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I n respectlve ba adapt |
the time axis- or the frequency axis, and the number of bits is

adaptively allocated to respective channels. For example, there are
coding. techniques such as band division coding {sub-band coding: SBC)
to divide an audio signal on the time axis into signal” components in a

plurality of frequency bands to carry out coding thereof; adaptive
10 transform coding (ATd) for transforming {orthogonal-transforming) a
signal on the time axis to a signal on the frequency axis thereby to
divide that signal into signal components in 8 plurslity of frequency
bands adaptively to carry out coding in respective bands; adaptive bit
ellocation {APC-AB) in which SBC and ada_ptive predictive coding (APC)
15 are combined to divide a signal on the time axis into signal components
in &8 plurslity of bands to transf‘orm signal components in respective
bands to those in & base band (low frequency band), thereafter to carry
out a linear predictive analysis; and the like.
Efficient coding techniques in which the masking characteristic
20 in the hearing of a human being is taken into consideration have been
"attempted. The masking effect is the phenomenon that & signal is
masked by another signal, so it cannot be heard. The masking effect
may occur on the time axis or on the Frequency exis.
The masking phenomenon on the frequency axis is the effect that
25 & signal compénent in a freguency band is masked by a signal component
in another frequency band, so the former signal component cannot be
heard. As the masking effect on the time axis, there are the temporal
nasking effect and the simultanecus masking effect. The simultaneous
masking effect is the effect that a small sound occurring
30 simultaneously with a loud sound is masked by the loud sound, so it
cannot be heard. , The temporal masking effect is the effect that small
sounds preceding and succeeding & loud sound are masked by the loud
sound, so they cannot be heard. The masking backward in time by the
loud sound is called forward masking, and the masking forward in time
35 by the loud sound is called backward masking. In temporal masking,
from the viewpoint of human hearing," -the effect of forward masking is
effective for a long time {(for example, about 100 msec}, whereas the
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, 5 even if the number of bits allocated for quantization of a masked
’ signal component is reduced in quantization of an audio signal,
perceived deterioration can be lessened. -
" For more efficient coding the bit compression ratio must be .
increassed. However, generally, in carrying out bit compression making
10 use of the masking effect, only the masking effect in signals on the
frequency axis or the masking effect in signals on the time axis can be
used.
In addition, in reducing the bit rate due to the masking effect
on the time axis, it is desirable for effectively utilizing the masking
15 effect on the time axis to allow the processing time block length to be
long. However, this makes real time processing difficult.
According to the present invention there is provided a digital
signal encoder comprising: .
first frequency analysis means of the non-block type for carrying out
20 frequency analysis of an input digital signal;
second frequency analysis means .of the block type for further carrying
out fxl'equency analysis of frequency components analyzed by said first
, frequency analysis means;
i first noise level setting means for setting a first allowable noise
25 level on the basis of the energy of each frequency component within a
predetermined time period of outputs from said second frequency
analysis means;
second noise level setting means for setting a second allowable noise
level of each frequency component within said predetermined time period
30 on the basis of the energy of at least one of data preceding in time
and data succeeding in time outputs from said second frequency analysis
means; and
quantization means for quantizing an output from said second frequency
analysis means;
35 & quantization characteristic of said quantization means being set on
the basis of outputs from said first and second noise level setting

means.
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sound quality, by eéffectively utilizing both the maslcing effect with
respect to signals on the frequency axis and the masking effect with
5 respect to signals on the time axis, thus pemitting the bit rate to be
reduced. : '

The invention will now be described by way of example with
reference to the accompanying drawings, throughout which like parts are
referred to by like references, and in which:

10 Figure 1 is a block diagram of a digital signal encoder according

; to this invention; '

Figure 2 is a block circuit of a filter bank;
Figure 3 is a diagram for explaining blocks and predetermined
time periods in the embodiment; '

15 Figure 4 is a diagram showing the bark spectrum;

; Figure 5 is a circuit diagram showing the filter circuit;

- Figure 6 is a diagram showing a masking spectrum; and

Figure 7 is a diagram in which the minimum audible curve and the
masking spectrum are synthesized.

20 An embodiment of digital signal encoder comprises, as shown in

e

Figure 1, a filter bank 10 serving as first frequency analysis means of

]

the non-block type for carrying out frequency analysis of an input
digital signel supplied to an input terminal i, fast Fourier transform

{FFT) circuits 20, 40 and 60 serving as second frequency analysis means
25 of the block type for further carrying out freguency analysis of
} frequency components analyzed by the filter bank 10, and guantization
L circuits 29, 49 and 69 for quantizing respective outputs (FFT
i coefficient data) from the FFT circuits 20, 40 and 60. A masking
spectrum calculation circuit 75 serves as first noise level setting

30 means for setting a first allowable noise level on the basis of
energies of respective frequency components within predetermined time
periods (for example, time periods Bl to B3 ... of Figure 3 which will
be described later) of outputs from theé FFT circuits 20, 40 and 60; and
time period delay circuits 23, 43 and 63, synthesis circuits 50 and 70,

35 a 5 ms delay (DL) circuit 51, 2.5 ms delay circuits 71, 72 and 73, a
selection circuit 52, a synthesis/selection circuit 74, and weighting
synthesis circuits 24, 44 and 64 serve as second noise level setting
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is reduced in quantization of .an.audi o signal, perceived detérioration can
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dividing the input digital signal into signal components in a plurality
of frequency bands (three bands in this embodiment), including at least
one filter {for example, & mirror filter such as a so-called QMF}. The
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10 FFT circuits 20, 40 and 60 carry out fast Fourier transformation of
signals every block. The band division means (filter bank 10) carries
out & division such that the bandwidth becomes larger as the freguency
band shifts to a higher frequency. The FFT circuits 20, 40 and 60
carry out processing such that the bloc_:k time length where the fast

15 Fourier transform processing is carried out becomes smaller as the
frequency band shifts to a higher frequency. At least one datum at the

second noise level setting means is caused to be data preceding in

: time. In addition, the second noise level setting means sets the

: second noise level on the basis of energies of data which are the same

g 20 in terms of the frequency components for periods different in time. An
6utput from the encoder is derived from an output terminal 2.

An ipput digital audio signal of DC to 22 KHz obtained by
sampling, for example at the sampling frequency fs = bfi,1 Kz is
supplied to the input terminal i1 and thence to the filter bank 10. The

25 filter bank 10 includes, as shown in Figure 2, two stages of QMFs 11
and 12 cascade-connected. The input digital asudio signal is supplied

‘ to the QMF 11 which divides it into signal components in two frequency
' bands meeting at 11 KHz. Accordingly, output signals in the frequency
bands of DC to 11 KHz and 11 to 22 KHz are provided from the QMF 11,

r 30 The output signal 11 to 22 KHz is supplied to the FFT circuit 60
through a terminal 13. On the other hand, the output signal DC to

11 KHz is supplied to the QMF 12 which divides an input signal into
signal components in two frequency bands meeting at 5.5 KHz.
Accordingly, output signals in the frequency bands of DC to 5.5 KHz and

35 5.5 to 11 KHz are provided from the QMF 12, The signal 5.5 to 11 KHz
is supplied to the FFT circuit 40 through a terminal 14, and the signal

DC to 5.5 KHz is supplied to the FFT circuit 20 through a terminal 15.
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becomes larger as the frequency band shifts to a higher frequency. It
5 is to be noted that while the filter.domprises QMFs in the example of
Figure 2, there may be emplgx;ed a. structure using band-pass filters.

In the FFT circuit 20 supplied with a signal in the frequency
band of DC to 5.5 KHz from the filter bank 10, the signal is divided
into signal .components in the form of blocks every 10 ms to carry out

10 FFT processing every block. In the FFT circuit 40 supplied with a
signal in the fr;equency band of 5.5 to 11 KHz, FFT processing on a
block basis every 5 ms is carried out. In the FFT circuit 60 supplied
with a signal in the frequency band of 11 to 22 KHz, FFT processing on
a block basis every 2.5 ms is carried out. Thus, in the FFT circuits

15 20, 40 and 60 serving as the second frequency analysis wmeans,
processing such that the block length subjected to FFT becomes smaller
~as the frequency band shifts to a higher frequency is carried out. As
stated above, in this embodiment, in forming blocks at respective FFT
circuits 20, 40 and 60, the time block length is smaller at a higher

20 frequency band thereby to allow the time resolution at the higher
frequency band to be high and allow the time resolution at the lower
freguency band to be low to increase the number of samples within one
block, thus allowing the frequency resolution to be high. Thus, since
ordinary audio signals have short steady state periods in a high

25 frequency band, it is appropriate that the time resolution in a high
frequency band is caused to be high as described above. Moreover,
since the frequency resclution of human hearing is generally high in &
low frequency band, it is also appropriate that the frequency
resolution in a low frequency band is caused to be high as described

30 above. _ .

