SI GNAL PROCESSI NG DEVI CE BACKGROUND OF THE | NVENTION Field of the Invention
The present invention relates to a signal processing device for performng
processi ng on, for exanple, audio signals etc. in the formof digital data.
Desgription®f the Prior Art Wth, for lexanple, various digital audio

pl ayback equi pnent such as conpact disc (CD) players or DAT (Digital Audio
Tape recorder) etc., when an audio signal read out froma disc as a digital
signal is converted to an arftAPPaudROCESTHNG PEVHIRE digital audio signal

is provided to a D)A converter without nodification to obtain an anal og
signal, it is known that a OAROASHt ~RFE in an audi o band
cogponent determ ned on thegﬁggggagpﬁtﬁg ?@%8? Fhé 0 di a sanpling frequency
is then adggg%aqbéfgﬁé Falagi;aydio signal. It can then be understood that a
so-cal l ed Cy€lrc frequency conponent and a so-call ed mappi ng conponent for
a baseband conpgRgnby SAHIDE rREBEESECHeldt s RN gligAal rembeinghigelibe an
I nt eger nunber of tinmes the sanpling frequency. If this kind of cyclic
frequency gegppeeférming @rodedstiig andi forsiggnnplehi alidis samuld edd.oian

anal og signal, it is possible that internodulation distortion will occur

at, for exahpl Borm @OwHigiaapl datar for anplifying an anal og audi o si gnal
2

Description of the Prior Art

With, for example, wvarious digital audio playback equipment
such as compact disc (CD) players or DAT (Digital Audio Tape
recorder} etc., when an audio signal read out from a disc as a
digital signal is converted to an analog audio signal, if the
digital audio signal is provided to a D/A converter without
modification to obtain an analog signal,.it is known that a
baseband component present in an audio band component determined
on the basis of the recording meéia sampling frequency is then
added to this analog audio signal. It can then be understood
that a so-called cyclic frequency component and a so-called
mapping component for a baseband component can be expressed in a
band of a frequency which is an integer number of times the
sampling frequency. '

If this kind of cyclic frequency component is left in the
audio signal which is converted to an analog signal, it is
possible that intermodulation distortion will occur at, for

example, a power amplifier for amplifying an analog audio signal



or a speaker for outputting the audio signal, with the audio signal then
not being provided in an appropriate manner. In reality, this kind of
cyclic frequency conponent can be renoved. In one well-known nethod, a
digital ifi | €r having a | ow pass band #ilter characteristic where baseband
bands only are allowed to pass but cyclic frequency conponent bands are

bl ocked i id bef t DA t . The, fil teristi

can theg BB PSRARETo, Heid PIHAT |10 SIS THPUS orheRi oot ReLe "
bit-I th: fd ¢l fEicl s ' that th
c;clign?rga%%%%Sa%%%g%ﬁg%%Sgénﬁgév%%%%ééﬁgﬁoggéhgg%ggﬂgﬁmég%ggtSgs pgssibfe

at this dioitakof pLiescy eyl bhen@ihcob berAlgidly AiRrkdnehn be

outputted fromthe digl ter 1s determ ned e bit length of the

di gital agdimdveldonaln idHtyE ighdwie fiidal 4 idigitandeibeecopatisgeat bit
| ength. Therefore, if the bit length of the digital filter coefficient is
made | ar géowspadesc bapdd faleee, dhagakiteriengthwhérthbagebhhdl batudsoonlignal
outputted fromthe digital filter also becones |arge but there is sonetines
a case i nawe ciildwedito |mamg hbwf ¢hel but fueqaeney ofonhenenyi bahd$i krer
becones larger than the bit length of a following DJA convester. In this
case, a s&legkpddis rexaidides beforeridee P PoLoRERTERE t he bit | ength of the
output of the digital filter correspond to the bit | ength of the E%A
converter is caPfFi &dib6E SPaFﬁ%t?ﬁiﬁﬁlgﬁeﬁﬁP(ﬁiqql DARRTONGS £ WeK8Hch a

manner th?ﬁugo%iiﬁ%gplgrder large or making the bit-length of the
coefficient set for a coefficient unit large so that the cyclic
frequency component can be removed to as great an extent as
possible at this digital filter.

The bit length of the digital audio signal outputted from
the digital filter 1is determined by the bit length of the
digital audio signal inputted to the digital filter and the
coefficient bit length. Therefore, if the bit length of the
digital filter coefficient is made large as described above, the
bit length of the digital audio signal outputted from the
digital filter also becomes large but there is sometimes a case
in which the bit length of the output data of the digital filter
becomes larger than the bit length of a following D/A converter.

