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TITLE OF THE INVENTION:
Method of and apparatus for interpolating digital
signal, and apparatus for and method of recording

and/or playing back recording medium

TECHNICAL FIELD:

The present iﬁvention relates to a method of and
apparatus for interpolating a digital signal, and more par-
ticularly to a method of and apparatus for interpolating a
digital signal which has been digitized with a small number

of bits.

BACKGROUND ART:

Recording/playback mediums such as CDs (Compact
Discs), DATs (Digital Audio Tapes), etc. and digital audio
broadcasting services such as satellite broadcasting serv-
ices have heretofore been put'to use as means for digitizing
and transmitting audio signals (the term “transmission” used
herein includes recording and reproduction of signals). 1In
such a digital audio transmission apparatus, it has been
customary to convert an analog signal into a digital signal
according to a prescribed format including a sampling fre-
quency of 48 kHz, 44.1 kHz, or the like and a number of
qguantizing bits such as 16 bits.

In the conventional digital audio transmission

apparatus, the number of quantizing bits for digital audio
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signals generally governs the dynamiC”faﬁﬁe bf“éﬁdlo‘%lgnals
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to be demodulated. For transmitting audio signals of higher
sound quality, therefore, it is necessary to expand the num-
ber of quantizing bits from the current standard of 16 bits
to 20 or 24 bits. Once a format for signal transmission is
determined, however, since the number of quantizing bits
cannot easily be expanded, it is not possible to produce
audio signals of higher sound quality from the digital audio
transmission apparatus.

One process known as XA (sigma-delta) modulation
for digitizing audio signals has been proposed (see “AD/DA
converter and digital filter” by Yoshio Yamazaki, Japan
Acoustic Society Journal Vol. 46, No. 3 (1990), pages 251 —~
257).

FIG. 1 of the accompanying drawings shows an ar-
rangement for l-bit XA modulation. As shown in FIG. 1, an
audio signal inputted from an input terminal 91 is supplied
through an adder 92 to an intégrator 93, which supplies an
output signal to a comparator 94. The comparator 94 com-
pares the output signal from the integrator 93 with a mid-
point potential of the inputted audio signal, and quantizes
the output signal from the integrator 93 into a 1-bit quan-
tized signal in each of sampling periods. The frequency of
the sampling periods (sampling frequency) is 64 or 128 times
the conventional sampling frequency of 48 kHz or 44.1 kHz.

The quantized signal is supplied to a delay unit

35, which delays the quantized signal by one sampling pe-
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riod; The delayed signal is then suppiiég tﬂfguéﬁ:a~iabit
D/A converter 96 to the adder 92, which adds the delayed
signal to the audio signal inputted from the input terminal
92. The éuantized signal from the comparator 94 is also
delivered to an output terminal 97. According to the above
2A modulation, as also indicated by the literature referred
to above, it is possible to obtain a digital audio signal
having a wide dynamic range even with a few number of 1 bits
by sufficiently increasing the frequency of sampling periods
(sampling frequency).

If the transmission system for transmitting the
above digital audio signal suffers a failure, resulting in a
signal loss, the reproduced digital signal is fixed to a
value of either “1” or “0”. For the digital audio signal
which is not processed, e.g., which is produced by the ar-
rangement shown in FIG. 1, the successive values of “1” and
“0"” correspond respectively to a positive maximum value and
a negative maximum value of the demodulated signal. There-~
fore, in the event that part of the signal is lost while in
the transmission system, maximum-level noise is produced at
the lost part of the signal, tending to break a monitor am-
plifier or speaker.

According to CDs, DATs, etc., a signal format is
determined such that the successive values of “1” and “0~
will become an intermediate value of the demodulated signal.
Therefore, no maximum-level noise is produced even when the

above signal loss occurs. An error-correcting code is in-
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cluded in a digital signal which is %réngﬁitééd~%df-taereby
recovering the signal in a certain range even in the event
of a signal loss. Furthermore, with respect to a signal
loss beyond the capability of the error-correcting code, the
signal loss is interpolated using preceding and following
data or the like, or data preceding the signal loss are
held, preventing the listener from a problem in hearing the
reproduced sound.

For interpolating such a signal loss, a linear
interpolation process as shown in FIG. 2 of the accompanying
drawings, for example, is carried out. As shown in FIG. 2,
interpolation data Dn (n = an integer of 1 ~ N) are deter-
mined according to the following equation:

Dn = A+ n x (B - A)/N oo (1)
where N is the number of lost data, A is the value of data
preceding the lost data, and B is the value of data follow-
ing the lost data.

FIG. 3 of the accdmpanying drawings shows an in-
terpolating circuit for carrying out the linear interpola-
tion process described above. As shown in FIG. 3, a digital
audié signal is supplied to a data input terminal 81. The
digital audio signal is supplied as an inputted data signal
from the data input terminal 81 through a memory 82 to a
calculating circuit 84. An error-detecting signal indica-
tive of whether the digital audio signal supplied to the
data input terminal 81 is correct or not is supplied to an

error-correcting signal input terminal 85. The error-



detecting signal from the error—corféciiﬁg §ign£l;input ter-
minal 85 is supplied to a control circuit 86.

When the error-detecting signal is supplied to
the error-correcting signal input terminal 85, the control
circuit 86 supplies a control signal to the memory 82 and
the calculating circuit 84, which effects the linear inter-
polation process according to the above equation (1) using
the data stored in the memory 82. Interpolation data pro-
duced by the calculating circuit 84 are supplied to a data
selector 83 which is controlled by the control signal from
the control circuit 86. During a period in which the error-
detecting signal is supplied, the data selector 83 selects
the interpolation data from the calculating circuit 84 and
delivers the interpolation data to a data output terminal
87.

In the ZA modulation, since each data item has a
long word length and comprises l-bit data, lost data cannot
be interpolated using precedihg and following data. One
proposed solution may be to replace error data with preced-
ing data which have the same length as the error data (i.e.,
to hold the preceding data), as shown in FIG. 4 of the ac-
companying drawings. The proposal, however, is not practi-
cal as it may sometimes produce very large noise.

Data produced according to the ZA modulation may
be converted into a signal format for CDs, DATs, or the like
using a decimation filter. This process allows data to be

interpolated in the same manner as the conventional process
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or replaced with the preceding data %hicﬁ“é;g;héld;'prévent—
ing the listener from a problem in hearing the reproduced
sound. According to this process, however, signals which
are processed have the same characteristics as those of sig-
nals for CDs, DATs, or the like, and fail to provide a wide
frequency range and a wide dynamic range which are features
of XA signals.

The conventional apparatus and methods have no
means for recovering XA signals through interpolation in the
event that it is lost due to a failure of the transmission
system. Consequently, it has been highly difficult to use
ZA signals in the general transmission system.

The present invention has been made in view of
the above problems. It is an object of the present inven-
tion to provide a method of and an apparatus for well inter-
polating error data of a digital signal which has been dig-
itized with a small number of bits according to ZA modula-

tion or the like.

DISCLOSURE OF THE INVENTION:

According to the present invention, a digital
signal digitized in a predetermined small number of bits and
containing an error portion is supplied, and interpolation
data for the error portion are produced using a value pro-
duced by supplying the digital signal in which the error
portion is at an arbitrary position and from which the error

portion is removed to an arbitrary digital filter, and a



value produced by supplying all inteépél&tiéa.aafa:which the
error portion can take to the arbitrary position of the
digital filter. 1In this connection, there are disclosed a
method of and an apparatus for interpolating a digital sig-
nal, and an apparatus for and a method of recording and/or

playing back a recording medium.