The time block of the processing by the filter bank 10 and the
respective FFT circuits 20, 40 and 60 is shown in Figure 3. Thus, in
Figure 3, there are shown the band division and respective processing
units (blocks) of FFT, etc, and respective blocks are designated by

35 three parameters p, q and r, shown b (p, g, r) in the figure, where p
represents elapsed time, g represents a band, and r represents a time
block. In Figure 3, it is indicated that one time block in each band
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band PC to 5.5-KHz. It is also indicated that one time block length is
5 ms in ‘the medium f‘requency band 5. 5 to 11 KHz, and that one time
block length 1s 2. 5 ms in the high frequency band 11 to 22 KHz. ‘
5 _FFT coefficient data of every band obtained by FFT Pr_ocessinﬂg in
the FFT circuits 20, 40 and 60 are supplied to the quantization
circuits 29, 49 and 69, where they are quantized. At this time, for
example; in every respective predetermined time period Bl to B3 ... of
Figure 3, quantization processing is carried out. In this
10 quantization, there is carried out an adaptive guantization in which
the quantization characteristic (bit allocation) of gquantization is
changed on the basis of outputs from the first and second noise level
setting means obtained in consideration of the masking effect with
respect to signals on the frequency axis, and the masking effect with
15 respect to signals on the time axis as described later. It is here
noted that the respective predetermined time .periods Bl to B3 ... are
set to 10 ms which is the minimum unit of the processing at the FFT
circuit 20. _ .
The first and second allowable noise levels for carrying out such
20 an adaptive quantization are determined in practice as follows.
Output data of the FFT circuits 20, 40 and 60 are further divided
into data in so-called critical bands. The critical band here
mentioned is & band in which human hearing is taken into consideration.
More particularly, when a pure sound is masked by a narrow band noise
25 having the same intensity including a pitch of the pure sound, the
critical band refers to a band of & noise such that the bandwidth
becomes broad as the frequency band shifts to a higher frequency. In
this embodiment, such a critical band ‘division is employed thereby to
allow the bandwidth to be broader as the frequency band shifts to a
30 higher frequency, thus to divide the band concerned into, for .example.
25 bands. To carry this out, output data .(frequency band DC to
5.5 KHz) from the FFT circuit 20 are further divided into data in, for
example, 20 bands on the side of the low freguency band of the critical
band by the critical band division circuit 21. Moreover, output data
35 (5.5 to 11 KHz) from the FFT circuit 40 are further divided into data
in, for example, 3 bands in a medium frequency band of the critical
band by the critical band division circuit 41. In addition, output
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5 are supplied to energy detection circuits 22, 42 and 62, respectively.
In the respective energy detection circuits 22, 42 and 62, energies
(spectrum intensities in respective bands) of data every respective
time block, and respective critical bands at the FFT circuits 20, 40
_and 60 are determined, for example, by taking a sum total of amplitude
10 values in respective bands {the peak or average of the amplitude value,
or energy sum total). Outputs from the energy detection circuits 22,
42 and 62, that is, the spéctrum of the sum total every respective
critical band is generally called a bark spectrum. The bark spectrum
SB in each band is as shown in Figure 4, for example. It is to be
15 noted that the above-mentioned critical band is represented as 12 bands
for brevity of explanation in Figure 4.
Here, in order to allow the influence in the masking on the
frequency axis of the bark spectrum SB to be taken into consideration,
a predetermined weighting function is convoluted onto the bark spectrum
20 SB. To realize this, outputs from the energy detection circuits 22, 42
and 46, that is, respective values of the bark spectrum SB are supplied
to the masking spectrum calculation circuit 75 serving as the first
noise level setting means. The masking spectrum calculation circuit 75
includes a filter circuit 76, a function generation circuit 77, &
25 subtracter 78, and a divider 79 respectively corresponding to the
energy detection circuits 22, 42 and 62. Accordingly, the outputs from
each of the energy detection circuits 22, 42 and 62 is supplied to the
filter circuit 76. The filter circuit 76 is, as shown in Figure 5, for
example, composed of delay (Z7') elements .. 101, to 101, ... for

30 delaying input data in sequence, multipliers ... 102

.3 to 102, ... for

multiplying outputs from respective delay elements by a filter
coefficient (weighting function), and a sum total adder 104. At this
time, at the respective multipliers 102, , to 102,,,, the convolution
processing of the bark spectrum SB is carried out as follows. For
35 example, at the multiplier 102, ,, outputs from respective delay
elements are multiplied by the filter coefficient 0.0000086; at the
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: the multiplier 102_,,, those outputs are mmliiplied by the filter

coefficient 0.06; and at the multiplier 102_,, those outputs are

multiplied by the filter coefficient 0.007. By the convolution

' processing mentioned above, the sum total of the portions indicated by

10 dotted lines in Figure 4, added by the adder 104 is taken. The sum
total thus provided is outputted from the output terminal 105.

Meanwhile, in the level a corresponding to the first allowable

noise in the case of calculating the masking spectrum of the bark

spectrum SB {allowable noise spectrum), if the level a is small, the

15 masking spectrum {masking curve) with respect to signals on the

frequency base will be lowered. As a result, the number of bits

allocated in quantization at the quantization circuits 29, 49 and 69

must be increased. In contrast, if the sabove-mentioned level a is

large, the masking spectrum will be raised. As & result, the number of

20 bits allocated in guantization can be decreased. It is to be noteﬂ

that the level a corresponding to the first allowable noise level

refers to a level such that there results the first allowable noise

level in every band of the critical band, by carrying out the

deconvolution processing as described later. Moreover, generally in

25 audio signals, etc, the spectrum intensity (energy) in the high

frequency band portion is small. Accordingly, in this embodiment, &

technique is adopted taking the above circumstances into consideration

to allow the level a to be larger as the frequency band shifts to a

higher frequency where the energy is small, thus to decrease the number

30 of bits allocated at the high frequency band portion. From the above

point of view, at the masking spectrum calculation circuit 75, the

above-mentioned level a with respect te the same energy is set to &
higher value as the frequency becomes higher.

Thus, in the encoder of this embodiment, the approach employed is

35 to calculate the level a corresponding to the first allowable noise

level, to effect a control such that the level a becomes high as the
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‘ an allowable function {a function representing the masking level)} for
5 determining the level a is supplied to the subtracter 78. By
increasing and decreasing the allowable function, control of the level
a 1is carried out. This allowable function is supplied from the
function generation function. 77.
_ When the number given in sequence from the low frequency band of
10 the critical band is assumed to be 1, the level a corresponding to the

allowable noise level can be determined in accordance with the

circ
sett

following equation (1):
=8 ~ (n - ai) veves (1)

In equation (1), n and a are constants, respectively, where & >
15 0, S is the intensity of the convolution-processed bark spectrum, and
(n - ai) is an allowable function. Here, as described above, since a
method of decreasing the number of bits from the high frequency band
having less energy is advantageous to reduce the total number of bits,
n is set to 38, and a is set to 1 in this embodiment. There is then no
20 deterioration in sound quality, and satisfactory coding is carried out.
In this way, the above-mentioned level a is determined. These
data are transmitted to the divider 79 which carries out deconvolution
of the level a in the above-mentioned convolution-processed region.
Accordingly, by carrying out the deconvolution processing, a inasking
25 spectrum can be provided from the level a. Namely, this masking
spectrum can be provided from the level a. Namely, this masking

spectrum becomes an allowable noise spectrum determined for every band.

It is to be noted that while the above-mentioned deconvolution

processing requires a complicated cslculation, the simplified divider
30 79 is used in this embodiment to carry out the deconvolution.

In this encoder, the number of bits allocated for quantization in
which the above~described masking on the frequency base is taken into
consideration is determined, and a second allowable noise level of each
frequency component for a predetermined time period is set on the basis

35 of an energy of at least one of data preceding in time and data
succeeding in time for the predetermined period of outputs from the FFT
circuits 20, 40 and 60. Thus, assuming that the above-mentioned
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| Further, at least one data at the second noise level setting means is_
caused to be daﬁa' preceding in time. Namely, by tsking into
consideration the forward masking in which the time of the masking
10 effect is long in the temporal masking, on the basis of data for the
predetermined time period Bl preceding in time, an allowable noise
level for a predetermined time period B2 is determined. Further, the
second noise level setting means sets the second allowable noise level
on the basis of energies of data which are the same in terms of the
15 frequency components for periods different in time. Namely, the second
allowable noise level is set on the basis of energies of data preceding
and succeeding in time of the same frequency band of the critical
bands.
In other words, in the second noise level setting means, by
20  taking into consideration the temporal masking by signals preceding and
succeeding (for preceding and succeeding predetermined time periods Bl
and B3) on the time base adjacent on the time base to a signal at a
current time point (for example, a predetermined time BZ)' of an
arbitrary band where the first allowable noise level is set by the

25_ masking spectrum calculation circuit 75 with respect to the signal at
the current time point (the predetermined time B2) of the arbitrary
+band, an allowable noise level (second allowable noise level) for an
arbitrary band at the current time point (predetermined time B2) is
set. To realize this, each of outputs from the energy detection

30 circuits 22, 42 and 62 is supplied to the time period delay circuits
23, 43, 63 and the 5 ms delay circuit 51, and the 2.5 ms delay circuit

71 of the secpnd noise level setting means.
Bere, these period delay circuits 23, 43 and 63 serve to delay
data respectively supplied thereto every time period of, for example,
35 10 ms which is the processing unit for the predetermined time period.
Further, outputs from the time period delay circuits 43 and 63 are
supplied to synthesis circuits 50 and 70, respectively. The synthesis




" I n addi ti on, thmms@ﬂ@l;m lakgvel setting nmeans sets the second

ti negE

noi-sf | evel on the baS| f data which are the same 20 in
ternf of the frequency %Mﬂm per| ods different in tine. An output
frongt-he encoder is deri tput ermnal 2. An input digital

audi § signal of DCto 22 KHz obt ai ned by sd ling, for exanple at the
sarrpl ng frequency fs = 44.1 KHz is supplled to the input termnal 1 and
thenfe to the i b 0 f b i e in
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selection circuit 52 -carries out a switching selection such that in the
case where data of the $ ins block supplied thereto are the forward
block data within a predetermined time period being processed, those

~ data are caused to be passed therethrough, and in the case where data

10 of the 5 ms block supplied thereto are the backward block data within

a preceding time period of the predetermined time period, those data
aré not caused to be passed therethrough. Thus, assuming that the
predetermined period being processed is the period B2 of Figure 3, the
selection circuit 52 carries out a selection such that when 5 ms block
15 data supplied thereto are the block b (2, 2, 1) in Figure 3, that
circuit is turned ON, and when the above data are the block b (1, 2,
2}, that circuit is turned OFF. The 2.5 ms delay circuit 71 carries
out delay every block of 2.5 ms., Outputs from the 2.5 ms delay circuit
71 are supplied in sequence to the 2.5 ms delay circuits 72 and 73.
20 Each of the outputs from the 2.5 ms delay circuits 71, 72 and 73 is
supplied to the synthesis/selection circuit 74, The
synthesis/selection circuit 74 carries out & switching selection such
that in the case where 2.5 ms block data supplied thereto are the
backward block b {1, 3, 4) within a preceding predetermined time period
25 of, for example, the predetermined period B2, that circuit is turned
OFF, and in the case where those data are the blocks b {2, 3, 1}, b(2,
3, 2) and b {2, 3, 3) within the predetermined time period B2, that
circuit is turned ON. At the same time, when, for example, data of the
block b {2, 3, 2) are supplied to the synthesis/selection circuit 7,
30 the synthesis/selection circuit 74 synthesize this block and the
forward block (2, 3, 1); when data of the block b (2, 3, 3} are
supplied to the synthesis/selection circuit 74, it synthesizes this
block and the forward two blocks b (2, 3, 1) and b (2, 3, 2); and when
data of the block b (2, 3, 4) are supplied to the synthesis/selection
35 circuit 74, it synthesizes this block and the forward three blocks b
(2, 3, 1), b {2, 3, 2) and b (2, 3, 2}.
An output from the time period delay circuit 23 is supplied to