In this case, a so-called "rounding-off" process of making
the bit length of the’output of the digital filter correspond to
the bit length of the D/A converter is carried out at the input

stage of the D/A converter in such a manner that for example,



3 the lower-place bits of the output data of the digital filter are

di scarded. However, the above-described nethod involves a problemthat

i nformation for the original digital audio signal data is m ssing,
resulting in the occurrence of re-quantBzation errors which is detrimental
to the quality of the audio playback. SUMVARY OF THE INVENTICN In
consideration of the aforenentioned prior art grobl 'é aﬂ ?bigct of
the presentRfniENEF oRl2ee oBigs noh EP@nQPtB?Bc@ 5#ng dE@?c lﬁhF% §*t5pabl e
of |nprOV|ng %e d- back audio in, for exanple, digital audio playback
devi ces anf*&t¢t %%F ninating the occurrence of re-quantization errors.

A di t |
devi ce. provi dech ST G PRPUP TESFtoad KA  nbPies IR RCFRSE D,
pass thr Ougﬂf@rﬂt%%i%hl bf‘é%]f Eg IQ{}.;%/ Jﬁ?&ﬂg a1 Jﬁagl gi,jﬁd aggbgglcw tgg for

converting an output of filter to an anal og signal, the
ef fective pukBYhgbi tebeDgifg ointﬂee b @idaberidd I6F resa@intipataohe eegoak to
or less than the processing bit |length of the digital/anal og converter
whereby a pheeRsss kiesyirRmtalovadiing @fdflityheEethdeadsiio lpdagbhckf the
output of the digital filter is nade snall IS no | onger necessary at the
stage precedi ng the digital/ akdtM¥gREQ i (INYVEHTIGN quant i zation errors do
not occur. BRI EF DESCRI PTI ON OF THE DRAMVNGS
In consideration of the aforementioned prior art problems,

it is an object of the present invention to obtain a signal
processing device which ié capable of improving the played-back
audio in, for example, digital audio playback devices and etc.
by eliminating the occurrence of re-quantization errors.

According to one example of the present invention, in a
signal processing device provided with a digital filter for
making an inputted digital signal pass‘through a prescribed
frequency band and a digital/analog converter for converting an
output of the digital filter to an analog signal, the effective
output bit length of the digital filter is set up to be egual to
or less than the processing bit length of the digital/analog
converter whereby a process known as "rounding off" where the
bit length of the output of the digital filter is made small is
no longer necessary at the stage preceding the digital/analog
converter and re-quantization errors do not occur.

RIEF DF IPTION OF THE DRAWIN



4 FIG 1 is a block diagram show ng an outline of the structure of a CD
pl ayer to which .an enbodi nent of the present invention is applied; FIG 2
is a circuit diagram show ng an exanpl e 2f a digital filter formng a

si gmal processing device according to an*enbodi ment of the present
invention; and FIG 3A to FIG 3C are illustrations of the bit |ength of

th t put of - lic digjtal filter. SCR! PTI E

ENBCDI MENT The TEF1 ot ntf | & aoHeSk  BSEEEAT TR BHer Shod 5 G OF (0°FI G
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Frrot, “theo PERRPRES o8 70 tRE o VA, R GBoRinhe BEPRS phoKpRL! On
digital fikLes @MFi@eaBb ibgngth of data outputted by the digital filter

will be descrl%ed with re?erehce to FIG 3A, FIG 3B and FIG 3C. FIG 3A
shows a general p@N-EY1d iL dirgul 8l aladtHs shofiiel b éRmplaF lasddgital
secondary digital filter conprising two delay circuit stages Da and Db,
coef fi ci enfilmietrs fermihy aad Gogread proaddsing. dewitdwer acthedingndics amd
the coefficients are in two (2)'s conplenent formand determ ned according
to a posit enhaflimepr esferthat puessystimmentdlont handt he nmaxi mum negat i ve
coefficient value thereof becones -1. For exanple, if the bigt |ength m of
the input data XE€rrBAi hpuFISd 39 ave Hlhittwrationseoishdmmdis grPRItBACES

taken to be m .
the output of a non-cyclic digital filter.

DESCRIPTION OF THE PREFERRED EMBOD

The following is a description with reference to FIG. 1 to
FIG. 3B of an embodiment of a signal processing device of the
present invention.

First, the relationship between the bit length of data
inputted to the digital filter and the bit length of data
outputfed by the digita?® filter will be described with reference
to FIG. 3A, FIG. 3B and FIG. 3C.