BRIEF DESCRIPTION OF THE DRAWINGS:

FIG. 1 is a block diagram of an arrangement for
1-bit XA modulation;

FIG. 2 is a diagram illustrative of a linear in-
terpolation process;

FIG. 3 is a block diagram of a conventional appa-
ratus for interpolating a digital signal;

FIG. 4 is a diagram illustrative of a process of
holding preceding data;

FIG. 5 is a diagram illustrative of a method of
interpolating a digital signai according to a first embodi-
ment of the present invention;

FIG. 6 is a diagram showing Table 1 illustrative
of the method of interpolating a digital signal according to
the first embodiment of the present invention;

FIG. 7 is a diagram showing Table 2 illustrative
of the method of interpolating a digital signal according to

the first embodiment of the present invention;



FIG. 8 is a diagram illustrgtivé'ééffhé*metﬁéd of
interpolating a digital signal according to the first em-
bodiment of the present invention;

FIG. 9 is a block diagram of an apparatus for
interpolating a digital signal according to the first em-
bodiment of the present invention;

FIG. 10 is a diagram illustrative of a method of
interpolating a digital signal according to a second embodi-
ment of the present invention;

FIG. 11 is a block diagram of an apparatus for
interpolating a digital signal according to the second em-
bodiment of the present invention;

FIG. 12 is a diagram illustrative of a method of
interpolating a digital signal according to a third embodi-
ment of the present invention;

FIG. 13 is a diagram illustrative of the method
of interpolating a digital signal according to the third
embodiment of the present invéntion;

FIG. 14 is a diagram illustrative of the method
of interpolating a digital signal according to the third
embodiment of the present invention;

FIG. 15 is a block diagram illustrative of an
apparatus for interpolating a digital signal according to
the third embodiment of the present invention:

FIG. 16 is a diagram illustrative of a method of
interpolating a digital signal according to a fourth embodi-

ment of the present invention;



FIG. 17 is a diagram illusérﬁfi@enéf'tﬁe?hethod
of interpolating a digital signal according to the fourth
embodiment of the present invention;

FIG. 18 is a diagram showing a waveform of a 1-
bit XA signal corrected by holding data which precede a 4-
bit error that has occurred to the 1l-bit XA signal;

FIG. 19 is a diagram showing a waveform of a 1-
bit ZA signal corrected by an interpolation process accord-
ing to the present invention after a 4-bit error has oc-
curred to the 1-bit XA signal;

FIG. 20 is a diagram showing a waveform of a 1-
bit XA signal corrected by holding data which precede an 8-
bit error that has occurred to the 1l-bit XA signal;

FIG. 21 is a diagram showing a waveform of a 1-
bit XA signal corrected by an interpolation process accord-
ing to the present invention after an 8-bit error has oc-
curred to the 1-bit XA signal;

FIG. 22 is a diagfam illustrative of a method of
interpolating a digital signal according to a fifth embodi-
ment of the present invention;

FIG. 23 is a diagram illustrative of the method
of interpolating a digital signal according to the fifth
embodiment of the present invention;

FIG. 24 is a diagram illustrative of the method
of interpolating a digital signal according to the fifth

embodiment of the present invention;



FIG. 25 is a block diagram:iiiuétféﬁivé-bf £he
method of interpolating a digital signal according to the
fifth embodiment of the present invention;

FIG. 26 is a block diagram illustrative of a
method of interpolating a digital signal according to a
sixth embodiment of the present invention;

FIG. 27 is a diagram illustrative of the method
of interpolating a digital signal according to the sixth
embodiment of the present invention;

FIG. 28 is a diagram illustrative of the method
of interpolating a digital signal according to the sixth
embodiment of the present invention;

FIG. 29 is a block diagram illustrative of a
method of interpolating a digital signal according to a sev-
enth embodiment of the present invention;

FIG. 30 is a block diagram illustrative of a
method of interpolating a digital signal according to an
eighth embodiment of the present invention;

FIG. 31 is a block diagram of an apparatus for
recording and reproducing a digital signal according to an
embodiment of the present invention: and

FIGS. 32A, 32B, and 32C are diagrams showing a
signal format for the apparatus for recording and reproduc-

ing a digital signal according to the present invention.

BEST MODE FOR CARRYING OUT THE INVENTION:
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A method of and an apparatﬁévfof-iﬁfé:ﬁoléting a
digital signal according to the present invention will here-
inafter be described in detail below.

According to the present invention, a XA signal
which has suffered an error is interpolated in the form of a
ZA signal, and corrected into data which will present no
problems for the user to hear the sound reproduced there-
from. Specifically, a XA signal which has suffered an error
is predicted using a filter, and the error is interpolated
using the predicted XA signal.

For example, if a XA signal comprising a train of
data b0, bl, b2, -++, bm is applied to an n-tap FIR low-pass
filter having coefficients c0, cl, ¢c2, +-+, cn-1, then the
FIR filter produces an output signal ¥n according to the
following equation:

Yn = c0*b0 + cl*bl + c2*%b2 + .-+ + cn-1*bn-1.

If 4 bits (b0, bl, b2, b3) of a XA signal having
a word length of 1 bit suffer an error, the FIR filter pro-
duces an output signal ¥n as follows:

¥Yn = (c0*b0 + cl*bl + c2*b2 + c3*b3)

+ (c4*p4 + +++ + cn-l*bn-1).

Since the value of the first term (c0*b0 + cl*bl
+ c2*b2 + c¢3*b3) on the right-hand side of the above equa-
tion cannot be calculated because its data are lost, the
second term (c4*b4 + --- + cn-1*bn-1) of the right-hand side
can be calculated because the values of data b4 ~ bn-1 are

known. If it is assumed that the second term of the right-
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hand side has a value of A0, then the ébévé-ééﬁétioﬁiis"ex—
pressed as follows:
YO = (cO0*b0 + cl*bl + c2*b2 + c3*b3) + AO.
Similarly, after 1 sample, 2 samples, and 3 sam-
ples, the filter produces output signals as follows:

Yl = (cl*b0 + c2*bl + c3*b2 + c4*b3) + Al,

Y2 (c2*b0 + c3*bl + c4*b2 + c5*b3) + A2, and

Y3 = (c3*b0 + c4*bl + c5%*b2 + c6*b3) + A3.

The value of ¥Yn can be determined by linear in-
terpolation according to the equation:

Yn = A + n*(B - A)/N ce(2)
where A is the value preceding the error, B is the value
following the error, and N represents samples as the dis-
tance between the values A, B, as with the above equation
(1). Therefore, ¥Yn is expressed as follows:

(cO*b0 + cl*bl + c2*b2 + c3*b3) + A0 = YO,

{(cl*b0 + c2*bl + c3*b2 + c4*b3) + Al Y1,
(c2*b0 + c3*bl + c4*b2 + c5%*b3) + A2 = Y2, and
(c3*b0 + cd4*bl + c5*b2 + c6*b3) + A3 = ¥Y3.
“(3)
When the simultaneous equations (3) are solved
for b0 ~ b3, the value of the lost data can be estimated.
Since the data word length of the data bn is ac-
tually 1 bit, the value of the data bn can be only either
“1" or - 1”. On the other hand, the solutions of the si-

multaneous equations (3) are of arbitrary values other than

either “1” or “- 1”. Therefore, even if the value of the
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data is determined to be either “1” ori“i i“hﬁéged'oﬁ tﬁe
sign, for example, of the solutions of the simultaneous
equations (3), the interpolated XA signal may possibly con-
tain noise having a very large level.