ﬁw i.s supplied to the QW 12 which divides an input signal into signal
fnents in two frequency bands neeti ng at SWsmHZtHaAB&QR@Q}Y out put

S|gnls in the frequency bands of DC to. 5.5 KHz o 11 KHz are
provg ided fromthe QW 12. The signal 5.5 tqzll to the FFT

circit 40 through a ternminal 14, and the 5| gnal I's supplied
to tge FFT circuit 20throughatermnal 5 Thus, in the filter bank
10 s@rving as tﬂsmwéiglsﬁinﬁrsyqsﬁhw afﬁiu‘jm&,mﬂipﬂts fnom mhats;dwgesﬁ ciomdd
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shiffs to a hlgimuitrél&uemsi dutputs f‘rom the synthesis circuit 7 and the
| synthesis/selection circuit 74 are supplied to the weighting synthesis
5 circuit 64. Further, data from the masking spectrum calculation
circuit 75 are a1~sc; supplied to respecti{re'weighting synthesis circuits
24, 44 and 64. Here, respective weighting synthesis circuits 24, 4l
and 64 synthesize weighting coefficients in which the masking effects
on the freguency base and the time base are taken into consideration
10 with respect to data supplied thereto. Namely, these weighting
coefficients are coefficients set by taking the masking effect into
consideration. For example, in the case where & signal for a
predetermined time period and time blocks preceding or succeeding a
signal for a current predetermined period and respective time blocks is
15 normalized, so that it takes a value of 1, a weighting coefficient
corresponding to a level exerted on the signal for the current
predetermined time period and the time blocks based on the masking
{masking and temporal masking with respect to a signal on the frequency
base, or the like) on the frequency axis and the time axis by the
26 signal for the preceding or succeeding predetermined time period and
time blocks is weighted. with respect to the signal for the preceding or
succeeding predetermined time period and time blocks. Thus, the
allowable noise level (masking spectrum) utilizing the masking effects
on the frequency axis and the time axis can be set. '
25 It is to be noted that while the above-described masking spectrum
in which the masking effect is taken into consideration is determined
within the same critical band, that spectrum is permitted to be a

spectrum in which masking between other critical bands is taken into
consideration.

30 Qutputs from the weighting synthesis circuits 24, 44 and 64 are
further supplied t}ir-ough the synthesis circuits 25, 45 and 65 to
subtracters 27, 47 and 67, respectively. To the subtracters 27, 47 and
67, outputs from the respective energy detection circuits 22, 42 and
62, that is, the previously described bark spectrum SB are also

35 supplied through the delay circuits 31, 56 and 81, respectively.
Accordingly, when subtractive calculations between the masking spectrum
and the bark spectrum SB of the first and second allowable noise levels




S to be noted t hat V\/mIe the filter conprises QWs in the exanple of -
Ft. 'ﬁ‘t‘ dbe enpl oyed & structure using band-pass filters. In the
FF ﬂ lied with a signal in the frequency band of DCto 5.5 -

bank 10, "t he signal |.°1 di vided into signal conponent s
I n the formof bI ocks every 10 ns to carry out 10 FFT processing every

blgqck. In the FFT circuit. 40 supplied with a signal in the frequency band
of 15.5 to 11 Kk cdrkied cRECH6 thd stbtradters R7Ral1 andVe7.y the [Portfonkabf | thd

outl. In the FET circuit lied . with, a, si e nd of
11T o 52" ki, bap sppckances BBl b neter tiiuicated by, ashofeyel [ B peeldlhg, o
Thys, in the Eﬁé'curumcm tave Ifasked ;as4€handi® Figere/ibhg as the second frequency
angl ysi s neans, n t K 4he 0. 5K
bedqonmes snal | er gtcxﬁé&fsr gﬁ%‘g%gy %ﬂttd‘uﬁt%bptgft gL’ &Ei HP% B r?éy t|l:s'3:'e
catfied out. Asmiaaetplab@ﬁreuiﬁm 2% §9er¢9§d|5&er#bmth ROMsi a@ QJC#!@ £8.
regpect i ve FFlespectively. The ROMs 28, 48 and 68 store therein allocation bit

' number information in quantization at the quantization circuits 29, 49
and 69 to output allocation bit number information corresponding. to
outputs from the subtracters 27, 47 and 67, respectively.- Thus, the

10 'quantization circuits 29, 49 and 69 quantize FFT coefficient data
supplied through the delay circuits 30, 55 and 80 by allocating bit
numbers corresponding to outputs from the respective subtracters 27, 47
and 67. In other words, the quantization circuits 29, 49 and 69
quantize components of respective bands by the number of bits allocated

15 in dependence upon level differences between energies in every band of
the critical band allowable noise levels, in which the masking effects
on the frequency axis and the time axis are taken into consideration.
It is to be noted that this bit allocation is not carried out for the
predetermined time pericd, and the number of bits used for respective

20 predetermined time periods is determined in advance. Accordingly, bit

allocation is carried out within one predetermined time period. here

the delay circuits 30, 55 and 80 are provided by taking into account
delay quantities at respective circuits succeeding the critical band

division circuits 21, 41 and 61. Further, the delay circuits 31, 56

and 81 are provided by taking into consideration delay quantities at

respective circuits succeeding the time period delay circuits 23, 43

and 63, the 5 ms delay circuit 51, the 2.5 ms delay circuit 71, and the

masking spectrum calculation circuit 75.

In synthesis at the synthesis circuits 25, 45 and 65, it is
possible to synthesize data indicating the so-called minimum audible
curve {equi-loudness curve} RC of human hearing, as shown in Figure 7,
supplied from minimum audible curve generation circuits 26, 46 and 66
and the above-mentioned masking spectrum. Accordingly, by both
synthesizing the minimum audible curve RC and the masking spectrum MS,
the allowable noise level can be down to the portion indicated by
slanting lines in the figure. Thus, the number of bits allocated to
the portion indicated by slanting lines in the figure can be reduced in




“ircuits 20, 40 and 60, the time block length is smaller at a higher 20
#requency band therebmstsheeaﬂhs(ﬂmert lateine resol ution at the higher

-~frequency, band to be the tine resolution at the | ower
frequency band to be I t he unber of sanples within one
bl ock, thus allow ng the requency resoIJtlon to be high. Thus, since

ordi nary audi o signals have short steady state periods in a'high 25

frequency baruﬂmntiza:tsma.ppfmﬁﬁzleafreaimtshuw 4 1g1Bni X $pbbtian S5Natl dhegbane
frequency band is ca s t o be high as described above. Nbreover si,nce the

frequency resofiti on mardtheHHen geahedimenty o therhi JiVi n°% FBRIPFSqency
band, it is adomig.amamqm sadtethdtathd heoder-aqsmwd rseﬁﬁiadismroces&inkcnﬂ the

(7 eauency DA guf iEhe Bl Uy o385’ bHEC, 8 l0Ufes. 1R el 00K

40 and 605i s mmlwmgmratiahmmum 26 46 and 66 and the synthesis
circuits 25, 45 and 65 in the configuration of Figure 1 be_cone
unnecessary.

Respective outputs from the quantization circuits 29, 49 and 63
quantized by the adaptively allocated bit number in this way are

10 synthesized at & synthesis circuit 90, and an output thus synthesized
is then outputted as a coded output from the output terminal 2.

As described above, the effect with the embodiment is that time
resolution is improved in a higher frequency band, and the frequency
resolution is improved in a lower frequency band. Thgs, processing

15 suitable for human.hearing can be carried out. In addition, at leéast
one datum at the sééond noise level setting means is caused to be data
preceding in time, and the second noise level setting means sets each
second allowable noise level on the basis of energies of data which are
the same in terms of the frequency components for periods different in

20 time. Thus, processing can be effected in a short time.



1 GRIr e own the band division and respective processing units
g Wﬂlﬂ‘&ﬁlﬁﬁﬂlMHWand respecti-ve bl ocks are designated by 35 ..three )
“park A , showmn b (p, g, r) inthe figure, where p represents,
ellapsed tine, q represents a band, and r rggresents a time block. In Figure
3, §t is indicated that one tinme block in each band 6 has a time |ength
| ge resolution) of 10 ns in the | ower frequency band Heet Has Been Képlaced t

l'so indicated that one tine block | eggiés 5 ns in mm
' in
t

hi gh frequency band 11 to 22 KHz. 5 FFT coefficient a.
everly band obt ai ned Abgigifdl wigne® enogldércomprising: :

first frequency analysis means {10) of the hopepiloek type for carrying

5 out frequency analysis of an input digital 8ignal;

second frequency analysis means (20, ko, 60) of the block type for
further carrying out frequency analysig ¢ frequency - components
analyzed by said first frequency analysis hgang (10) ;

first noise level setting means (75) foP getting & fipst allowable

10 noise level on the basis of the energy Of each frequ ency component
within & predetermined time period of gutputs fpom gag d second
frequency analysis means (20, 40, 60);
second noise level setting means (23, 43, £, 50, 70, 51, 71, 72, 73,
52, 74, 22, 44, 64) for setting a second &ljgyapie noise level of each

15 frequency component within said predetermingq time period on the basis
of the energy of at least one of data prgceding in time and data
succeeding in time outputs from said secoiq frequency analysis means
(20, 40, 60); and
quantization means (29, 49, 69) for qu.am,;zmg an output. from said

20 second frequency analysis means (20, 40, ¢,

a quantization characteristic of said quanii,a¢ion means being set on

the basis of outputs from said first and tacond noise level setting

means {75, 23, etc.).