FIG. 3A shows a general non-cyclic digital filter, which in
this case is a secondary digital filter comprising two delay
circuit stages Da and Db, coefficient units Ca, Cb and Cc and an
adder A. Further, the signals and the coefficients are in two
{2)'s complement form and determined according to a positional
representation system such that the maximum negative coefficient
value thereof becomeg -1. .

For example, if the bit length m of the input data Xy

inputted to the digital filter shown in FIG. 3A is taken to be m



5 bits and the bit lengths of the coefficients ka, kb and kc for the
coefficient units Ca, Cb and Cc are set to each be n bits, the effective
bit length of the output data y[err] of the digital filter obtained by
usi ng the adder A to add the nultiplicatd on outputs y[err], y[err] and
y[err] of each of the coefficient units Ca, Cb and Cc can be known to be m
+n - 1. Nanely, the effective bit length of the output data for the
digital fibies en@ beedeterhensthesphgthaccorfficippls diat he ahtflaksi A%l

inputted to the digital filter and the bit length of the coefficients of

t he coeffiEh%nEOﬁﬁg%gl?’b? WRECRi Gt 1 PF‘IdtgF.ag%rls_%‘f(aﬁBI BaCR{PEnR BiEs

and-t e cobhFi SPERFERTE (it Htossh o s Bt ehrPlr odpth xR ke B a1,
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taten to bESPEr OBk i My [Hid el BdRE W o e e n e B EOr PR |

(the mul ti ghitsats Op,, 0wt PehE ¥ & kackl 8T théntbeffidikndr ansboV0a CQ¥DEAGD as
y[err]) is data having an eight-bit bit length. In this case, this is the

out put dat e Yok ®t atdieh bio agdi RO + he nuhiti maneadli, ottt @ffsciyiverbit
ylerr] and y[err] for the bit |lengths of each of the bits. This data has an
effective hehghtingdfh ahed butputwWidatn | Sorheclmandigithdr fhetenl tdepl i bati on
out put shown in FIG 3C because the nunerical value is expanded at the
| oner or defietermimedyusisantihaghopelengtdn ofNdhs Patehsigngll dnguktef the
output data y[err] can be calculated to be m+n - 1=6+ 3 - 1=28
the digital filter and the bit length of the coefficients of the
coefficient units for the digital filter.

For example, if the bit length of the input data xyy is
taken to be 6 bits as shown in FIG. 3B and the coefficient kn
(in FIG. 3B the coefficients ka, kv and ke are shown together as
the coefficient kn) for the coefficient units Ca, Cr and Cec is
taken to be 3 bits as shown in FIG. 3B, the multiplication
output vy, (the multiplication outputs yg, y1 and y; are shown
combined as yn) is data having an eight-bit bit length.

In this case, this is the output data yoyr obtained by
adding the multiplication outputs yo, yi1 and y; for the bit
lengths of each of the bits. This data has an effective bit
length of 8 bits, which is the same as for the multiplication
output shown in FIG. 3C because the numerical value is expanded
at the lower order columm by a summing operation. Namely, the

bit length of the output data yo,: can be calculated to be

m+n-1=64+3-1=28



6 inthis case. FIG 1 is a block diagramshow ng the outline of the
structure of a playback device equipped with a signal processing device of
the enbodinent. In this case, a description is given with the signal
processi ng device of the enbodi nent appléed to a CD player taken as a

pl ayback device. In FIG 1, a disc 1 is rotatably driven by a spindl e notor
(not shown),, th recordlng data being read out by a pick-up 2. Necessary
proce55|ng1§bm%1§sciﬁ$ﬁdecodlng and error correctlon are perforned on data

d t f t 1 at t back t.h_th |
Lhas baing orovidsy of e 88 ﬁaa%f%‘é SRR 2End; el E ofE! |
t hi nbod b i f
signal ot &%@%&u?ﬁo%h%%%%  PRgRLL el RPNt §hb§;e% fatlfhddtssiig ©
With this beivige Qe b'eﬁb%&ﬂeﬁtsaf@'tﬂﬁsféé‘é’é‘erhpﬁégcrfﬁ)no% 1k @Hz;enThe '

oversanpl ing/LPF area 4 is constructed, for exanple, froma non-cyclic

digital fildieh ther 8ignlVefseigdding BevDes fof etk eabbAtmenpUABEILeal gt al
audi o signal, cyclic frequency conponents are renoved fromthe digital

audi o si gnapD playybe taken pasw blhiPackgiepereati on and a process for

extracting source signal conponents of 20 kHz or |ess based.n the CD

format is carridgh §IG. As asdiwet|lkimwptabeblyadplivey beansspindlevmertox

digital audio signal is played back, the width between the lower limt
{not shown)}, with recordlng data being read out by a pick-up 2.
Necessary processing such as EFM decoding and error correction
are performed on data read out from the disc 1 at a data
playback processor 3, with the signal then being provided to an
oversampling/LPF (low pass filtering) area 4.