Since as many such simultaneous equations as the
number of taps of a low-pass filter can be generated by
shifting samples, it may be possible to establish simultane-
ous equations:

c0*b0 + cl*bl + c2*b2 + c3*b3 + A0 = YO,

cl*b0 + c2*bl + c3*b2 + c4*b3 + Al = Y1,

c2*b0 + c3*bl + c4*b2 + c5*b3 + A2 = Y2,

c3*b0 + c4*bl + c5*b2 + c6*b3 + A3 = Y3,

c4*p0 + c5*bl + c6*b2 + c7*b3 + A4 = Y4,

c5*b0 + c6*bl + c7*b2 + c8*b3 + A5 = Y5,

c6*b0 + c7*bl + c8*b2 + c9*b3 + A6 = Y6, and

c7*b0 + c8*bl + c9*b2 + cl0*b3 + A7 = Y7,
and to determine appropriate solutions using the method of
least squares or the like. waever, such a process results
in complex calculations and is not practical.

According to a first embodiment of the present
invention, the following process is devised: In view of the
fact that the data bn can only take a value of either “1” or
“- 1", (c0*b0 + cl*bl + c2*b2 + c3*b3) on the left-hand side
of the equations (3) can only take a total of 16 values due
to a combination of “1” and “- 1” of the four data b0 ~ b3.

All the 16 values are calculated in advance, and one of the
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16 values is looked for which makes (cb*bo*+.él*b1'+:c2*b2 +
c3*b3) closest to ¥O.

In an actual example, it is assumed that 4-bit
data (b0, bl, b2, b3) of 1-bit data shown in Table 2 shown
in FIG. 7 have suffered an error, and the data are interpo-
lated using Table 1 shown in FIG. 5 and a 29-tap FIR filter
shown in FIG. 6. The data shown in FIG. 7 represents by way
of example a sine wave having a sampling frequency of 2.822
MHz, a signal frequency of 1 kHz, and an amplitude which is
of -~ 50 dB from the full scale. For carrying out the filter
calculations according to the equations (3), the data which
have suffered an error may be located in any phase of the
FIR filter, but are assumed to be at the center of the FIR
filter as shown in FIG. 8 for an easy understanding.

If terms which cannot be subject to filter calcu-
lations due to an error are represented by Bn, then the
terms Bn are expressed by:

Bn = cl12%b0 + cl3*bl + cl4*b2 + cl5+b3.

If remaining terms which can be subject to filter calcula-
tions in the absence of an error are represented by A0, then
the terms A0 are expressed by:

A0

]

c0*b(~12) + cl*b(-11) + --- + cl0*b(-2)
+ cll*b(-1) + cl6*b4 + cl7*b5 + ---
+ ¢c27*bl5 + ¢28*blé6.

The equations (3) are now expressed by:

Bn + A0 = YO. cee(4)

- 14 -



16 values of Bn where each of bG-~ b3 takes val-
ues of “1” and “- 1" are calculated as follows:

When b0 =1, bl =1, b2 =1, b3 =1,

Bn = BO = 1331.
When b0 = - 1, bl =1, b2 =1, b3 =1,

Bn = Bl = 701.
When b0 =1, bl = -1, b2 =1, b3 =1,

Bn = B2 = 659.
When b0 = - 1, bl = -1, b2 =1, b3 =1,

Bn = B3 = 29.
When b0 = 1, bl =1, b2 = -1, b3 = 1,

Bn = B4 = 643.
When b0 = - 1, bl =1, b2 = - 1, b3 = 1,

Bn = B5 = 13.
When b0 = 1, bl = - 1, b2 = -1, b3 = 1,

Bn = B6 = -29.
When b0 = - 1, bl = -1, b2 = -1, b3 =1,

Bn = B7 = -659.
When b0 =1, bl =1, b2 =1, b3 = - 1,

Bn = B8 = 659.
When b0 = - 1, bl =1, b2 =1, b3 = - 1,

Bn = B9 = 29.
When b0 =1, bl = -1, b2 =1, b3 = -1,

Bn = B10 = -13
When b0 = - 1, bl = -1, b2 =1, b3 = - 1,

Bn = Bll = -643
When b0 = 1, bl =1, b2 = -1, b3 = -1,

- 15 =~



When b0 = -1, b1 =1, b2 = -1, b3 = - 1,

Bn = B13 = -650.
When b0 =1, bl = -1, b2 = -1, b3 = - 1,

Bn = B14 = -701.
When b0 = -1, b1 = -1, b2 = -1, b3 = - 1,

Data portions with no error are subjected to fil-
ter calculations, resulting in:

A0 = - 3.0.

The value A of a filter output signal preceding
data which suffer an error is indicated Dby:

A = cO0*b(-29) + cl*b(-28) + -++ + c27*b(-2)

+ c28*b(-1) = 12.0.
The value B of a filter output signal following

data which suffer an error is indicated by:

B = cO0*bd + cl*b5 + +++ + ¢c27*b31 + ¢28*b32 = 0.0
N =29 + 4 = 33
n = 14.

Therefore, using the equation (2),
YO = A + n*(B - A)/N = 12.0 + 14*(0.0 - 12.0)/
33 = 6.9.

Therefore, at the respective instances of Bn,

when Bn = B0, Bn + A0 = 1328,
when Bn = Bl, Bn + AQ = 698,
when Bn = B2, Bn + AQ = 656,
when Bn = B3, Bn + AQ = 26,
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626,

when Bn = B4, Bn + A0

when Bn = B5, Bn + AQ = 10,
when Bn = B6, Bn + A0 = -32,
when Bn = B7, Bn + A0 = -662,
when Bn = B8, Bn + AQ = 657,
when Bn = B9, Bn + A0 = 26,
when Bn = B10, Bn + A0 = -16,
when Bn = Bll, Bn + A0 = -646,
when Bn = B12, Bn + A0 = -32,
when Bn = B13, Bn + A0 = -662,
when Bn = Bl4, Bn + A0 = -704,

when Bn = B15, Bn + A0 =-1334.

Therefore, the value of B5 + A0 = 10 which is
closest to an interpolation target value of Y0 = 6.9, i.e.,

B5 : (b0 =01, b1 =1, b2 = -1, b3 = 1)
is interpolation data which are to be determined. 1In this
example, the interpolation data are in agreement with the
original data in Table 2 shown in FIG. 7.

According to this method, a digital signal which
has been digitized in an arbitrary small number of bits and
contains an error portion is supplied, and interpolation
data of the error portion are obtained using a value pro-
duced by supplying the data of the digital signal, in which
the error portion is at an arbitrary position and from which
the error portion is removed, to an arbitrary digital fil-
ter, and also a value produced by supplying all interpola-

tion data, which the error portion can have, to an arbitrary
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posiﬁion of the digital filter. As a Eeéuit,-it-is-possible
to obtain interpolation data approximating the original
data, thereby well interpolating the digital signal.

The sum of the value produced by supplying the
data of the digital signal, from which the error portion is
removed, to the arbitrary digital filter, and the value pro-
duced by supplying all interpolation data, which the error
portion can have, to the digital filter is determined.

There is then determined a value at which the sum approxi-
mates a value that has been calculated according to an arbi-
trary interpolation formula from a value produced by supply-
ing data of the digital signal which precede and follow the
error portion to the digital filter. Interpolation data are
now obtained which correspond to the determined value. 1In
this manner, the amount of calculations is reduced for well
interpolating the digital signal.

The above process may be carried out by an ar-
rangement as shown in FIG. 9. As shown in FIG. 9, a digital
audio signal inputted from a data input terminal 1 is sup-
plied through a memory 2 to a data selector 3. The digital
signal from the memory 2 is also supplied to an n-tap FIR
low-pass filter having coefficients c0, ¢l, c2, -+, cn-1.