2. An encoder according to cleim 1 whengtn gaig pipgt frequency
analysis means {10) comprises band divisig means for dividing said
input digital signal into signal components 7y o plurality of frequency
bands, including at least one filter (y, 12}, and said second
frequency analysis means (20, 40, 60) comprie,, fast Fourier transform
means for carrying out fast Fourier transfouge o, of g4 gnal components

every block.

3. An encoder according to claim 2 wheres gaid pang division means
carries out a division such that the banGegen pecomes large as the
frequency band shifts to a higher freusncy gaig fast Fourier
transform means carrying out processing suc: “hiat the block time length

where said fast Fourier transform processin; .4 conducted becomes small




'e FFT CIrCUItS 20 40 d 60 are supplied to the quantization circuits
29 49 an mn“\umnﬁjmj ﬁi‘are quantized. At this tinme, for exanple, in
sevely res ned time period Bl to B3 ... of Figure 3,
quafti zation processing is carried outye .In this 10 quantization,
thegje is carried out an adaptive quantization in which the quantization
chagacteristic (bit allocation) of quantization is changed on the basis of
out quts fromthg ther fteqaBicyS B&A EnfflisS 80! £'12kh&C Fhédi@nBpans obtained in
congi deration of the masking effect with respect to signals on the
frequency axis, and the masking effect with 15 respect to signals on the
ting axis as déscr | B cknlcedl@r accdriing tbe¢kminot edlihnl dhelaixs Gediéreen said

pr edet er m ned i d 1t Setyto.l
m nifmum uni t O%L |€or o‘cg'eés%tlgﬁg a?%geﬁf’%r g?irss%u}?v(go&%ﬂme%g? gﬁ seC())nd
al | quabl e rioi séSIdatelm‘ehedinxainwimg out such

5. An encoder according to any one of the preceding claims wherein

said second noise level setting means (23, etc.) sets said second

allowable noise level on the basis of energies of data which are the
10 | same in terms of frequency components for periods different in time.

6. An encoder according to any one of the preceding claims which

comprises a critical band division circuit (21, 41, 61) for further

dividing as & whole an output from said second frequency analysis means
15 (20, 40, 60) into signal components in critical bands.

7. An encoder according to claim 6 wherein said first noise level

setting means {23, etc.) sets said first allowable noise level on the

basis of &an energy determined by a sum total of amplitude wvalues in
20 respective bands of said critical bands.

8. An encoder according to claim 6 wherein said second noise level
setting means (23, etc.) sets said second allowable noise level every
said eritical band.

25

9. An encoder according to claim 6 wherein said second allowable
noise level in an arbitrary band of said critical bands is set on the
basis of said second allowable noise level in another of said critical
bands.

SN
Py

30

10. An encoder according to claim 8 wherein the quantization

characteristic of said quantization means (29, 49, 69) is set in

dependence upon level differences between said energies in every band

of sald critical bands, and said first and second allowable noise
35 levels.
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: 5ian ad on are deternmined in practice as follows. Qutput
2 of th w j‘gﬁlﬂtﬂﬂm 40 and 60 are further divided into data in
$calied Ckl The critical band here nmentioned is a band in
ch. human hearing is taken into considffatlon More particularly, when a
#c sound is nasked by a narrow band noi'se 25- having the same intensity
i ngluding a pitch of the pure sound, the critical band refers to a band of

foi se suchyi hataf Qﬁcm%éﬁrhi%%g”% Bhoask gfe tﬂi%c&dﬁﬁ“%sbﬁ@e%' fts

tofa higher frequency. In this e

i ment, such a critical vision is
Joyed Cnetiagitnsikieioh ensapindaria ot eabaseroasbionsote (et band
exanpl e, ba To,carry this out ut put data (frequency band DC
.5 KHz) ?‘f“’g’ﬁf ‘E}d%ﬁ?ﬁ'“@?‘ %‘ bRsomes, sf“ﬁHO er divided into data in, for

12. An encoder according to any one of the preceding clains wherein

said first allowasble noise level 1s a masking level on the frequency
axis based on human hearing.

10 13. An encoder according to any one of the preceding claims wherein
said second allowable noise level is a masking level on the time axis
based on human hearing.

14, An encoder according to claims 12 and 13 wherein said first and

15 second allowable noise levels are obtained by synthesizing masking
levels on said frequency and time bases and a minimum audible curve
based on human hearing.

15. An encoder according to any one of the preceding wherein said at
20 least one filter of said first frequency analysis means {20, 40, 60) is

a mirror filter.

16. An encoder according to any one of claims 1 to 14 wherein said at
least one filter of said first frequency analysis means (20, 40, 60) is
25 & band-pass filter.

This Sheet Has B
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bby the critical band divfsion circuit 21. Mreover, output data 35
@10 11 KHz) fromthe FFT circuit 40 are further d|V|ded into data in
@exanpl e, 3 bands in a nedium frequency band of the critical band by the

crifcal band division circuit 41. In addijion, output REPLACEMENT SHEET
dta (11 to 22 KHz) fromthe FFT circui t%60. are further divided into data
#for exanple, two bands in a high frequency band of the critical band by

@critical band division circuit 61'4&&&@£?§ fromthe critical band
divgsion circuits 21, 41 and 61 5 are sUpplied to energy detection
cirQuits 22, 42 and 62, respectively.

DIGITAL SIGNAL ENCODERS

5 In a digital signal encoder for analyzing an input digital signal
by frequency maly;ié '-means (10) of the non-block type and frequency
analysis means (20, 40, 60) of the block tyi)e to quantize outputs
obtained, a quantization characteristic (29, 49, 69) is set in the
basis of an allowable noise level based on an energy within a

10 predetermined time period of an output from the block type frequency
analysis means (10) and an allowable noise level based on an energy of
at least one of data preceding and succeeding in time within the
predetermined time period, thereby to provide a real time processing.

15 Figure 1
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I the respective energy det}eg}l on circuits 22, 42 and 62, energies

‘(spectrumintensities in respegtive bands) of tdata-every I esp§C

bl ock, and respective criticalV bands at the F&T .circuius §20, Oh @CE@E&@HEET_
determned, for exanple, by t&king a sumtotal of anplétude 1

val ues I n
respective bands (the peak or Yaverage ofi the a&nplitude~val ue, [of @®BMAR o
total). Qutputs fromthe energy detection cir

cui 22, 42 and}6pR, that is,
t he spectrum of the sumtotal .%E%rﬂ.ﬁ'eg&_ V%Né%?;é al band | s gemeTratty

called a bark spectrum The bark spectrum SB' in each-band is gs_shown in

Figure 4, for exanmple. It is to be 15 noted that the above-nentioned
critical band is repfdgeinventien redatrentie digitads Fanation in

Figure 4. Here, in orstelertieidhd @oairae of Nhddi6netgralst e udskikeg Eiert hare
Ly eduency . Bl hapA e Bt Tos i ABaARD, By 558 i °

signal is divided into signal components of & plurality of channels on

5 the time axis or the frequency axis, and the number of bits is

adaptively allocated to respective channels. For example, there are

coding techniques such as band division coding (sub-band coding: SBC)

to divide an audio signal on the time axis into signal components in a

plurality of frequency bands to carry out coding thereof; adaptive

10 transform coding (A’Dd) for transforming (orthogonal—transfoming) a

signal on the time axis to a signal on the frequency exis thereby to

divide that signal into signal components in a plurality of frequency

bands adaptively to carry out coding in respective bands; adaptive bit

allocation (APC~AB) in which SBC and adaptive predictive coding (APC)

15 are combined to divide a signal on the time axis into signal components

in a plurality of bands to ;:iansf‘om signal components in respective

bands to those in & base band (low frequency band}, thereafter to carry

out & linear predictive analysis; end the like,
Bfficient coding techniques in which the masking characteristic

20 in the hearing of a human being is taken into consideration have been
attempted. The masking effect is the phenomenon that & signel is
masked by another signal, Bo it cannot be heard. The masking effect
may occui on the time axis or on the frequency axis.

The masking phenomenon on the frequency axis is the effect that

25

a signal component in a frequency band is masked by a signal component
in another frequency band, so the former signal component cannot be
heard. As the masking effect on the time axis, there are the temporal
masking effect and the simulteneous masking effect. The simul taneous

masking effect is the effect that a small- sound occurring

30 simultaneously with a loud sound is masked by the loud sound, so it
cannot be heard. The temporal masking effect is the effect that small
sounds preceding and succeeding a loud sound are masked by the loud
sound, so they cannot be heard. The masking backward in time by the
loud sound is called forward masking., and the masking forward in time