In this embodiment, a bit length of 16 bits is adopted for
the digital audio signal outputted from the playback data
proceésor 3 based on a CD format, with this being compatible
with a sampling frequency of fs = 44.1 kHz.

The oversampling/LPF area 4 is comnstructed, for example,
from a non-cyclic digital filter. First, oversampling is
performed on the inputted digital audio signal, cyclic freguency
components are removed from the digital audio signal by the low-

pass filtering operation and a process for extracting source

signal components of 20 kHz or less based on the CD format is

carried out.

’

As is well known, oversampling means that when a digital

audio signal is played back, the width between the lower limit



7 of the cyclic frequency conponent and the upper limt of the baseband
frequency conponent is expanded by nultiplying the sanpling frequency of
the original digital audio signal by a prescribed nunber of tinmes. It is
therefore possible to extract the sourcd signal component in an effective
manner using a | owpass filter of conparatively few stages having a fl at
group delay characteristic with regards to the base band conpopent aggea

snmoot h st opfi s&ec sicddcefirgguengyi [compa@esFc|and g HRRSE cbhpbhent
d f t digital di ' | b I filt t . f | e,
the 1ol | ovPAGeDRRGe THHMSHSY cRABRRRRER: - L PusRbrRaEdoTe: Sty T cERR e
t. In thi t b | i mt. f.Qr_ -t he i . ] .
The cycl | ¢ SPRERIETC TesieRty, Bt s hidiiat ML SR R st R,
t he Iomer,?&g%&rgg&% @Q"%fktzmeép that in reality a band of 68.2 - 20 =
0 ) %

48. 2 kHz i tal ne source signal band of 20 kHz or less is adopted for

the digital audirg signshepsfdrb! edsii®Tel N O¥REsalB! ivhd LEbusceasigaad the
sanpling frequency can therefore be pulled-up to 2fs = 88.2 kHz. Further,

t hi s out puicompondntefifrecin vafbettiesginanabr22sings dabew-wass héibker| edgt h
of the coefficient unit set up at the oversanpling/LPF area 4. The D A
converter Soupaeatively difigw al shades shgndinout put £datf r gnavie delay
over sanpl | n%/ i tarre;ataici rx]vti?:hanrear;?rldosg taOUdti,lr?e base band component and a
characteris g P
smooth stopping characteristic while the cyclic frequency
component is removed from the digital audio signal by a low pass
filter at, for example, the following stage.
In this embodiment, two-times oversampling is carried out.
In this case, the upper band limit for the source signal is 20
kHz. The cyclic frequency component band therefore becomes 88.2
kHz % 20 kHz and the lower limit becomes 68.2 kHz, so that in
reality a band of 68.2 - 20 = 48.2 kHz is obtained.
A source signal band of 20 kHz or less is adopted for the
digital audio signal outputted from the oversampling/LPF area 4
and the sampling frequency can therefore be pulled-up to 2fs =
88.2 kHz. Further, this output has an effective bit length of 22
bits based on the bit length of the coefficient unit set up at
the oversampling/LPF area 4.
The D/A converter 5 converts the digital audio signal’

outputted from the oversampling/LPF area 4 into an analog audio

signal and outputs this signal taking the processing bit number



signal and outputs this signal taking the processing bit nunber 8 as 22

bhits. The conversion speed of the DA converter 5 corresponds to a sanpling
frequency of 88.2 kHz. When a 22 bit D/A_converter is used in this

enbodi ment, the effective bit |length of Bhe di gital audio signal outputted

fromthe oversanpling/LPF area 4 is nmade to be 22 bits or less. Nanely, the

ef fect i ve il 1ongh O i SLONALLNDH! Ledelio 4o (BEA SPAVELERIork o 08 Lhe

over sanpl i ng/ area 4 is e to no e processing bit nunber of

the D/ A CORYELEEPoR dsTéue akisgﬂp?%rééLW%?OEE"S@IPQQ&S.GS necessary in, for

exanple, the re art when engfth of audio data outputted froma

digital filter {eenrgnpyivk @/2 centepEeenty @ AACBhEs extierliaknthethe
processing bit length of the YA converter for the follow ng stage are no

| onger necef¥acyigadbitabéngitt i@ g digidalnatdbe caigndletertipprtdieidofiron t he
anal og audi o signal outputted fromthe YA converter 5 in this enbodi ment
due to theddeqguartssatp inefFRE satéar éf dise nsde beo pbev &t &l tthder héegdi o

quality of the played-back audio signal can be inproved accordingly. As
descri bed iNemelg, Ihet effpctive, bikelengil(of cths tsimadt HpRERd &6t S of

the digital filter is determ ned by the bit,Ienﬂth of thﬁ jmpu&{eq:dat and
the coeffi Q/@nCoBVETLERgPnfEPMt Hie HETUSAEPIARIIRFT #5P2 the* Tttt Plter .