An error-detecting signal indicative of whether
the digital audio signal supplied to the data input terminal
1 is correct or not is supplied to an error-correcting sig-
nal input terminal 5. The error-detecting signal is sup-

plied from an error-detecting circuit (not shown). The er-
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ror-detecting circuit detects whether:én'efror has -occurred
or not when it decodes an error-detecting code or an error-
correcting code which is added to the digital audio signal

supplied to the data input terminal 1. The error-detecting
signal supplied to the error-correcting signal input termi-
nal 5 is supplied to a control circuit 6. The control cir-
cuit 6 supplies a control signal to the memory 2, the data

selector 3, and an interpolation data generating circuit 7

(described later on).

When an error is detected in the digital audio
signal supplied to the data input terminal 1 and an error-
detecting signal is supplied to the error-correcting signal
input terminal 5, the control circuit 6 supplies a control
signal to the memory 2, from which data preceding the data
which have suffered the error are read and supplied to a
digital filter 4. The digital filter 4 extracts a value A
preceding the data which have suffered the error. The value
A is held by a register 71 of the interpolation data gener-
ating circuit 7.

Then, the control circuit 6 supplies a control
signal to the memory 2, from which data following the data
which have suffered the error are read and supplied to the
digital filter 4. The value B is held by a register 72 of
the interpolation data generating circuit 7. Using the val-
ues A, B, the equation (2) is calculated by a calculating

circuit 73, producing a value YO.
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The control signal from thé*dontrol circuit-S is
supplied to the memory 2, from which data preceding and fol-
lowing the data which have suffered the error, as shown in
FIG. 8, are read and supplied to the digital filter 4.

Since the above error is not generated, the value of a term
A0 capable of filter calculations is extracted from the
digital filter 4, and held by a register 74 of the interpo-
lation data generating circuit 7.

A memory 75 of the interpolation data generating
circuit 7 holds the values of terms Bn incapable of filter
calculations due to the error. The values of terms Bn are
successively read from the memory 75 and supplied to an ad-
der 76, which adds the supplied values of terms Bn to the
value of the term A0. The value of thé sum is supplied to a
decision circuit 77, which compares the supplied value of
the sum with the value Y0 from the calculating circuit 73,
and decides a value of Bn at which the supplied value of the
sum is closest to the value YO. Interpolation data are pro-
duced according to the decided value of Bn.

The values of Bn are calculated in advance based
on the configuration of the digital filter 4 that is used or
the filter coefficients and the position where an error is
established, and are stored in a table. The interpolation
data generating circuit 7 which is functionally shown as a
block in FIG. 9 is actually implemented by software.

The interpolation data from the interpolation

data generating circuit 7 are supplied to the data selector
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3. The data selector 3 is controlled by the controil signal
from the control circuit 6. During an interval in which an
error-detecting signal is supplied to the error-detecting
signal input terminal 5, the data selector 3 selects the
interpolation data from the interpolation data generating
circuit 7 and delivers the interpolation data to a data out-
put terminal 8.

The apparatus shown in FIG. 9 is supplied with a
digital signal which has been digitized in an arbitrary
small number of bits and contains an error portion, and pro-
duces interpclation data of the error portion using a value
produced by supplying the data of the digital signal, in
which the error portion is at an arbitrary position and from
which the error portion is removed, to an arbitrary digital
filter, and also a value produced by supplying all interpo-
lation data, which the error portion can have, to an arbi-
trary position of the digital filter. As a result, it is
possible to obtain interpolation data approximating the
original data, thereby well interpolating the digital sig-
nal.

In the method according to the first embodiment
described above, if the number of lost data is small, e.g.,
4 in the illustrated example, then the number of data calcu-
lated is also small, i.e., 16. However, if the length of an
error increases, then the amount of calculations needed in-
creases by a factor of the square of the length of the er-

ror. Accordingly, this method is not suitable for calculat-
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ing the values of all combinations of gn'+~AO'thoroughly to
determine a minimum value.

In a method according to a second embodiment of
the present invention, possible 16 values of B0 ~ Bl5 are
rearranged in order of magnitude as B'0 ~ B’1l5, and they are
approximated to a straight line (interpolating straight
line) having a gradient of “p” and a y-intercept of “qg”,
using the method of least squares or the like.

Specifically, the approximate straight line is
expressed by: |

B" = px + q,
and substituted in Bn of the equation (4), producing:

px + g + A0 = YO.

Therefore,

x = (Y0 - A0 - q)/p. c++(5)
Lost data can be determined from the value of an integer
which is closest to the solution to the equation (5).

An example which employs the same FIR filter as
described above with respect to the this method will be de-
scribed below.

First, the terms Bn are rearranged in order of

magnitude as follows:

B0 = B0 = 1331
B’1 = Bl = 701
B2 = B2 = 659
B’3 = B8 = 659
B’4 = B4 = 643
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B’5 = B3 = 29

B’6 = B9 = 29
B’7 = B5 = 13
B’8 = B10 = -13
B’S9 = B6 = -29
B'10 = B12 = -29

B’11 = Bll = -643

B'1l2 = B7 = -659

B’13 = B13 = -659

B'14 = B14 = -701

B’15 = B15 =-1331

A polygonal curve of B’ is shown at “a” in FIG.
10. When the polygcnal curve is approximated to a straight
line using the method of least squares, the straight line is
expressed shown at “b” in FIG. 10 which is indicated by:

Br = 138.25x ~ 1036.9.
Therefore, p = 138.25 and q = -1036.9. The values of “p”,
“q” are calculated in advance based on the configuration
(coefficients) of the digital filter 4 that is used and the
position where an error portion is established.

From the values of A0 = -3.0 and Y0 = 6.9, using
the equation (5),

X = (6.9 + 3.0 + 1036.9)/138.25 = 7.56.

From B’(7.56) — B’(8) = B(10),

B10 : (b0 =1, bl = -1, b2 =1, b3 = -1)

is finally obtained.
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The above process will be déséribed below-witn
reference to FIG. 10. A point of intersection between the
straight line “b” in FIG. 10 which has been obtained using
the method of least squares and a 0 level is determined, and
a value corresponding or closest to a point on the horizon-
tal axis of FIG. 10 which corresponds to the point of inter-
section between the straight line “b” and the 0 level is
determined as interpolation data. The determined interpola-
tion data are inserted in or replace a portion of the digi-
tal signal where the error has occurred, thereby interpolat-
ing the digital signal. The interpolation data correspond-
ing to the point on the horizontal axis of FIG. 10 may be
determined using a conversion table.

In this example, an FIR filter having a short tap
length has been employed for the sake of brevity, and hence
the result differs from the result of the former method.
However, the results of the two methods can be brought into
agreement with each other in most cases by increasing the
tape length of the FIR filter for higher calculation accu-
racy.

In the method according to the second embodiment,
as described above, a graph is determined which approximates
a value produced by supplying all interpolation data, which
an error portion can have, to an arbitrary position of the
digital filter. A value which approximates a point of in-
tersection between the determined graph and a 0 level is

then determined, and interpolation data corresponding to the
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determined value are obtained. 1In thiszménner, tne'amount
of calculations needed is further reduced for well interpo-
lating the digital signal.

The method according to the second embodiment may
be carried out by an arrangement as shown in FIG. 11. Those
parts shown in FIG. 11 which are identical to those shown in
FIG. 9 are denoted by identical reference numerals, and will
not be described in detail below. As shown in FIG. 11, a
value Y0 from the calculating circuit 73 of the interpola-
tion data generating circuit 7 and a value of A0 held by the
register 74 are supplied to a calculating circuit 78 which
calculates the equation (5), for thereby calculating B’ de-
scribed above. A value Bn closest to B’ is decided, and
interpolation data are produced according to the decided
value Bn.