35 by the loud sound is called backward masking. In temporal wmasking.
from the viewpoint of human hearing, the-effect of forward masking is
effective for a long time (for exaemple, about 100 msec), whereas the

ho
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20 SB. To realize this, outputs fromthe energy di-t-eeH-eﬁ-«er-r-Cﬂ ts 22, 42

and 46, that is, respective values of the bark spgc érgﬁ‘@ suppi led to
t he maski ng spectrum cal culation circuit 75 servipgfa t oi se

| evel setting neans. The maski ng spectrumcal cul a |1n_gL_gg_L__§anbludes a
filter circuit 76, a function generation gircuit 77, a 25 subtracter 78,
and a divider 79 respectively correspondlng to the
circuits 22,

and Accor di r RSaBAS', 0y
detection ci r8 ‘2‘6%‘9?‘2’“5% gﬂ‘%"“ elil ggtgg%& &?*fq'cei?e 8Tf‘r%w e The
filter cirecui abqu@ b mseg. slinvmidihiﬂ-gm%lsve’f of el ay
(Z[err]) el enﬁ@f& t‘clu- i!@édaﬁ&rdafk fhel, Odrlde L€ labout 30(133 gor bada&a&;!:mgkh@pumsdat a
in sequence, multipliers ., rrl. to ‘.
output's from PERYSECERNE. gEineg %‘f"&‘ﬁ’e bgeﬁvjaa%{’ T?%d"%oeﬁ"%m en%‘é | ng
function), gandven sifmthet aunteddef Bité. alocelted fommuantization e#pecnweed

miltipliers 10;&11 M eohBortht! 85" lreduddd® 100 Q4ahtEJaRlon of an audio signal,
perceived deterioration can be lessened.
For more efficient coding the bit compression ratio must be
increased. However, generally, in carrying out bit compression making
10 use of the masking effect, only the masking effect in signals on the
frequency axis or the masking effect in signals on the time axis can be
used.
In addition, in reducing the bit rate due to the masking effect
on the time axis, it is desirable for effectively utilizing the masking
15 effect on the time axis to allow the processing time block length to be
long. However, this makes real time processing difficult.
According to the present invention there is provided a digitel
signal encoder comprising:
first frequency analysis means of the non-block type for carrying out
20 frequency analysis of an input digital signal;
second frequency enalysis means.of -the block type for further carrying
out frequency analysis of frequency components analyzed by said first
frequency analysis means;
first noise level setting means for setting a first allowable noise
25 level on the basis of the energy of each freguency component within a
predetermined time period of outputs from said second freqguency
analysis means;
second noise level setting means for setting a second allowable noise
level of each frequency component within said predetermined time period
30 on the basis of the energy of at least one of data preceding in time

and data succeeding in time outputs from said second frequency analysis
means; and

quantization means for quantizing an output from said second frequency
analysis means:
35 a quantizetion characteristic of said quantization means being set on

the basis of outputs from said first and second noise level setting
means.
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processing of the bark spectrum SB is carried out as fjolil ows. — FOT

‘exanple, at the nultiplier 102[err], outputs fromregpgc I
el enents are multiplied by the filter coefficient 0.040 %Sq\mﬁt%

mul tiplier 102[err], those outputs are nulgdiplied by g§h 1 C
0.0019; at the nultiplier 102[err], tHose outputsi are multiplied b

the filter coefficient 0.15; at the multiplier 102[err] thos€ ourputs

nul tiplied by the fshb&aaeﬁaeaé Itﬁé%beématc&hwhélapw sigddl2bfddder

th t put ltiplied t.h | t
rrulofleplorjelrou SZ’?‘Q&? ]r‘r’u“f‘rflc?'g'é';'fﬂﬁ't“pﬂ?‘% gﬁ"&é PES‘LE"? CRP@ %b‘ ﬁ%qﬁqet"g?i"fﬁg*% dPent

0. 06; and at tgaendngual{ty,cby m{amV]e1yt¢mezmg potls thecmasking effect with
respect to signals on the frequency axis and the masking effect with
5 respect to signals on the time axis, thus permitting the bit rate to be

reduced. _

The invention will now be described by way of example with
reference to the accompanying drawings, throughout which like parts are
referred to by like references, and in which:

10 Figure 1 is a block diagrem of a digit:al signal encoder according
to this invention;

Figure 2 is a block circuit of a filter bank;

Figure 3 is a diagram for explaining blocks and predetermined
time periods in the embodiment;

15 Figure 4 is a diagram showing the bark spectrum;

Figure 5 is & circuit diagrem showing the filter circuit;

Figure 6 is a diagram showing a masking spectrum; and

Figure 7 is a diagram in which the minimum audible curve and the
masking spectrum are synthesized.

20 An embodiment of digital signal encoder comprises, as shown in
Figure 1, a filter bank 10 serving as first frequency analysis means of
the non-block type for carrying out frequency analysie of an input
digital signal supplied to an input terminal i, fast Fourier transform
(FFT) circuits 20, 40 and 60 serving as second frequency analysis means

25 of the block type for further carrying out frequency analysis of
frequency components snalyzed by the filter bank 10, and quantization
circuits 29, 49 and 69 for quantizing respective outputs (FFT
coefficient data) from the FFT circuits 20, 40 and 60. A masking
spectrun calculation circuit 75 serves as first noise level setting

30 wmeans for setting a first allowable noise level on the basis of
energies of respective frequency components within predetermined time
periods (for example, time periods Bl to B3 ... of PFigure 3 which will
be described later) of outputs from the FFT circuits 20, 40 and 60; and
time period delay circuits 23, 43 and 63, synthesis circuits 50 and 70,

35 a 5 ms delay (DL) circuit 51, 2.5 ms delay circuits 71, 72 and 73, a
selection circuit 52, a synthesis/selection circuit 74, and weighting
synthesis circuits 2i, 44§ and 64 serve as second noise level setting



multiplied by the filter coefficient 0.007. By the c BERIANCEMESR :b:'r'.ocesm ng

lines in Figure 4, added by the adder 104 is taken. [The ZgmAR!7 t hu

menti oned above, the sumtotal of the portions indicated by 10 dot
evel

provided is outputted fromthe output ter_rrhna! 105. NMeanwhile, in th_
r ot ?n‘

maski ng spectrum of the bark spectrum SB (al | owabl e noi se spectrum, i

a corresponding to the first all owable noise in the das

level ais s

signals on the ??etéﬁgn%ei‘%%@%@‘%%%%% fMg f“é%@%’ﬁ?"ﬁﬁw

t he
the

bits al | ocat ecORRORRRLAt foratheyAredetemined ime panigds ony the basispf %eamg
nust be incregyege 1&&5905}{4 aﬁtaathfpié&%amoxs emtwqicheaae iha(:ﬂf‘e

t he masking spectr

allocated in

| evel a copr esngoadd, 69 & thdae:ai;:w of ditpavé firen rthiesfinsevald second noise level

10

15

20

30

35

setting means. The filter bank 10 comprises band division means for’

dividing the input digital signal into signal components in a plurality
of frequency bands (three bands in this embodiment), including at least
one filter (for example, a mirror filter such as a so-called QMF)}. The
FFT circuits 20, 40 and 60 carry out fast Fourier transformation of
signals every block. The band division means (filter bank 10) carries
out a division such that the bandwidth becomes larger as the frequency
band shifts to a higher frequency. The FFT circuits 20, 40 and 60
carry out processing such that the block time length where the fast
Fourier transform processing is carried out becomes smaller as the
frequency band shifts to a higher frequency. At least one datum at the
second noise level setting means is caused to be data preceding in
time. In addition, the second noise level setting means sets the
second noise level on the basis of energies o_f data which are the same
in terms of the frequency components for periods different in time. An
output from the encoder is derived from an output terminal 2.

An input digital audio signal of DC to 22 KHz obtained by
sampling, for example at the sampling frequency fs = 44.1 Kz is
supplied to the input terminal 1 and thence to the filter bank 10. The
filter bank 10 includes, as shown in Figure 2, two stages of QMFs 11
and 12 cascede-connected. The input digital audic signal is supplied
to the QMF 11 which divides it into signal components in two frequency
bands meeting at 11 KHz. Accordingly, output signals in the frequency
bands of DC to 11 KHz and 11 to 22 KHz are provided from the QMF 11.
The output signal 11 to 22 KHz is supplied to the FFT circuit 60
through a terminal 13. On the other hand, -the output signal DC to
11 KHz is supplied to the QMF 12 which divides an input signal into
signal components in two frequency bands meeting at 5.5 KHz.
Accordingly, output signals in the frequency bands of DC to 5.5 KHz and
5.5 to 11 KHz are provided from the QMF 12. The signal 5.5 to 11 KHz
is supplied to the FFT circuit 40 through a terminal 14, and the signal
DC to 5.5 KHz is supplied to the FFT circuit 20 through a terminal 15.
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Figure 2, there may be employed a structure using band-pass filters.

In the FFT circuit 20 supplifed with a signal in the frequency
band of DC to 5.5 KHz from the filter bank 10, the signal is divided
into signal .components in the form of blocks every 10 ms to carry out

10 FFT processing every block. In the FFT circuit 40 supplied with a
signal in the frequency band of 5.5 to 11 KHz, FFT processing on a
block basis every 5 ms is carried out. In the FFT circuit 60 supplied
with a signal in the freguency band of 11 to 22 KHz, FFT processing on
a block basis every 2.5 ms is carried out. Thus, in the FFT circuits

15 20, 40 and 60 serving as the second frequency analysis means,
processing such that the block length subjected to FFT becomes smaller
‘as the freéuency band shifts to e higher frequency is carried out. As
stated above, in this embodiment, in forming blocks at respective FFT
circuits 20, 40 and 60, the time block length is smaller at a higher

20 frequency band thereby to allow the time resolution at the higher
frequency band to be high and allow the time resolution at the lower
frequency band to be low to increase the number of samples within one
block, thus allowing the frequency resolution to be high. Thus, since
ordinary audic signals have short steady state periods in a high

25 frequency band, it is appropriate that the time resolution in a high
frequency band is caused to be high as described above. Moreover,
since the frequency resolution of human hearing is generally high in a
low frequency band, it is also appropriate that the frequency
resolution in a low frequency band is caused to be high as described

30 above. ,

The time block of the processing by the filter bank 10 and the
respective FFT circuits 20, 40 and 60 is shown in Figure 3. Thus, in
Figure 3, there are shown the band division and respective processing
units (blocks) of FFT, etc, and respective blocks are designated by

35 three parameters p, q and r, shomn b {p, q, r) in the figure, where p
represents elapsed time, g represents & band, and r represents a time
block. In Figure 3, it is indicated that one time block in each band
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5 ms in the medium frequency band 5.5 to 11 KHz, and that one time
block length is 2.5 ms in the high frequency band 11 to 22 KHz. i

FFT coefficient data of every band obtained by FFT processing in
the FFT circuits 20, 40 and 60 are supplied to the quantization
circuits 29, 49 and 69, where they are quantized. At this time, for
example, in every respective predetermined time period Bi to B3 ... of
Figure 3, quantization processing is carried out. In this
quantization, there is carried out an adaptive quantization in which
the guantization characteristic (bit allocation) of quantization is
changed on the basis of outputs from the first and second noise level
setting means obtained in consideration of the masking effect with
respect to signals on the frequency axis, and the masking effect with
respect to signals on the time axis as described later. It is here
noted that the respective predetermined time periods Bl to B3 ... are
set to 10 ms which is the minimum unit of the processing at the FFT
circuit 20,