rovever . 1 LLNSLRRE SoddlitatBee HEMer (1° cBE! o RN Sedihg ST onal

The kind of "rounding-off® processes necessary in, for
example, the related art when the bit length of audio data
outputted from a digital filter for removing cyclic frequency
components exceeded the processing bit length of the D/A
converter fér the following stage are no longer necessary and
quantization errors do not occur. Deterioration in the analog *®
audio signal outputted from the D/A converter 5 in this
embodiment due to these quantization errors therefore can be
prevented and the audio quality of the played-back audio signal
can be improved accordingly.

As described in FIG. 3A to FIG. 3C, the effective bit
length of the output of the digital filter is determined by the
bit-length of the inputted data and the coefficient bit length
of the coefficient unit for the digital filter. However, in the.
case of this embodiqgnt, the bit length of the signal inputted

to the oversampling/LPF area 4 is fixed at 16 bits in accordance

with the CD format. The bit length of the output of the



to the oversanpling/LPF area 4 is fixed at 16 bits in accordance with the
CD format. The bit length of the output of the 9 oversanpling/LPF area 4
is therefore determ ned by the coefficient of the coefficient unit for the
oversanplt i ng/ LPF area 4. An exanple of t®e detailed configuration of the
oversanpling/ LPF area 4 of the enbodinent is shown in FIG 2. The
oversanpling/LPF area 4 shown in FIG 2 uses the kind of ngn-cyclic djgital
filter shoRNersarmd NB(HRR)s anfP cdnbifesthagefare: i AECEMIBR Dy BYsakPPi ng
processor and _a,l ow pass filter for, renoving, cyclic frequency c onents.
The di gi t aFepfficier oﬁﬁiq¥qqqge§f%ﬁﬁ%q%ﬁyéhﬁ g%?cﬁ£5t88ﬁ§s%§ngR92§PFmo's
conpl enent nethgd and is an eighth-order digital filter, as can be seen
fromthe fPFE3r equi pped with delay circuits Derr] to Dlerr]. The
respective del ay,.ti or.4dh de h LGUI : eLE| set
by Ts = 1/fs (z%? 44%%%@)% aosé sﬁ% a‘%@?%gilégv\etrﬁgg[rlt%r t{)r%at%?%ip[ Z&Fu??%er ,
ei ght een cogbbbahSTind/Hrs aPkgr i) of Ockd @nbbdhent! i diRAmAtint BeG. 2.
oversanpl i ng/ LPF area 4 of the instant enbodi nent and for these units,
there are set upheos{bish@pl sn@frif eirda 1O A [in FEFREC uelsy the kiage
coefficients Klerr] to Klerr] are determ ned according to a positional

r epr esent abifonoaystyehisudigitel file arashowm negohe vérawings taret egimbiinesl

and they are set up to appropriate values, respectively, so as to obtain
such the functions of an oversampling processor and a low-pass filter

for removing cyclic frequency components. The digital filter
shown in FIG. 2 carries out calculations using the two's
complement method and is an eighth-order digital filter, as can
be seen from the filter equipped with delay circuits Di to Ds.

The respective delay times Ts for these delay circuits D1 to
Ds are set by Ts = 1/fs (=1/44.1 kHz), as shown at the lower
part of FIG. 2.

Further, eighteen coefficient units Co to Ci7 are provided
at the oversampling/LPF area 4 of the instant embodiment and for
these units, there are set up coefficients of Ko to Kﬁ?,
respectively. These coefficients Ko to Ki7 are determined
according to a positional representation system such that the
maximum negative wvalue thereof is -1 and they are set up to
appropriate values, respectively, so as to obtain such
characteristics of a low pass filter that can extract only a
source signal component of 20kHz or less and can remove cyclic

frequency components.



characteristics of a low pass filter that can extract only a source signal
conponent of 20kHz or | ess and can renove cyclic frequency conponents.
10 The ei ght even-nunbered coefficient units Clerr], Cerr], Cerr],