The interpolation data generated by the calculat-
ing circuit 78 of the interpolation data generating circuit
7 are supplied to the data selector 3. As with the arrange-
ment shown in FIG. 9, during an interval in which an error-
detecting signal is supplied to the error-detecting signal
input terminal 5, the data selector 3 selects the interpola-
tion data from the interpolation data generating circuit 7
based on the control signal from the control circuit 6. As
a result, data output terminal 8 outputs data in which the
interpolation data from the interpolation data generating
circuit 7 has replaced or been inserted in the error por-

tion.
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A method according to a thif&'émbbdiméht of the
present invention is an application of the method according
to the first embodiment, and dispenses with the calculation
of ¥n according to the equation (2). Specifically, since
Y0, Y1, Y2, -+ are linearly interpolated, their differences
are constant as follows:

Y0 - Y1 = Y1l - Y2 = k.

If it is assumed that

YO0 - Y1 = (c0 - cl)*b0 + (cl - c2)*bl +

(c2 - ¢3)*b2 + (c3 - c4)*b3 + A0 - Al = k,
and

CO = c0 - cl,

A’0 = A0 - Al, then the following equation is
satisfied:

CO*b0 + Cl*bl + C2*b2 + C3*b3 + A’0 = k. +++(6)

The equation (6) may be considered as an FIR fil-
ter which comprises a differential filter whose coefficients
are represented by the differences between the coefficients
of the original low-pass filter that are shifted by one co-
efficient position. Since Y0, Y1, Y2, --- are linearly in-
terpolated, the coefficients of the original low-pass filter
may not be shifted by one coefficient position, but may be
shifted by 1/2 of the tap length of the original FIR filter.

An example of the coefficients of the differen-
tial filter is illustrated in Table 3 shown in FIG. 12 and

FIG. 13.
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The equation (6) is of the s}mé configuration'as
the equation (3). It is possible to calculate A‘0 using the
differential filter shown in Table 3 instead of the FIR fil-
ter shown in Table 1, and to determine “k” by calculating
the differential filter in the vicinity of an error region
as shown in FIG. 1l4.

As with the interpolation using the above FIR
filter, data suffering an error can be interpoclated accord-
ing to:

x=(k -2A'0 - q)/p- e (7)
In the method according to the third embodiment, it is not
necessary to calculate ¥Yn according to the equation (2).

In the method according to the third embodiment,
a differential digital filter whose coefficients are repre-
sented by the differences between the coefficients of an
original filter that are shifted by an arbitrary tap length
is used thereby to further reduce the amount of calculations
for well interpolating the digital signal.

The method according to the third embodiment may
be carried out by an arrangement as shown in FIG. 15. Those
parts shown in FIG. 15 which are identical to those shown in
FIG. 9 are denoted by identical reference numerals, and will
not be described in detail below. As shown in FIG. 15, a
data signal from the memory 2 is supplied to a differential
digital filter 4’ having coefficients CO, ---, C40.

If an error is detected in a digital signal sup-

plied to the data input terminal 1 and an error-detecting
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signal is supplied to the error—correctiﬁé Signal input ter-
minal 5, the control circuit 6 supplies a control signal to
the memory 2, from which data in the vicinity of the data
that has suffered the error are read and supplied to the
differential digital filter 4’. The differential digital
filter 4’ extracts a value of “k” described above, which is
then held by a register 61 of an interpolation data generat-
ing circuit 7.

The control signal from the control circuit 6 is
supplied to the memory 2, from which data preceding and fol-
lowing the data that has suffered the error are read and
supplied to the differential digital filter 4’. The differ-
ential digital filter 4’ extracts a value of A’'0 described
above, which is held by a register 62 of the interpolation
data generating circuit 7.

The value of “k” from the register 61 and the
value of A’0 from the register 62 are supplied to a calcu-
lating circuit 63, which calculates a value of “x” according
to the equation (7). A value of Bn which is closest to the
value of “x” is decided, and the decided value of Bn is sup-
plied to a memory 64, for thereby generating interpolation
data. During an interval in which the error-detecting sig-
nal is supplied to the error-detecting signal input terminal
5, the interpolation data generated by the interpolation
data generating circuit 7 are selected by the data selector

3, and outputted from the output terminal 8.
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The values of Bn are calculétéd’ih advdnce based
on the configuration (coefficients) of the differential
digital filter 4’ that is used and the position where an
error is established, and are stored in a table. The inter-
polation data generating circuit 7 which is functionally
shown as a block in FIG. 15 may be implemented by software.

The apparatus shown in FIG. 15 employs a differ-
ential digital filter whose coefficients are represented by
the differences between the coefficients of an original fil-
ter that are shifted by an arbitrary tap length thereby to
further reduce the amount of calculations for well interpo-
lating the digital signal.

A method according to a fourth embodiment of the
present invention effects calculations for interpolation, as
described below, so that a value of “k” will not be calcu-
lated. Since the differential coefficient filter illus-
trated in the example is of a configuration of point symme-
try, the same interpolating process as with the method ac-
cording to the third embodiment is carried out at two posi-
tions in point symmetry as shown in FIG. 16.

If an interpolating straight line has a gradient
of “p” and a y-intercept of “g”, then another interpolating
straight line has a gradient of *“-p” and a y-intercept of “-
g”. From the respective straight lines are obtained:

(k - A'0 - q)/p, and

il

X

i

x = (k - A’1 + q)/(-p)
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as with the equation (7). By eliminatiﬁgl”R" from the above
equations, the following equation is obtained:

x = (A'l - A'0 - 2q)/2p. <.+ (8)
As shown in FIG. 17, data lost by an error is estimated from
a point of intersection between these two estimated straight
lines, and data closest to the estimated data are outputted
as interpolation data.

In the method according to the fourth embodiment,
a graph is determined which approximates a value produced by
supplying all interpolation data, which an error portion can
have, to an arbitrary position of the differential digital
filter, and a first graph is determined by substituting, in
the graph, a value produced by supplying the data of the
digital signal, in which the error portion is at an arbi-
trary position and from which the error portion is removed,
to the differential digital filter. Furthermore, a graph is
determined which approximates a value produced by supplying
all interpolation data, which an error portion can have, to
a position of point symmetry of the differential digital
filter at an arbitrary position of the differential digital
filter, and a second graph is determined by substituting, in
the graph, a value produced by supplying the data of the
digital signal, in which the error portion is at a position
of point symmetry of the differential digital filter at an
arbitrary position and from which the error portion is re-
moved, to the differential digital filter. A value which

approximates a point of intersection between the first and
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second graphs is decided, and interpola%ibn”data correspond-
ing to the decided value are obtained. In this manner, the
amount of calculations needed is further reduced for well
interpolating the digital signal.

The method according to the fourth embodiment may
be carried out by an arrangement which is the same as the
arrangement shown in FIG. 15, for example. Specifically, if
an error is detected in a digital signal supplied to the
data input terminal 1 and an error-detecting signal is sup-
plied to the error-correcting signal input terminal 5, the
control circuit 6 supplies a control signal to memory 2,
from which data preceding and following the data are read in
a phase to determine A’l shown in FIG. 16, for example, and
supplied to the differential digital filter 4‘’. The differ-
ential digital filter 4’ extracts a value of A’l described
above, which is then held by the register 61 of the interpo-
lation data generating circuit 7.

The control signal from the control circuit 6 is
supplied to the memory 2, from which data preceding and fol-
lowing the data are read in a phase to determine A’0 shown
in FIG. 16, for example, and supplied to the differential
digital filter 4’. The differential digital filter 4’ ex-
tracts a value of A’0 described above, which is held by the
register 62 of the interpolation data generating circuit 7.

