a step

claim9,” wherein said addi ng ste sastepo
A28, 3AEH PRI PAROEL o TR Bl B
e e

v ng The net hod as
cl ai THL cI urtger |ncluﬂ|ng a step of

chang ng a h??‘%%g?g@F r?%?%&nl a hi gher frequency

side of the ndpass characteristic

for e‘%{lsﬁ“arln?@ ﬁé%nafmaﬁe Sty Hrraftesslen efudes'd step
aratus conpr.isin a hi gher harnoni ¢ way

S Gpling 8 aus Sdie! Junanauiingom o gt mithghadAputied

wave of an inputted audio signal having a

‘%}ﬂ@@eﬁlgflﬁi-ned band based on the inputted audio

Si gnal
. The method as claimed in claim 1,

wherein said random noise signal generating step includes a step
of generating the noise signal based on the inputted audio signal.

8. The method as claimed in claim 6,

wherein said random noise signal generating step includes the
steps of:

generating a predetermined randomly formed noise signal;

calculating an absolute value of a generated noise signal, and
generating a noise signal having the absolute value; and

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

9. The method as claimed in claim 7,

wherein said random noise signal generating step includes the

steps of:
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a random si gnal generating device for generating a

random noi se signal; LLOYD WSE 41 an anplitude LLOYD WISE

nodul ati ng device for generating a first nodul ated

signal by nodul ating an anplitude of a generated

hi gher harnoni c wave of the4 udi o signal according to

the random noi se signal; a bandpass filtering device

for bandpass-filtering a generated 5 first nodul at ed

Si gnagenttiafihgfa peedat ahbinescdasignas by diad@ciol gid mputted
and for outputting a resultant first nodul ated signal;
andicesigaddiien g ewhe? Jril oPH dHelth-8iAA 3RaasIdtidd 8y sé

first nodulated signal to the inputted audi o signal,

GEnfi9ér aﬂapyfsfg;rrﬂa-@at@H%&Jﬁkwlfyaqé;g&ﬁaz@ﬁ Miﬁ%.hgpating

result. 10 13. e apparatus as c din clam
had ' ngi:ng.devi ce
LS R PRSI Aghal il EELLARRANGE, TEY | o

dul ati ' i ; ! _ .
T A5 a0 L LSl AL 8o

AN and den TP ARAERLE BRa Ak IR LA e ne
P R e Vo058 S50 S 200 BPVLER woing

Ehan [ of the bandpass-fi|tered first

ng a level

FBAEH SRR IBRgIN-PASs CRREASISE TR, ACheULP R & fesultant
clajm12 , further conprising a. |evel changing device

THPIaf Sigfealshblag Gandost AgiscriEsald 20 anplitude
nodul ati ng device and at the previous stage of said
bandph@s-Fhq methad afediadmed iguelaime9el changi ng device
capabl e of ~changing a |level of the random noise
si gnaWhegriai sajdiaddingrstemineiwdes a step of adding the second

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

11. The method as claimed in claim 1 , further including a step
of changing a cutoff characteristic on a higher frequency side of the
bandpass characteristic.

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

a higher harmonic wave generating device for generating a higher
harmonic wave of an inputted audio signal having a predetermined
band based on the inputted audio signal,;

a random signal generating device for generating a random noise

signal,;
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signal having a changed |evel to the first nodul ated

signal, and bandpass-filtering a resultant first LLOYD WISE

nodul ated signal. LLOYD WSE 42 16. The apparatus as
claimed in claim12 , wherein said higher harnonic
generating device is configuqu to generate the higher

har noni ¢ wave by perform ng a non-linear processing on
the inputted audio signal. 5 17. The apparatus as

cl ai ned amplitedemdddulahigigetavisai thrr gorcaating & €irst giedulated
generating device is configured to generate a noise

siggadbyhavtogating eer agiplituele ¢Pa gfetdedt hipthe2UtH@nonic wave
signal. 18. The apparatus as clainmed in claim12, 10

thefeehtid fRbignad 2EeBT digis® BldaRahdEeNahRkl figndevice is
configured to generate the band signal based on the

| nput4 o Rl 13 d P ARSI ' dt8
cl ai rr%%% V\hesgei Iﬁ&gg{gd e}g%edg?n r}i%“l S a%%gngﬁﬁggnagggrt‘i?rngt d

ﬁix%\firﬁgdhweﬁdﬁggﬁgbl% %gerfﬁggt&qﬂﬁ{@f %gggﬁaﬁg lcbagacteristic,

predet erm ned nol se

A o pbbuig e A A AR AR $80l . i gna

a
genera nol s S gn genera a noil

[ : I | ue; ice,f I
frt et SR AL RS ﬁ?ezé‘ﬁgﬁa%mgﬁ%'@?-ﬁgt#%s fit5h Sapaplated
A ' d 1. acteristic, .
SRhE Dhf ol P SRS YRR B PO B siena
t he band signal . Zg{ The apparatus as clained in
%?Qpﬁﬁf%,%mﬁ%?ﬁﬂﬁsg d random noi se signal generating

[ [ des: : .
devi “f 3.I n(;[lhue aelsparatus as claimed in claim 12, further comprising a
p g

first level changing device provided at the previous stage of said
amplitude modulating device , said first level changing device capable of
changing a level of the random noise signal.

14. The apparatus as claimed in claim 12 , further comprising a
second level changing device provided at the previous stage of said
adding device , said second level changing device capable of changing a
level of the bandpass-filtered first modulated signal.