The first and second allowable noise levels for carrying out such
an adaptive quantization are determined in practice as follows. _

Output data of the FFT circuits 20, 40 and 60 are further divided
into data in so-called critical bands. The critical band here
mentioned is a band im which human hearing is taken into consideration.
More particularly, when a pure sound is masked by a narrow band noise
having the same intensity including a pitch of the pure sound, the
critical band refers to a band of a noise such that the bandwidth
becomes broad as the frequency band shifts to a higher frequency. In
this embodiment, such a critical band'divi_sion is employed thereby to
allow the bandwidth to be broader eas the frequency band shifts to a
higher frequency, thus to divide the band concerned into, for example,
25 bands. To carry this out, output data (frequency band DC to
5.5 KHz) from the FFT circuit 20 are further divided into data in, for
example, 20 bands on the side of the low frequency band of the critical
band by the critical band division circuit 21. Moreover, output data
(5.5 to 11 KHz) from the FFT circuit 40 are further divided into data
in, for example, 3 bands in a medium fregquency band of the critical
band by the ¢ritical band division circuit 4i. In addition, output
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values in respective bands (the pesk or average of the amplitude value,
or energy sum total). Outputs from the energy detection circuits 22,
42 and 62, that is, the spéctrum of the sum total every respective
critical band is generally called a bark spectrum. The bark spectrum
SB in each band is as shown in Figure 4§, for example. It is to be
noted that the above-mentioned critical band is represented as 12 bands
for brevity of explanation in Figure 4.

Here, in order to allow the influence in the masking on the
frequency axis of the bark spectrum SB to be taken into consideration,
a predetermined weighting function is convoluted onto the bark spectrum
SB. To realize this, outputs from the energy detection circuits 22, 42
and 46, that is, respective values of the bark spectrum SB are supplied
to the masking spectrum celculation circuit 75 serving as the first
noise level setting means. The masking spectrum calculation circuit 75
includes a filter circuit 76, a function generation circuit 77, &
subtracter 78, and a divider 79 respectively corresponding to the
energy detection circuits 22, 42 and 62. Accordingly, the outputs from
each of the energy detection circuits 22, 42 and 62 is supplied to the
filter circuit 76. The filter circuit 76 is, as shown in Figure 5, for
example, composed of delay (Z') elements .. 101, to 101,y ... for
delaying input date in sequence, multipliers ... 102, _, to 102, ... for
multiplying outputs from respective delay elements by a filter
coefficient (weighting function), end a sum total adder 104. At this
time, at the respective multipliers 102, to 102_,, the convolution
processing of the bark spectrum SB is carried out as follows. For
example, at the multiplier 102, _,, outputs from respective delay

elements are multiplied by the filter coefficient 0.0000086: at the
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the multiplier 102_,,, those outputs are multiplied by the filter
coefficient 0.06; and at the multiplier 102,,,, those outputs are
multiplied by the filter coefficient 0.007. By the convolution
processing mentioned above, the sum totasl of the portions indicated by

10 dotted lines in Figure 4, added by the adder 104 is taken. The sum
total thus provided is outputted from the output terminal 105,
Meanwhile, in the level a corresponding to the first allowable
noise in the case of calculating the masking spectrum of the bark
spectrum SB (allowable noise spectrum), if the level a is small, the
15 masking spectrum {masking curve) with respect to signals on the
frequency bese will be lowered. As & result, the number of bits
allocated in quantization at the quantization circuits 23, 49 and 69
must be increased. In contrast, if the above-mentioned level & is
large, the masking spectrum will be raised. As a result, the number of
20 bite allocated in quentization cen be decreased. It is to be noted
that the level-'a corresponding to the first alloweble noise level
refers to a level such that there results the first allowable noise
level in every bend of the critical band, by carrying out the
deconvolution processing as described later. Moreover, generally in
25 audio signals, etc, the spectrum intensity. (energy) in the high
frequency band portion is small. Accordingly, in this embodiment, a
technique is adopted f;aking the above circumstances into consideration
to allow the level a to be larger as the frequency band shifts to a
, higher frequency where the energy fs small, thus to decrease the number
30 of bits allocated at the high frequency band porti;m. From the s&bove
point of view, at the masking spectrum calculation circuit 75, the
above-mentioned level a with reépect: to the same energy is set to a
higher value as the freguency becomes higher.

Thus, in the encoder of this embodiment, the approach employed is
35 to calculate the level a corresponding to the first allowable noise
level, to effect a control such that the level a becomes high as the
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g on the basis
which serves to determine the level a in the convoluted region. Here,

an allowable function (a function representing the masking level) for
determining the level a is supplied to the subtracter 78. By
increasing and decreasing the allowable function, control of the level
a is carried out. This allowable function is supplied from the
function generation function 77.

¥When the number given in sequence from the low frequency band of
the critical band is assumed to be 1, the level a corresponding to the
allowable noise level can be determined in accordance with the
following equation (1):

a=8-<(n- ai) ceees {1)

In equation (1), n and a are constants, respectively, where & >
0, S is the intensity of the convolution-processed bark spectrum, and
(n - ai) is an allowable function. Here, as described above, since a
method of decreasing the number of bits from the high frequency band
having less energy is advantageous to reduce the total number of bits,
n is set to 38, and & is get to 1 in this embodiment. There is then no
deterioration in sound quality, and satisfactory coding is carried out.

In this way, the above-mentioned level a is determined. These
data are transmitted to the divider 79 which carries out deconvolution
of the level a in the above-mentioned convolution-processed region.
Accordingly, by carrying out the deconvolution processing, & masking
spectrum can be provided from the level a. Namely, this masking
spectrum can be provided from the level a. Namely, this masking
spectrum becomes an allowable noise spectrum determined for every band.
It is to be noted that while the above-mentioned deconvolution
processing requires a complicated calculation, the simplified divider
79 is used in this embodiment to carry out the deconvolution.

In this encoder, the number of bits allocated for quantization in
which the above-described masking on the frequency base is taken into
consideration is determined, and a second allowable noise level of each
frequency component for a predetermined time period is set on the basis
of an energy of at least one of data preceding in time and data
succeeding in time for the predetermined period of outputs from the FFT
circuits 20, 40 and 60. Thus, assuming that the above-mentioned
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al | owabl e B0i Sgal BYElanl 81 5RELRY nbile 1evel (masking level) with respect to each
frequency component within the predetermined period B2 is set.
Further, at least one data at the second noise level setting means is
caused to be data preceding in time. Namely, by taking into
consideration the forward masking in which the time of the masking
10 effect is long in the temporal masking, on the basis of data for the
predetermined time period Bl preceding in time, an allowable noise
level for a predetermined time period B2 is determined. Further, the
second noise level setting means sets the second allowable noise level
on the basis of energies of data which are the same in terms of the
15 frequency components for periods different in time. Namely, the second
allowable noise level is set on the basis of energies of data preceding
and succeeding in time of the same frequency band of the critical
bands.

_ In other words, in the second noise level setting means, by
20 taking into consideration the temporal masking by signals preceding and
succeeding {for preceding and succeeding predetermined time periods Bl
and B3) on the time base adjacent on the time base to a signal at a
current time point (for exemple, a predetermined time B2) of an
arbitrary band where the first allowable noise level is set by the
25 masking spectrum calculation circuit 75 with respect to the signal at
the current time point (the predetermined time B2) of: the arbitrary
band, an allowable noise level {second allowable noise level) for an
arbitrary band at the current time point (predetermined time B2) is
set. . To realize this, each of outputs from the energy detection
30 circuits 22, 42 and 62 is supplied to the time period delay circuits
23, 43, 63 and the 5 ms delay circuit 51, and the 2.5 ms delay circuit

71 of the second noise level setting means.
Here, these period delay circuits 23, 43 and 63 serve to delay
data respectively supplied thereto every time period of, for example,
35 10 ms which is the processing unit for the predetermined time period.
Further, outputs from the time period delay circuits 43 and 63 are
supplied to synthesis circuits 50 and 70, respectively. The synthesis
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to synthesis cidelay icSr&fitafll cabrids: o€ ddlug! every e meyhlduksi sAn output from
5 theb5 ms deiay circuit 51 1s supplied to the selection circuit 52. The
selection circuit 52 .carries out a switching selection such that in the
case vwhere data of the 5 ms block supplied thereto are the forward
block data within a predetermined time period being processed, those
~ data are caused to be passed therethrough, and in the case where data
10 of the 5 ms block supplied thereto are the backward block data within
a preceding time period of the predetermined time period, those data
are not caused to be passed therethrough. Thus, assuming that the
predetermined period being processed is the period B2 of Figure 3, the
selection circuit 52 carries out a selection such that when 5 ms block
15 data supplied thereto are the block b (2, 2, 1) in Figure 3, that
circuit is turned ON, and when the above data are the block b (1, 2,
2), that circuit is turned OFF. The 2.5 ms delay circuit 71 carries
out delay every block of 2.5 ms. Outputs from the 2.5 ms delay circuit
71 are supplied in sequence to the 2.5 ms delay circuits 72 and 73.
20 Each of the outputs from the 2.5 ms delay circuits 71, 72 and 73 is
supplied to the syntheéis/selection circuit  Th. The
synthesis/selection circuit 74 carries out a switching selection such
that in the case where 2.5 ms block data supplied thereto are the
backward block b {1, 3, 4) within a preceding predeternined time period
25 of, for example, the predetermined period B2, that circuit is turned
OFF, and in the case where those data are the blocks b (2, 3, 1), b(2,
3, 2) end b (2, 3, 3) within the predetermined time period B2, that
circuit is turned ON. At the same time, when, for example, data of the
block b {2, 3, 2} are supplied to the synthesis/selection circuit 74,
30 the synthesis/selection circuit 74 synthesize this block and the
forward block (2, 3, 1); when data of the block b (2, 3, 3} are
supplied to the synthesis/selection circuit T, it synthesizes this
block and the forward two blocks b {2, 3, 1) and b (2, 3, 2); and when
data of the block b (2, 3, U4) are supplied to the synthesis/selection
35 circuit 74, it synthesizes this block and the forward three blocks b
(2, 3, 1), b (2, 3, 2) and b (2, 3, 2).
An output from the time period delay circuit 23 is supplied to