The value of A’l from the register 61 and the
value of A'0 from the register 62 are supplied to the calcu-

lating circuit 63, which calculates a value of “x” according
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to the equation (8). A value of Bn whiéhiis-closest to the
value of “x” is decided, and the decided value of Bn is sup-
plied to the memory 64, for thereby generating interpolation
data. During an interval in which the error-detecting sig-
nal is supplied to the error-detecting signal input terminal
5, the interpolation data generated by the interpolation
data generating circuit 7 are selected by the data selector
3, and outputted from the output terminal 8.

The above apparatus determines a graph which ap-
proximates a value produced by supplying all interpolation
data, which an error portion can have, to an arbitrary posi-
tion of the differential digital filter, a first graph by
substituting, in the graph, a value produced by supplying
the data of the digital signal, in which the error portion
is at an arbitrary position and from which the error portion
is removed, to the differential digital filter, and further-
more, a graph which approximates a value produced by supply-
ing all interpolation data, which an error portion can have,
to a position of point symmetry of the differential digital
filter at an arbitrary position of the differential digital
filter, and a second graph by substituting, in the graph, a
value produced by supplying the data of the digital signal,
in which the error portion is at a position of point symme-
try of the differential digital filter at an arbitrary posi-
tion and from which the error portion is removed, to the
differential digital filter. The apparatus then decides a

value which approximates a point of intersection between the
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first and second graphs, and obtains in%éipclation'data cor-
responding to the decided value. In this manner, the appa-
ratus can reduce the amount of calculations needed for well
interpolating the digital signal.

In any of the methods according to the equations
(5), (7), and (8) described above, as many equations can be
established as the tap length of the filter depending on the
phase of the filter using a region suffering an error, in
which filter calculations are to be carried out. After so-
lutions are determined from a plurality of equations, a more
probable interpolated value can be determined using the
principle of a majority decision.

In the above description, the length of data
which are lost by an error is of 4 bits. According to this
method, however, insofar as an interpolating straight line
is determined in advance depending on the length of an er-
ror, it is possible to interpolate error data with almost
the same amount of calculations.

The digital filter which has low-pass filter
characteristics is capable of interpolating digital signals
in a manner to better match the hearing sensation.

Actual examples of interpolation with respect to
a sine wave having a sampling frequency of 2.822 MHz, a sig-
nal frequency of 1 kHz, and an amplitude which is of - 50 dB
from the full scale are shown in FIGS. 18 ~ 21. The filter

used in these examples is an FIR low-pass filter comprising
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an average moving filter with 64 taps iﬁ”foﬁf overlapping
stages.

FIG. 18 shows a waveform of a 1-bit XA signal
corrected by holding data which precede a 4-bit error that
has occurred to the 1l-bit 2A signal.

FIG. 19 shows a waveform of a l-bit XA signal
corrected by an interpolation process according to the pres-
ent invention after a 4-bit error has occurred to the 1-bit
ZA signal.

FIG. 20 shows a waveform of a 1-bit XA signal
corrected by holding data which precede an 8-bit error that
has occurred to the 1-bit 2A signal.

FIG. 21 shows a waveform of a 1-bit XA signal
corrected by an interpolation process according to the pres-
ent invention after an 8-bit error has occurred to the 1-bit
XA signal.

In these examples, noise of a large level is pre-
vented from being produced according to the present inven-
tion.

With the methods and apparatus according to the
above embodiments of the present invention, even if a signal
portion is lost from a digital audio signal composed of a
small number of bits, such as a 1l-bit signal produced by XA
modulation, for example, due to a failure of the transmis-
sion system, maximum-level noise is prevented from being

produced at the lost signal portion.
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Accordingly, a digital audio-signal composed of a
small number of bits, such as a l-bit signal produced by ZA
modulation, for example, can be transmitted (recorded and
reproduced) without damage to its characteristics.

A method of interpolating a digital signal ac-
cording to a fifth embodiment of the present invention will
be described below.

In the method according to the fifth embodiment,
a XA signal which has suffered an error is interpolated in
the form of a ZA signal to restore data which will present
no problems for the listener to hear the reproduced sound.
Specifically, a digital signal which has been digitized in
an arbitrary small number of bits is divided into digital
signals each having a predetermined number of bits, and the
probability that the divided digital signals will be gener-
ated is determined. Based on the determined probability, an
interpolation table required for an interpolation process is
generated, and interpolation data of an error portion are
produced by referring to the interpolation table.

It is assumed that the data of a 1-bit XA signal
are represented by b(n), b(n+l}, b(n+2), b(n+3), b(nt+4),

-, and this signal is divided by 4 bits from an arbitrary

position into:

BO = b(n)*2* + b(n+1)*2®> + b(n+2)*2 + b(n+3), and

Bl = b(n+4)*2® + b(n+5)*2?> + b(n+6)*2 + b(n+7),

for example.
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If 4 bits of the XA signal éré (o, 1, 1, 0), then
it may be expressed by:

BO = 0*2° 4+ 1%2% + 1*2 + 0 = 6
which is célculated according to the hexadecimal notation.
In this manner, the above 4-bit XA signal can be converted
into 16 values (symbols) ranging from “0” to “f” according
to the hexadecimal representation.

That is, the XA signal can be expressed by:

0= (0, 0, 0, 0) 8 = (1, 0, 0, 0)
1= (0, 0, 0, 1) 9 = (1, 0, 0, 1)
2 = (0, 0, 1, 0) a= (1, 0, 1, 0)
3= (0, 0,1, 1) b= (1, 0, 1, 1)

4 = (0, 1, 0, 0) c=(1, 1, 0, 0)

5= (0, 1, 0, 1) d = (1, 1, 0, 1)

6 = (0, 1, 1, 0) e = (1, 1, 1, 0)

7= (0, 1, 1, 1) f=(1, 1,1, 1).

An example of hexadecimal representations of the
data of a XA signal produced when an actual music signal is
inputted is illustrated in Table 4 shown in FIG. 22.

As can be seen from Table 4, the data of a ZA
signal produced when an actual music signal is inputted con-
tain almost no data of “0” and “f”, but mostly data of “5”,
“a”, “6”, and “c”. This is because the XA signal expresses
the original music signal with the density of 1-bit values
of “1” and “0”, and the data of *“0” and “f” correspond to
negative and positive maximum levels which do not often ap-

pear in the actual music signal.
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If the XA signal represents é'ﬁuélc signal, then
there appears to be a correlation between symbols of the XA
signal. An examination of the probability that two succes-
sive symbols (trains of symbols) will be generated indicates
that the symbols have a distribution as illustrated in Table
5 shown in FIG. 23.

Table 5 can be interpreted to indicate the prob-
ability of a transition from a certain symbol to a certain
symbol. For example, after a symbol “1”, a symbol “a” ap-
pears with a probability of 50 %, and a symbol “c” appears
with a probability of 31 %.

The application of the above concept to interpo-
lating data which are lost due to noise or an error in a
data transmission circuit signifies that if a symbol preced-
ing a lost symbol is known, the lost symbol can be estimated
to a certain degree from the transition probability of the
known symbol. 1In the above example, if a symbol preceding a
lost symbol is “1”, then a symbol which comes after the sym-
bol of *”1” is considered to be ”a” of a highest probability,
and can be used as interpolating data.

Based on the occurrence probability shown in Ta-
ble 5, an interpolation table can be created by gathering a
symbol of a highest probability which are generated immedi-
ately after a symbol. With respect to all the symbols hav-
ing an occurrence probability of “0” in Table 5, “5” and “a”

indicative of “0” for the XA signal may be used as interpo-
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lation data. BAn example of such interpoiation data 1s il-
lustrated in Table 6 shown in FIG. 24.

In FIG. 25, a digital audio signal supplied to a
data input terminal 101 is supplied to a delay circuit 102
having a delay time corresponding to 4 bits of a train of
data. A digital signal from the delay circuit 102 is sup-
plied to a data selector 103.