Jerr], derr], derr], derr], Jerr] 38d Cerr] of the coefficient units
Clerr] to (Jerr] are provided in such a manner as to nultiply the input

data x [n] with the delay outputs of the delay,circuits err] tgo Dierr]
and then provi d@hﬁh@éghﬁ‘uIeMeEI"PBE‘PPBHdoGPﬁﬁfézf%nténuﬁﬁH%P‘[:%{ eﬁl'zr'] .C“Thgsei ght

s 4T 581 G il i SIS A i S0 R,
ol 11 ol ot o GEpars oran JRHEPATS I FHES Ry ol SoR Po nae Rptt at a

x(n) shown R pFle dd1By? oRitutdl o2Udha abERR! cPBERUES e6h TUPMst Baapkarhack
data processor 3, as deScribed using FIG 1, has a bit length of six bits,

and has a gagtideg thegeuanayiph itstfoddodtiiizs tIhian iafddr dat.a Thenpight
provided to the delay circuits Dierr] to Dierr] and multiplied with seven
bit coeffi cidghnambpeed] cdef fierantsaCit hes,casf fCT,i eht, ami,t £1€] arws] and C17
Cerr]. Inthis way, as described in FIG 3Ato FIG 3C the nultiplication
out puts of mddlipdly the respdédtiventinpuit dagierinl] teadCtber fleban detpagsr o€sed
as: m+n-1=16 +7 - 1 =22 (m input data bit length, n: bit |engths
of coeffi citdg dekay gakrew tentPiurka e, and provide these multiplicatidn

outputs to an adder Az.

In this embodiment, the input data x(n) shown in FIG. 2 is
a digital audio signal outputted from the playback data
processor 3, as described using FIG. 1, has a bit length of six
bits, and has a sampling frequency of fs = 44.1 kHz. This input
data x(n) is provided to the delay circuits Di to Ds and
multiplied with seven bit coefficients ko to ki7 at the
coefficient units Co to Ci17. In this way, as described in FIG. 3A
to FIG. 3C, the multiplication outputs of each of the
coefficient units Co to Ci17 can be expressed as:

m+n-1=16 +7 - 1 = 22

(m: input data bit length, n: bit lengths of coefficients
of coefficient units)
and is taken as two's complement 22-bit data.

The multiplicat;on outputs of the 22-bit coefficient units
Co to Ci7 are provided to the adders Ai and A2 and added, as

described above, with an addition output y[nl] [0] for adder A1



and is taken as two's conplenent 22-bit data. The nultiplication outputs of
the 22-bit coefficient units Cerr] to (Jerr] are provided to the adders
Alerr] and Alerr] and added, as described above, with an addition output
y[n]. [0]: for adder Alerr] and an addi ggon output y[n] [1] for the adder
A2 bei ng obtained. These addition outputs y[n] [0] and y[n] [1] are the 22
bit data summing operation and are therefore made to have a bit |ength of
22 bits, asndeawrradsbiction puGpus. vEult bkl  fathdhey edfert AeRaimgy abdapaaent i s

renoved and the source signal is extract ed from these addition g)d.ltpg%s y[ n]
[0] and y[Rhese]adiidion OvtREtEaY Lot pvhdilng (4] a2%f gFtautaddito %8 gnal .
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respectively. At the switch SW a termnal T[err] can be alternately

swi t ched- ovgesbebnaesiber sutphed el B el nindl (Hlemns theden Bal dhdal s
t he output of the oversanpling/LPF area 4 and is connected to the input of

t he D A corverésporsdiown ﬁonaFth?glﬂ.al Swdichisigne¥er of the switch SWis

controlled by selecting the side of the term nal T[err]] on even- nunber ed

sanpl e tines anghe addition outputs y[n] [0] and y[n] {1l] can be expressed
by:

yin] [0] = ko-x[n] + k2-x[n - 1] + ka-x[n - 2] + ke-x[n - 3]
+ . . . + kie-x[n - 8]

yvin} [1] = ki-x[n] + k3.x[n - 1] + ks:x[n - 2] + k7-x{n - 3]
+ . . . + ki7-x[n -~ 8].

The addition outputs yin] [0], y[n] [1] are supplied to
terminals T1 and T2 of the switch SW, respectively.

At the switch SW, a terminal T3 can be alternateiy
switched-over between terminal T: and terminal T2. Terminal T3 is
the output of the oversampling/LPF area 4 and is connected to
the input of the D/A converter shown in FIG. 1.