‘bl ocks) at the FFT circuits 40 and 60 so that they becpme in corres ondence
with data of 10 nms, respectively. Further, the 5 nms de a% MARUW?S]l
carries out delay every 5 nms bl ock. An out put fromb5 e ns del_a]y
circuit 51 is supplied to the selection cirdéuit 52. Yh s\,lcuuun Circiuit
52 carries out a switching selection such that in thg¢ case where_dat a of

the 5 ns bl ock R t her et o rethef war d el emer: (-

pr edet er ni ned tt?)%e'%&éﬁgjb % %&éﬁ%‘%‘é"d ’tﬂ%?é’tgﬁata are ¢ ut'tts‘e Pﬁ Sippic

passed t her et hi50uayid, thmeelectibe ciasel t\h2 mre dapplied to ghe iedgliting dyntdeis

suppl i ed therel aif LAF, DRAGKGY dﬂ, Bl O%Kokl A1Ae Weidindsfe Pe2FRALNG0! |diR AR 00
0sé )

of the predeterm ned tine perio
synthesis/selection circuit 74 are supplied to the weighting synthesis

5 circuit 64. Further, data from the masking spectrum calculation
circuit 75 are also supplied to respective weighting synthesis circuits
24, 44 and 64. Here, respective weighting synthesis circuits 24, U4
and 64 synthesize weighting coefficients in which the masking effecte
on the frequency base and the time base are taken into consideration

10 with respect to data supplied thereto. Nemely, these weighting
coefficients are coefficients set by taeking the masking effect into
consideration. For example, in the case where a signal for a
predetermined time period and time blocks preceding or succeeding a
signal for a current predetermined period and respective time blocks is

15 normalized, so that it takes a value of 1, & weighting coefficient
corresponding to & level exerted on the signal for the current
predetermined time period and the time blocks based on the masking
{masking and temporal masking with respect to a signal on the frequency
base, or the like} on the frequency axis and the time axis by the

20 signal for the preceding or succeeding predetermined time period and
time blocks is weighted with réspect to the signal for the preceding or
succeeding predetermined time period and time blocks. Ttius. the
allowable noise level (maskiﬁg spectrum) utilizing the masking effects
on the frequency axis and the time axis can be set. '

25 It is to be noted that while the above-described masking spectrum
in which the masking effect is taken into consideration is determined
within the same critical band, that spectrum is permitted to be a
spectrum in which masking between other criticel bands is taken into
consideration.

30 Outputs from the weighting synthesis circuits 24, 44 and 64 are
further supplied through the synthesis circuits 25, 45 and 65 to
subtracters 27, 47 and 67, respectively. To the subtracters 27, 47 and
67. outputs from the respective energy detection circuits 22, 42 and
62, that is, the previously described bark spectrum SB are also

35 supplied through the delay circuits 31, 56 and 81, respectively.
Accordingly, when subtractive calculations between the masking spectrum
and the bark spectrum SB of the first and second allowable noise levels
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circuit is turned OFF. The 2.5 ns delay circuit 71 carries out delay every
bl ock of 2.5 ms. Qutputs fromthe 2.5 del.ay & rcyigy 7 I | J I n
sequence to thé”?.‘?’ﬁée?léﬁ“&y“cit‘p‘élﬁ“f’gr eﬁ%ﬁnﬁ f&u é'zl':'a%'hg&?ri He o‘lt’}tegﬁ%s
fromthe 2.5 nmbadelspyctiuncEd beloklthe/ 2evaldindcated bppachdlevel of themasking
synt hesi s/ sel egilon LT i:]iasﬁ . Figlfe $YNt hesi s/ sel ection
%Fé‘g outﬁ%a%\%itc fgn;hss%lroewgt%n Such that _in the ¢

circuit 74 carr se where
2.5 ms block data s@usbutsd Frem the subteagtess 2 iHar and) 63 #re, spaplied the
within a precedipficiaedst CE{HcueEk 139TE 49eran@d 685 thrétigh fROHs 2B/ TIE, aridh &8,
predeterm ned %%L})ggti%giy.t hqllheph&fswztﬂ. ! ES talxjnrdn %g store therein sllocation bit
number information in quantization at the quantization circuits 29, 49
and 69 to output allocation bit number information corresponding to
outputs from the subtracters 27, 47 and 67, respectively. Thus, the
10 quantization circuits 29, 49 and 69 quantize FFT coefficient data
supplied through the delay circuits 30, 55 and 80 by allocating bit
numbers corresponding to outputs from the respective subtracters 27, 47
and 67. In other words, the quantization circuits 29, 49 and 69
quantize comporients of respective bands by the number of bits allocated
15 in dependence upon level differences between energies in every band of
the critical band allowable noise levels, in which the masking effects
on the frequency axis and the time axis are taken into consideration.
It is to be noted that this bit allocation is not carried out for the
predetermined time period, and the number of bits used for respective
20 predetermined time periods is determined in advance. Accordingly, bit
allocation is carried out within one predetermined time period. here
the delay circuits 30, 55 and 80 are provided by tsking into account
delay quantities at respecti\}e circuits succeeding the critical band
division circuits 21, 41 and 61. Further, the delay circuits 31, 56
25 eand 81 are provided by taking into consideration delay quantities at
respective circuits succeeding the time period deley circuits 23, 43
and 63, the 5 ms delay circuit 51, the 2.5 wms delay circuit 71, and the
masking spectrum calculation circuit 75.
In synthesis at the synthesis circuits 25, 45 and 65, it is
30 possible to synthesize data indicating the so-called minimum audible
curve (equi-loudness curve} RC of human hearing, as shown in Figure 7,
supplied from minimum audible curve generation circuits 26, 46 and 66
and the above-mentioned masking spectrum. .Accordingly, by both
synthesizing the minimum audible curve RC and the masking spectrum MS,
35 the allowable noise level can be down to the portion indicated by
slanting lines in the figure. Thus, the number of bits allocated to
the portion indicated by slanting lines in the figure can be reduced in
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OFF, and in the case where those data are the bl ocks bi (2 3, 1) b('_Q," 3,
2) and b (2, 3, 3) within the predetermned tine perio Mmaugfﬁlrbu t is
turned ON. At the sane tinme, when, for exanple, datalo e block b { 3,
2) are supplied to the synthesis/selectionggircuit 74, \86—tthe ‘
synt hesi s/ selection circuit 74 synthesize E I's blockland the forward bfock
(2, 3, 1); when data of the block b (2, 3, 3) are supplied to the

synt hesi s/ sel eauputizatiaui t Fighrei 7 &lgat bﬁ&,}szass bpastieun 8% abetHeo e d

two bl ocks b ( 1) ( when ta of the bloc (2 3

4) are suppli e%i'tng t he syn?’ﬁes%‘é/ ggfﬁctef“ nt, cgsﬁﬁt 7’21 %Ft % #fl?

thi s bl ock and cPpElgusptiandeuchrtbattihecitove-dedcrihedlgyntbedls p@cesyilumf bhé 2

3, 2). An out puiinii@iMeidiib dRvEeld 3ds el ed idutYl 1P tnks 3HEP!thetniflowm
5 audible curve generation circuits 26, 46 and 66 and the synthesis

circuits 25, 45 and 65 in the configuration of Figure 1 become
unnecessary. '

Respective outputs from the quantization circuits 29, 49 and 69

quantized by the adaptively allocated bit number in this way are
10 synthesized at a synthesis circuit 90, and an output thus synthesized
is then outputted as a coded output from the output terminal 2.

As described above, the effect with the embodiment is that time
resolution is improved in a higher frequency band, and the frequency
resolution is improved in a lower frequency band. Thus, processing

15 suitable for human hearing can be carried out. In addition, at least
one datum at the second noise level setting means is caused to be data
preceding in time, and the second noise level setting means sets each
second allowable noise level on the basis of energies of data which are
the same in terms of the freguency components for periods different in

20 time. Thus, processing can be effected in a short time,



12 the weighting synthesis circuit 24, outputs fromthe synthesis circuit
0 and the selection circuit 52 are suppl led to the wei yhggﬂgcgmmh%ﬂtm

5

circuit 44JM [ml m!ﬂ'mymthe synthesis circuit 70 af

synt hesi s/ 74 are supplieg to the wei gﬁt nglﬁs theS| s
circuit 64. Further, "data from the naski ng spectrum jc ricu t
75 are al so supplied to respective wei ghting synthesis DI*CUItS 24 44 a
64. Here, respective weighting synthesi sceAIMSuUi ts 24, 4§ and 64 synt hesi
wei ghting coefficients in which the masking effects on |
and the tine base are taken into consideration 10 wth respect to data
supplied thereto. ANdgdtel signsleengndghtdompried@kt i ci ents are coefficients

Case Hhere st QA Lo etk ek U0 W 884 851050 eyl T Saeiing 1€ 1
y analysis of an input digital 8ignal;
second frequency analysis means (20, 40, 60) of the p1 ock type for
further carrying out frequency analysig gp frequency - omponents
analyzed by said first frequency analysis mpang (10) ;
first noise level setting means (75) for Setting a first ellowable
10 noise level on the basis of the energy of each frequency component

within a predetermined time period of eutputs fpom said second

frequency analysis means {20, 40, 60);

second noise level setting means (23, 43, €3, 50, 70, 5, 71, 72, T3,
52, T4, 22, hk, 64) for setting a second aligyable nogse level of each

15 frequency component within said predeterningg ¢ipe period on the basis
of the energy of at least one of data Preceding in time and data
succeeding in time outputs from said secoiq frequency analysis means
{20, 40, 60); and
quantization means (29, 49, 69} for quam,;zing an output from said

20 second frequency analysis means (20, &0, 6’,,
a quantization characteristic of said Quanisacion means being set on
the basis of outputs from said first and sacong noige level setting

means (75, 23, etc.).