The digital signal from the data input terminal
101 is supplied to a memory 104 which successively stores 4-
bit digital signals. The 4-bit digital signals stored in
the memory 104 are supplied to a ROM table 105 which con-
tains the interpolation data in Table 6. The digital sig-
nals from the ROM table 105 are successively supplied to the
data selector 103.

An error-detecting signal indicative of whether
the digital audio signal supplied to the data input terminal
101 is correct or not is supplied from an error-detecting
circuit (not shown) to an error-correcting signal input ter-
minal 106. The error-detecting circuit detects whether an
error has occurred or not based on an error-detecting which
is added to the digital audio signal, when it decodes the
digital audio signal. The error-detecting signal from the
error-correcting signal input terminal 106 is supplied to a
control circuit 107. The control circuit 107 supplies a
control signal to the data selector 103 and the memory 104.

When an error is detected in the digital audio

signal supplied to the data input terminal 101 and an error-
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detecting signal is supplied to the error—correctiﬁg'signai" '
input terminal 106, the control circuit 107 supplies a con-
trol signal to the memory 104, which holds 4 bits preceding
the digital signal which has suffered the error.

The 4 bits are supplied to the ROM table 105, in
which the above interpolation table is referred to, generat-
ing interpolation data. The interpolation data from the ROM
105 are supplied to the data selector 103, which is con-
trolled by the control signal from the control circuit 107.

Therefore, when an error-detecting signal is sup-
plied to the error-correcting signal input terminal 106, 4
bits preceding the error are held by the memory 104. Then,
interpolation data are generated by the ROM table 105 based
on the 4 bits, and selected by the data selector 103 and
outputted to a data output terminal 108.

Consequently, if an error occurs to a digital
signal which has been digitized in an arbitrary small number
of bits by XA modulation or the like, then the apparatus
shown in FIG. 25 divides the digital signal into digital
signals each having a predetermined number of bits, deter-
mines the probability that the divided digital signals will
be generated, generates an interpolation table required for
an interpolation process based on the determined probabil-
ity, and produces interpolation data of the error portion by
referring to the interpolation table. Therefore, it is pos-
sible to obtain interpolation data that are mostly likely to

be originally present in the error portion. The digital
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signal can thus be interpolated very well with'a'siﬁple ar-
rangement.

The above apparatus for interpolating a digital
signal which has been digitized in a given small number of
bits has an interpolation table generated based on the oc-
currence probability of digital signals each having an arbi-
trary number of bits, divided from a digital signal, means
for referring to the interpolation table to obtain interpo-
lation data of an error portion of the digital signal if the
digital signal suffers an error, and means for replacing the
error portion of the digital signal with the interpolation
data obtained from the interpolation table and outputting
the digital data. The apparatus is thus of a simple ar-
rangement for interpolating the digital signal very well.

In the above description and the fifth embodi-
ment, interpolation data are determined from 4 bits (1 sym-
bol) preceding an error portion. However, more accurate
interpolation data may be obtained by considering data fol-
lowing the error portion as well as the data preceding the
error portion. Much more accurate interpolation data may be
obtained by taking into consideration data of 8 bits (2 sym-
bols) preceding and following the error portion.

FIG. 26 shows an arrangement according to a sixth
embodiment for obtaining interpolation data by taking into
consideration data of 8 bits (2 symbols) preceding and fol-
lowing the error portion. Those parts shown in FIG. 26

which are identical to those shown in FIG. 25 are denoted by
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identical reference numerals, and will not bé*described”in
detail below.

In FIG. 26, the 4-bit memory 104 shown in FIG. 25
is replaced with two 8-bit memories 104a, 104b. First, the
memory 104a is supplied with a control signal from the con-
trol circuit 107 for holding 8 bits preceding an error por-
tion. After elapse of a time corresponding to 8 bits after
the end of the error portion, the memory 104b is supplied
with a control signal from the control circuit 107 for hold-
ing 8 bits following the error portion.

A ROM table 105x contains an interpolation table
generated from a total of 16 bits including the 8 bits pre-
ceding and following the error portion. Interpolation data
generated by the ROM table 105x are supplied to the data
selector 103, which is controlled by a control signal from
the control circuit 107. The delay circuit 102 has a delay
time corresponding to 12 bits of a train of data, for exam-
ple.

In this manner, interpolation data of 4 bits (1
symbol) can be obtained by considering the data of 8 bits (2
symbols) preceding and following the error portion.

If an interpolation table is created from the
train of data (16 bits in total) composed of 8 bits preced-
ing and following the error portion, then the size of the
interpolation table is 2' = 65536. Since the interpolation
table contains trains of data which are substantially not

generated in an actual XA signal, no table is created for
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such data trains, but interpolation data of “3” oz.”a""are """
given as is the case with the above data of 4 bits, thereby
reducing the size of a table used in actual circuits.

An example of a waveform which was actually in-
terpolated by the method according to the sixth embodiment
is shown in FIG. 28. The signal shown in FIG. 28 represents
data of a sine wave sampled at 2.822 MHz with 1 bit and hav-
ing an amplitude which is of - 50 dB from the full scale,
the sine wave being subjected to 4-bit errors at constant
intervals. FIG. 27 shows a waveform corrected by the con-
ventional method of holding values preceding the errors.

FIG .28 shows the waveform interpolated using 8 bits preced-
ing and following the errors according to the sixth embodi-
ment of the present invention. A comparison of the wave-
forms shown in FIGS 27 and 28 clearly shows that high-level
noise is prevented from being produced by the method accord-
ing to the present invention.

In the above description and the fifth embodi-
ment, 4-bit data are interpolated as a 1 symbol. However,
the length of data to be interpolated is not limited to 4
bits, but may be of another value as with the sixth embodi-
ment. Data of a different length can similarly be interpo-
lated by generating an interpolation table corresponding to
the different length.

In the above description and the fifth and sixth
embodiments, an interpolation table is created based on data

of a 2A signal produced when a music signal shown in Table 4
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above is inputted. However, different data may possibly pe =

produced when a signal representative of a recorded conver-
sation or the like is inputted. Consequently, interpolation
tables corresponding to the respective types of original
signals of digital signals may be generated, and may be
switched depending on the type of an original signal which
is actually inputted. A seventh embodiment directed to such
different interpolation tables will be described below with
reference to FIG. 29. Those parts shown in FIG. 29 which
are identical to those shown in FIG. 25 are denoted by iden-
tical reference numerals.

In FIG. 29, ROM tables 105a, 105b store interpo-
lation tables generated according to the fifth embodiment
based on the data of XA signals of different types. For
example, the ROM tables 105a, 105b store interpolation ta-
bles corresponding to digital audio data based on different
types of music information such as classical music, jazz,
etc.

When an error-detecting signal is inputted to the
error-detecting signal input terminal 106, the control cir-
cuit 107 controls the memory 104 to store data of a prede-
termined number of bits, e.g., data of 4 bits, preceding an
error in a digital signal. The data stored in the memory
104 are supplied to the ROM tables 105a, 105b. From the
data supplied to the ROM tables 105a, 105b, interpolation
data are generated based on the interpolation tables stored

in the ROM tables 105a, 105b.
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The interpolation data outputted from the ROM

tables 105a, 105b are supplied to a data selector 109.

Based on a type decision signal supplied to an input termi-

nal 110, the data selector 109 selects either the interpola-
tion data outputted from the ROM table 105a or the interpo-

lation data outputted from the ROM table 105b, and supplies

the selected interpolation data to the data selector 103.