15. The apparatus as claimed in claim 12 , further comprising a
level changing device provided at the subsequent stage of said
amplitude modulating device and at the previous stage of said
bandpass-filtering device , said level changing device capable of
changing a level of the random noise signal, adding the random noise
signal having a changed level to the first modulated signal, and

bandpass-filtering a resultant first modulated signal.
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a device for quantizing the inputted audi o signa
using either one of a delta-sigma nodul ati on type

guanti zer and a sigma-delta LLOYD WSE 43 nodul ati on LLOYD WISE

type quantizer to generate a second nodul ated signal,

and for generating a quantization noise signal during

sai d quantization; a device for calculating an

absol ute val ue of a generated quantization noise

si gnal6. arthgappasdtutgas chdise] & ghdn hav) whetdie sdid higher
absol ute val ue; and a device for |owpass filtering

haemonicgesegitalg Havicedstdonficabieal tel gerverabe tHe iHigher
predeterm ned | ow pass characteristic, and outputting

RarAsid dRleNgerforRiisg aSh@ﬁalhn@e& bhf‘cers@mig) Hh”@iesﬁ‘q utted
signal. 21. The apparatus as clainmed in claim?2 (53

g\ﬁ@foe@gnggl d addi ng devi ce adds the second rmdul at ed
signal -, instead of the inputted audio signal, to the

bandpgss- iild 8p8 gréﬁfs%s R pLedAhpRal . and out puts

an audio S|gna aving an addition resuft 22. The

gppar‘g leelﬁs hhdik@ls g‘rgzglf%er{ lrl'ﬁtulﬁg%%?g? £d %bﬂﬁgured

evi ce or C angli ng a ara

R I s R T

t;t)rgd | ncI uding the follow ng steps of: responsive
84 i nputted audi o si gnal having a predeterm ned

band, , generati ng a hi gher_ha nic vvav of t he
i nputltgd G %pg%ﬂéds aszﬁladg}?gfg} F]r?gjma andom noi se
si gnal ener atl ng a first npdul ated si gnal

b??@

modul ¥RFTgRaRId fsRidom @ aire Signpd mensrating Céfﬁfé?e is configured

har moni ¢ wave of the audi o signal according to the
to generate the band signal based on the inputted audio signal.

19. The apparatus as claimed in claim 17,

wherein said random noise signal generating device includes:

a device for generating a predetermined randomly-formed noise
signal,;

a device for calculating an absolute value of a generated noise
signal, and generating a noise signal having the absolute value; and

a device 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 random noise signal generating device includes:

a device for quantizing the inputted audio signal using either

one of a delta-sigma modulation type quantizer and a sigma-delta
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‘random noi se signal; LLOYD WSE 44 béndpass-fi ltering
a generated first nodul ated signal using a-

predet er mi ned bandpass characteristic and outputting a LLOYDWISE

resultant first nodul ated signal; and adding a

~ bandpass-filtered first noduka@ ed signal to the

inputted 5 audi o signal, and outputting an audio
havi ng an addition result 24. A conputer

Polaie B Y AR BH TS Fosrirgid modoPFetsigal, and
fste s of ;. responsive to an inputted audio signal
RLPERGTALBRGIBHRRZAEAN BRISE, sg@ﬁbfiaﬂr}ggswdmvgmmzatwn
har noni ¢ wave of the inputted audio signal; 10
generaafiieﬁ{?eaf?raﬁ@]@hhlfh‘éng@rsﬁ@ﬁ@luteg@i@ﬁatflmgeraelfatcdt
nmodul at ed signal by nodul ating an anplitude of a
Qeretizataen mse signalrendgereratolg ahwisadignailyndhg the
according to the random noise signal; _

pisyalud;tagrd ng a generated first modul at ed signal
using a 15 predeterm ned bandpass characteristic and
out pwt tiemigea foedowt pass filtesing tivel woaeedighiall halving RHe
addi ng a bandpass-filtered first nodul ated signal to
atBE&)lurfpuhh&dusmg:ia@@d@@mlﬂwlwm@dma@&r@ﬂ% Oand
signal having an addition result.

outputting a resultant random noise signal as the random noise signal.
21. The apparatus as claimed in claim 20,
wherein said adding device adds the second modulated signal ,

instead of the inputted audio signal, to the bandpass-filtered first

“modulated signal, and outputs an audio signal having an addition

result.

22. The apparatus as claimed in claim 12 , further comprising a
device for changing a cutoff characteristic on a higher frequency side of
the bandpass characteristic of said bandpass-filtering device .

23. A program pfoduct including the following steps of:

responsive to an inputted audio signal having a bredetermined
band, generating a higher harmonic wavé of the inputted audio signal,;

geﬁeréting a random ndise signal;

generating a first modulated signal by modulating an amplitude of
a generated higher harmonic wave of the audio signal according to the

random noise signal;
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bandpass-filtering a generated first modulated signél using a
predetermined bandpass characteristic and outputting a resultant first
modulated signal; and

adding a bandpass-filtered first modulated signal to the inputted .
audio signal, and outputting an audio signal having an addition resuit.

24. A computer readable recording medium for storing the
following steps of:

| responsive to an inputted audio signal having a predetermined
band, generating a higher harmonic wave of the inputted audio signal;
generating a random noise signal;

génerating a first modulated signal by modulating an amplitude of
a generated higher harmonic wave of the audio signal according to the
random noise signal;

bandpass-filtering a gerierated first modulated signal using a
predetermined bandpass characteristic and outputting a resultant first
modulated signal; and

adding a bandpass-filtered first modulated signal to the inputted

audio signal, and outputting an audio signal having an addition result.