Switching over of the switch SW is controlled by selecting
the side of the terminal Ti on even-numbered sample times and
selecting the terminal T2 on odd sampling times on the period of
the frequency 2fs (= 88.2 kHz) using an externally provided

switching signal.



selecting the termnal T2 on odd sanpling tinmes on the period of the
frequency 2fs (= 88.2 kHz) using an externally provided sw tching signal.
12 The addition output y[n] [0], y[n] [11 is then obtained as the out put
data provided fromthe terminal T[err] o}2the switch SWusing the period of
the frequency 2fs = 88.2 kHz. Two-tines oversanpling is carried out on

i t dat I t i f 44,1 f [ 1o th
of 16 bits at 1A AIEOLARR, AFEPE Breh br SRl difolfnEhen raitisd s g
freauency Afpd! Sl dard Kor KAUEAIERE he Likhgabieroi8 Bl SAMRY
frequency, 1S a op% ed. e cyclic frequency conponent can be renoved, the

source si gngdifARHe p¥E ACs LG 1AN ¢ radubhly dRtd L@ hekabt ai ned by using
this lowpass filter. Data of a sanpling ¥requency of 88.2 kHz with the

22-bit source sigpalticedd asiathdnpIAnYiide Gadra ildde JYA P Mefdterddraask @]
digital audio signal. In this way, an audio signal having no-re-

quanti zat i osaepYeal at s pesgldng fredulensyesioddnenkHzt b8 i bit ebendih off t he
coefficients ko to k[err] for the coefficient units Co to Cl7 are

respecti vel ¥6 thieh as e cvdrisanmplHiogd LeF, areai 4 off thei embodimentt \andthe bi t
| ength of the data output of the oversanpling/LPF 4 does not.- exceed the
processi ng BREP] Mgt FreAueney of | 9% iy 8% £ ere@rivplany tprtirige the

consequence and: Lher elor il eriddhie case Slotfle SRROUEN. EiSSuSl)©
component can be removed, the source signal can be extracted and
22-bit data can be obtained by using this low-pass filter.

Data of a sampling frequency of 88.2 kHz with the 22-bit
source signal extracted is provided to the D/A converter 5 as a
digital audio signal. In this way, an audio signal having no re-
quantization errors is possible.

In this embodiment, the bit lengths of the coefficients ko
to k17 for the coefficient units Co to Ci7 are respectively taken
as seven bits. However, it is sufficient if only the bit length
of the data dutput of the oversampling/LPF 4 does not exceed the
processing bit length of the following D/A converter 5 as a
natural consequence and therefore, if, in the case of this
embodiment, the cyclic frégquency component can be removed in an
appropriate manner, the coefficient bit-length can be set to be
smaller than 7 bits.’

Further, in the above embodiment, the digital filter

circuit block before the D/A converter 5 is an oversampling/LPF



appropriate manner, the coefficient bit-length can be set to be snaller
than 7 bits. Further, in the above enbodinent, the digital filter circuit
bl ock before the DJA converter 5 is an oversanpling/LPF 13 area 4

combhi ning the function of a | ow pass filygr for renoving the cyclic
frequency conponent and the function of oversanpling. However, it is also
possible to apply the present invention in such a manner that this circuit
bl ock is sanghyd acafilyintialg ftiblet Enntbmnoni ofii aglew pagsofigassy fiort sempying
removi ng c%’/cl i c frequency conponents. Quantization errors will then not
occur provFBemralis fresusney| comRoneit e shephrnekiemefiqyarsemplingr

e sanonyehe By O HEC s e b AP oS, BFSenE greeBRion’ 18"
in the sant o EREP o 86, pRESEnE " |
cqui prent. Eiek 23 RECE sk bAFE LR-AR RO RR Bt OF S 3480

enbodi ment : I | | BRI Vi-Cg$ N
t he pl ayi ngyﬁgglkgg%%aflgo%?%pﬁ%és@%ff%%ﬁ%x?a@rdg a. As'gggg%rqi Eed gﬁ%\ég’cyt he

si gnal proegmpbRendsyi ggaRtitiiei HheeLPbrs WEDNL | BRehSnéBNBEEUE! BHokAdstgh a
manner that the bit length of the digital filter renoving the cyclic
frequency chapotientbiof lidherthl agbsh& catputard eler diyivgl t fiel tsotdoess nghal
conponent does not exceed the processing bit |length of the D/A converter
connect ed escedd fle mwicegsinggbitl|length hef déher §ollowing D/A converter,

in the same way as for the above embodiment.

Moreover, the present invention is by no means limited to
applications with the digital audio equipment such as the CD
players or DATs etc. shown in the above embodiments and can also
be applied to signal processing devices used in the playing-back
of various kinds of digital data.