The digital signal inputted to the input terminal
101 contains additional information indicative of the type
of the signal, e.g., information indicative of a music genre
such as classical music or jazz, if the digital signal is a
digital audio signal. The type decision signal represents a
determined result of the information indicative of the type
of the signal which is determined by a decision means (not
shown).

During an interval in which no error is gener-
ated, the output terminal 108 outputs data based on a digi-
tal signal delayed by the delay circuit 102. During an in-
terval in which an error is occurring, the output terminal
108 outputs the interpolation data selected by the data se-
lector 109.

With the arrangement shown in FIG. 29, an inter-
polation table depending on the type of an original signal
of a digital signal is selected for producing optimum inter-
polation data depending on the type of the original signal.

An eighth embodiment of the present invention

will be described below with reference to FIG. 30. Those
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parts shown in FIG. 30 which are identical tb“those.shéwn'iﬁ'“'
FIG. 25 are denoted by identical reference numerals.

According to the eighth embodiment shown in FIG.
30, an interpolation table is generated according to a sup-
plied digital signal. In FIG. 30, a digital signal from the
data input terminal 101 is supplied to the delay circuit 102
and the memory 104, and also to a calculating circuit 111
which determines the occurrence probability of the digital
signal. According to the occurrence probability, an inter-
polation table is created and written in a storage unit 105y
which comprises a RAM, for example.

In FIG. 30, while an error is not being detected
by the error-detecting circuit (not shown), a digital audio
signal inputted to the data input terminal 101 is outputted
through the delay circuit 102 and the data selector 103 from
the data output terminal 108. With no error being detected,
a calculating circuit 111 calculates the occurrence prob-
ability of the data of the digital audio signal inputted
from the data input terminal 101 to generate an interpola-
tion table, based on a control signal from the control cir-
cuit 107. The interpolation table is written in the storage
unit 105y.

Thereafter, when an error is detected by the er-
ror-detecting circuit and an error-detecting signal is sup-
plied through the error-detecting signal input terminal 106
to the contreol circuit 107, 4-bit data preceding the error,

for example, are supplied to the memory 104. The data read
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from the memory 104 are supplied to the storége uﬁiﬁ 105y; 
and interpolation data are generated based on the interpola-
tion table in the storage unit 105y and supplied to the data
selector 103.

Since the data selector 103 has been switched to
output the interpolation data from the storage unit 105y
based on the control signal from the control circuit 107,
the interpolation data replace or are inserted in the error
portion of the data of the digital audio signal inputted
from the data input terminal 101, and then the digital audio
signal is outputted from the data output terminal 108. The
calculating circuit 111 may not calculate the occurrence
probability as shown in Table 5, but may count patterns of
preceding and following symbols of the inputted digital
audio signal.

In this manner, a interpolation table is gener-
ated depending on a supplied digital signal to obtain opti-
mum interpolation data depending on the digital signal.

The method of and the apparatus for interpolating
a digital signal according to the present invention are
preferably used in the transmission (recording and reproduc-
ing) of a digital signal, for example.

Specifically, for transmitting (recording and
reproducing) a digital signal, the digital signal is divided
into digital signals each having a predetermined number of
bits, and a synchronizing signal and an error-correcting

code are added to each of the divided digital signals for
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transmission. FIG. 31 shows an apparatus fof'fecordiné and
reproducing such a digital signal. Those parts shown in
FIG. 31 which are identical to those shown in FIG. 25 are
denoted by identical reference numerals.

In FIG. 31, an inputted audio signal from an in-
put terminal 121 is supplied through an adder 122 to an in-
tegrator 123. A signal from the integrator 123 is supplied
to a comparator 124, which compares the supplied signal with
a midpoint potential of the inputted audio signal, and quan-
tizes the supplied signal into a l-bit quantized signal in
each of sampling periods. The frequency of the sampling
periods (sampling frequency) is 64 or 128 times the conven-
tional sampling frequency of 48 kHz or 44.1 kH=z.

The quantized signal is supplied to a delay unit
125, which delays the quantized signal by one sampling pe-
riod. The delayed signal is then supplied through a 1l-bit
D/A converter 126 to the adder 122, which adds the delayed
signal to the audio signal inputted from the input terminal
121. The comparator 124 outputs a quantized signal repre-
sentative of the inputted audio signal as it is subjected to
2A modulation. The quantized signal outputted from the com-
parator 124 is supplied to an adding circuit 127 which adds
a synchronizing signal and an error-correcting code (ECC) to
a quantized signal per predetermined number of samples. The
quantized signal to which the synchronizing signal and the

error-correcting code are added is supplied to a recording
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head 128, which records the gquantized signal on a magnetic
tape 129 as a recording medium.

FIGS. 32A ~ 32C show a signal format for a signal
recorded on the recording medium (magnetic tape) 129. A
digital signal is divided into data symbols DD,D,+-- with 4

bits (b,, b,, b,, b,) constituting one data symbol D,, as

t

shown in FIG. 32A. As shown in FIG. 32B, 12 data blocks D,
D,,, for example, are grouped together as one block, and syn-
chronizing signals S, ~ S, and error-correcting codes P, ~ P,
are added to each of such blocks.

The apparatus thus allows a transmission error
produced while a signal is being recorded or reproduced to
be detected and corrected. The recording and reproducing
apparatus may interleave or otherwise process data in order
to provide sufficiently against a burst error generated on
the magnetic tape.

The signal recorded on the magnetic tape 129 is
reproduced by a playback head 130. The reproduced signal is
supplied to a synchronizing signal separator and an error-
correcting circuit 131, which effects an error correction
using the error-correcting codes P, ~ P, to obtain a repro-
duced digital signal. If no error correction is possible,
then the synchronizing signal separator and an error-
correcting circuit 131 generates an error-detecting signal
as described above.

The reproduced digital signal is supplied to the

delay circuit 102 and the memory 104, and the generated er-
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ror-detecting signal is supplied to the control circuit 107;
When the error-detecting signal is supplied to the control
circuit 107, the control circuit 107 supplies a control sig-
nal to the memory 104, which holds 4 bits preceding a digi-
tal signal that has suffered the error. The 4 bits are sup-
plied to the ROM table 105 to generate interpolation data.
The interpolation data from the ROM table 105 are supplied
to the data selector 103, which selects the interpolation
data when the error-detecting signal is supplied. The in-
terpolation data are now delivered to the data output termi-
nal 108.

In this manner, an inputted audio signal is sub-
jected to XA modulation and recorded, and a recorded digital
audio signal is error-corrected. If such error correction
is not possible, the digital signal is interpolated and re-
produced.

Since a digital signal to be recorded or repro-
duced is divided into digital signals each of a predeter-
mined number of bits, e.g., 4 bits, and an error is cor-
rected in each of the divided digital signals, an error por-
tion is generated in each of the divided digital signals.
Therefore, an interpolation process can be carried out in
each of the divided digital signals, and an interpolation
table can be created in a manner to match each of the di-
vided digital signals. As a result, a good interpolation

process can be carried out with a simple arrangement.
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With the above methods and apparatué,-e&én ir a
signal portion is lost from a digital audio signal composed
of a small number of bits, such as a l1-bit signal produced
by 2A modulation, for example, due to a failure of the
transmission system, maximum-level noise is prevented from
being produced at the lost signal portion.

Consequently, with the above methods and appara-
tus according to the present invention, a digital audio sig-
nal composed of a small number of bits, such as a 1-bit sig-
nal produced by ZA modulation, for example, can be transmit-
ted (recorded and reproduced) without damage to its charac-
teristics. While the present invention has been described
with respect to an interpolation process effected on 1-bit
data that have been subjected to XA modulation, the present
invention is also applicable to 4-bit data that have been
subjected to XA modulation. It should be noted that various
modifications can be made in the present invention without

departing from the spirit of the present invention.
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