As described above, the signal processing device of the
present invention is constructed in such a manner that the bit
length of the digital filter removing the cyclic frequency
component of the playback data and extracting'the source signal:
component does not exceed the processing bit length of the D/A
convertér connected to the following stage. It 1is therefore
possible to eliminate re-quantization errors and improve the
audio quality of played-back audio when the present invention is

applied to digital audio equipment.



possible to elimnate re-quantization errors and inprove the audio quality.
of pl ayed-back audi o when the present invention is applied to digital audio
equi pnent . 14 WHAT 1S CLAIMED IS: 1. A signal processing device
conprising: digital filter neans which indludes a plurality of coefficient
units and which nakes an inputted digital signal pass through a prescribed
frequency ;. .an Mol anal og converting neans for converting an

out put of ?@ﬁgléggngp%##ﬁ?gf nmeans to an anal og signal, wherein the
effective output, bi ngth of said digital filter means is set up to be
equal to, or | et%S' tha%?gr?eﬁjg pgroggggép%gg%\ﬁcq ERGPRLE17%4ai d di gi tal / anal og
converting neangys 42. AeSi Ss| evi rdin .4l

wherei n when t hgligﬁ&?tl bff'?llggﬁjgtﬂégﬁgs;ffégﬁl giltrgflﬁ%%e% [ gﬂr#g?d“We%f
coef fici entedaififical ; f | | Gl R [ 135 &0 he .

ef fective out put b??ﬁ?éﬁg?%gg%ugé?%ﬁﬁgg§§§%éf?*tgbp?gtééppggggaabslﬁpiln -
1. 3. A PagzakthpoagRSS i i stavined 8s6QIEHRY vhadad ahdn 2, wherein the input
bit length of said digital filter and the coefficient bit |ength of each of
sai d coefficientlighted/anslseleeivedtiagheedns iy addvereidg 4espaghitvelfy.

4. A signa&ﬂgrgcgssing devi ce according to (laim1, wherein said digital
filter mear®ids dpgdbalietiMiarh meanpl togan analog signal,

-
—

wherein the effective output bit length of said digital
filter means is set up to be equal to, or dless than, the
processing bit length of said digital/analog converting means.

2. A signal processing device according to Claim 1,
wherein when the input bit length of said digital filter is m
and the coefficient bit length of each of said coefficient units
is n, the effective output bit length of said digital filter is
expreésed bym+n - 1.

3. A signal processing device according to Claim 2,
wherein the input bit length of said digital filter and the
coefficient bit length of each of said coefficient units are
selected to bem = 16 and n = 7, respectively.

4. A signai processing device according to Claim 1,
wherein said digital filter means is provided with sampling
frequency converting means for multiplying the sampling

frequency of said ingutted digital signal by a prescribed number

of times.

A



frequency converting neans for nmultiplying the sanpling frequency of said
inputted digital signal by a prescribed nunber of tines. 15 5. A

si gnal processing device according to Claim4, wherein the nunber of tines
by whi ch: t he sanpling frequency of said ngputted digital signal is

multiplied is selected to be two. 6. A signal processing devi ce accordi ng
to daim4, wherein said digital filter nmeans conpri ses: Ilng f requency
converting neans forAcdmﬁnﬁlngrpﬁ@S§aﬁﬁhdﬁYXQ%mﬁ@ﬁ@ydéﬁgséﬁﬁ Chpdm &

digital nal by nultl ing it R redeternlned nunbper; and a | ow pass
filter for%f éﬁﬁﬁ Pﬁe&&éﬁEyQXOWBbﬁBnF ?r%ﬁ?@%&?gl?ﬁﬁﬂq%ﬁFXH it al

si gnal . ocessl deV|c accor gl n sai d
sanpl i ng fr%ﬁﬁﬁa%%bg%ﬂsi ﬁ}%bt%gaﬁkg?% ﬁ%n@ggkﬁﬁél?ﬂelga i%%& uéﬁ%y
of said inpysfyed digital signal by multiplying said sanpling frequency by a
prescri bed nunber of times and said |owpass filter for renoving the cyclic

frequency conponrent ares£onsirgebedsBYng VYS! hecah@ihdl €61 b8aim 4,
wherein said digital filter means comprises:

sampling frequency converting means for converting the
sampling frequency of said inputted digital signal by
multiplying it by a predetermined number; and

a low-pass filter for removing a cyclic freguency component
from said inputted digital signal.

7. ' A signal processing device according to Claim 6,
wherein said sampling frequency converting means for converting
the sampling frequency of said inputted digital signal by
multiplying said sampling frequency by a prescribed number of
times and said low-pass filter for removing the cyclic frequency

component are constructed by a non-cyclic digital filter.
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