25 2. An encoder according to claim 1 whenggn gaig first frequency
snalysis means (10) comprises band divisity geang fon dividing said

input digital 81gna1 into signal components 7 o plurality of frequency

bands, including at least one filter (/' 12), end seid second

frequency analysis means (20, 40, 60) comprie., fast Fourier transform
30 means for carrying out fast Fourier transfOlgyson of ¢ ignal eomponents
" every block.

3. An encoder according to claim 2 wherex gp44 pand division means
carries out a division such that the banbegen pecomes large as the
35 frequency band shifts to a higher freuuncy gaig fast Fourier
- transform means carrying out processing suc: hat the block time length

where said fast Fourier transform processint ., conducted becomes small



predet ermi ned TiTe périod and time bl ocks preceding of Sueeeedi-ng a 'signal
~for a curr ' period and respective ti | ocks., | P
nor nal i zedﬂ[mn{mm“ﬂmmu s a value of 1, a weightin 0&5%@4‘%&%&’ j i
correspondi ng ¢ 0 ta Itevél exerted on the signal for thg durrent ‘
predeterm ned tine period and the tinme bl odks based orf the maski ng (nmasking
and tenporal nmasking with respect to a signal on the f ; t he
i ke) on the frequen(iy axis and the time axis by the 20 signal for the
precedi ng or sftScERRyifREIYanEY haed rahiEts ttone highed FTEIPCYne bl ocks i s
wei ghted with respect to the signal for the preceding or succeeding
predeterm ned ty ne riod .and ti bl ocks. Thys 1 bl e nqi se
| evel (masking 'Js'pecp?‘uﬁ!)’co&f’fﬂcf? ngLe ﬁg%‘tf'i Ay cg‘ﬂ'ég]gr%%% Vﬁ%‘&g@rﬁ’y“d ..
axi s and the tiatelesdtsonmdatm stisaid@ Becond noisd level settingrmeand (233tesdhi)l e *
t he above-dgscrﬂsbggtﬁggé'éaqﬁqgcé{&m in which the masking effect is taken
' eter )

into considération IS ned

5. An encoder according to any one of the preceding claims wherein

said second noise level setting means {23, etc.} sets said second

allowable noise level on the basis of energies of data which are the
10 same in terms of frequency components for periods different in time.

6. An encoder according to any one of the preceding claims which

comprises a critical band division circuit (21, 41, 61) for further

dividing as a whole an output from said second frequency analysis means
15 (20, 40, 60) into signal components in critical bands,

7. An encoder according to claim 6 wherein said first noise level

setting means (23, etc.) sets said first allowable noise level on the

basis of an energy determined by a sum total of amplitude values in
20 respective bands of said critical bahds.

8. An encoder according to claim 6 wherein said second noise level
setting means (23, etc.) sets said second allowable noise level every
said critical band.

25
9. An encoder according to claim 6 wherein said second allowable
noise level in en arbitrary band of said critical imnds is set on the
basis of said second allowable noise level in enother of said critical
bands.

30
10. An encoder according to claim 8 wherein the quantization
characteristic of said quantization means (29, 49, 69) is set in
dependence upon level differences between said energies in every band
of said criticel bands, and said first and second allowable noise

35 levels.
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within the sa i 1 that spectrumis permittledREPbAGRMENTs BHERT |m

“in which mask:\m!lmﬂﬂ ll E critical bands is taken jnfo consi derat i!or.

30 Qu i ghting synthesis circuit 4 n 4 tarje
35 PaRTH |

further supplied through the synthesis circuits 25, 45 fn i
subtracters 27, 47 and 67, respectively. Td7the subtracfe : d-'67,
outputs fromthe respective energy detection circuits 22, 42 and 62, that

is, the previoysly descrihed bark spectrum SB are_al so S [T ed
t hr ough t he delligy cgf’c?ﬂ en ccepding jtos pny qoe R (the H1e Fg‘;)’{‘)lﬁl yhergin

subtractive caltbelguantizatbert charactéel stBS lof Nghid ppahtizatdonl neles 029 K4gpEgS rum
SB of the TirsygzandsSehfdds2bid lueen@? |56l SUFE to a higher frequency, the
number of bits allocated becomes smaller.

12, An encoder according to any one of the preceding claims wherein
said first allowable noise level is a 'masking level on the frequency
axis based on human hearing.

10 13. An encoder according to any one of the preceding claims wherein
said second allowable noise level is a masking level on the time axis
based on human hearing.

14.  An encoder according to claims 12 and 13 wherein said first and

15 second allowable noise levels are obtained by synthesizing masking
levels on said frequency and time bases and a minimum audible curve
based on human hearing.

15. An encoder according to any one of the preceding wherein said at
20  least one filter of said first frequency analysis means (20, 40, 60) is
& mirror filter. -

16. An encoder according to any one of claims 1 to 14 wherein said at
least one filter of said first frequency analysis means (20, 40, 60) is
25 @& band-pass filter.



13 are carried out at the subtracters 27, 47 and 67, the pDLLLOH&-Gf*P e|
‘bark spectrum SB bel ow the | evel indicated by each | evél {of the na
spectrum M5 are nasked as shown in Figure 6. Qutputs frlo t25 MAR r
27, 47 and 67 are supplied to the 5 quantl?%tlon circuijty 29, 49 and

t hrough ROMs 28, 48 and 68, respectively. e ROV 28, {48 and 68 store
therein allocation bit nunber information in quantizatiig
quantization circuits 29, 49 and 69 to opgsmace! | ocation bit nunber

i nformation corresponding to outputs fromthe subtracters 27, 47 and 67,
respectively. Thus, the 10 guanti zation circuits 29, 49 and 69 quantize
FFT coefficient data supplied throprgITALSIGNALAENGODRRSI t s 30, 55 and 80 by
all ocating bit nunbers corresponding to outputs fromthe respective

subtracters 27, 47 and 67. In other words, the quantization circuits 29,
49 and 69 5 In a digital signal encoder for analyzing an input digital signal

by frequency analysis means (10} of the non-block type and frequency
analysis means (20, 40, 60) of the block type to quantize outputs
obtained, a quantization characteristic (29, 49, 69) is set in the
basis of an allowable noise level based on an energy within a

,_,......w..w-.—- B

10 predetermined time period of an output from the block type frequency
analysis means (10) and an allowsble noise level based on an energy of
at least one of data preceding and succeeding in time within the
predetermined time period, thereby to provide a real time processing.

15 Figure ]
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maski ng spectrum cal culation circuit 75. In synthesis a§“# gﬁgmnnheeﬁ§ '
circuits 25, 45 and 65, it is 30 possi ble to synthe 'ﬁdrcatlng
the so-called m nimum audi bl e curve (equi-Iloudness curye RC of h nt i

hearing, as shown in Figure 7, supplied from m ni num ahd} bi2zd
generation circuits 26, 46 and 66 and the above-menti ohe nasklnq_speckr
Accordi ngly, by both synthesizing the m2diénum audi bl e ¢urve RC and the
maski ng spectrum M5, 35 the all owabl e noise |evel can
portion indicated by slanting lines in the figure. Thus, the nunber of bits
all ocated to the portion indicated by slanting lines in the figure can be
reduced in 14

e,
12
( 15
DC ~5.5KHz
X QMF
B 14
1 DC ~11KHz 5.5KHz ~11KHz o/
DC ~22KHz
g——— QMF (3
11KHz ~22KHz

FIG.2



guanti zation. Figure 7 also shows a signal spectrum SS tRﬁR
Further, in this enbodinent, there may be enployead
such that the above-described synthesis processing of t
curve is not carried out. In this case, the mnimmb5

udi bl e curve

generation circuits 26, 46 and 66 and the synthesis circpi 525, 45 and 6

in the configuration of Figure 1 becom3/®nnecessary. Resbective. outputs

a configuratito

i QB MARZ1987 bile

fromthe quantization circuits 29, 49 and 69 quanti zed by the adaptively

all ocated bit nunber in this way are 10 synthesized at a syntﬁgsis
circuit 90, and an output thus synthesized is then outputted ap®a coded
output fromthe output termnal 2. As described above, the eff with the
enbodi ment is that tine resolution is inproved in a higher frepgency band,
and the frequency resolutgon is inproved in a | owef frequency p&nd. Thus,
processi ng ©
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. . . ‘ REPLACERES! o
15 suitable for human hearing can be carried out. In & -oh;--at--teast
one datum at the second noise level setting neans is caysgd to be %@%f o
preceding in tine, and the second noise |evel setting ngars 2Bt i
second al | onabl e noi se | evel on the basis of energies off data which arelthe
sane in ternms of the frequency conponents for periods diiffferent in 20
time. Thus, processing can be effected gpsa short tine. CLAL-Ms—1- A
digital signal encoder conprising: first frequency anal ysis neans (10) of
the "on-bl ock type for carrying 5 out frequency analysis of an input
digital signal: second frequency analysis nmeans (20, 40, 60) of the block

type for

INTENSITY

Bi1 B2B3Bs Bs Bs B7 Bs Bg Bi1o Bttt Bi2

FREQUENCY
FIG.4
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= "ﬂﬁ_rf—_*—— N
g (14T | —+
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B1B2B3IB4 B5 B¢ By Bs Bgs Bt1o B1t B12
FREQUENCY

FIG.6



. . REPLAGEMENT SHEET
further carrying out frequency analysis of frequency co#ip
by said first frequency analysis neans (10) ; first noise{l gvel settin
means (75) for getting a first allowable 10 noi se |l evel o taﬁ%ﬂ@q/ofl
the energy @ each frequency conponent within a predeternﬁn d tinme period

of outputs from said second frequency analysis neans (20, {40. 60); second
noi se | evel setting neans (23, 43,[err],560, 70, 51, 71, TRwd3ymi2—Ld.

22, 44, 64) for setting a second all owabl e noise | evel of each 15 frequency
conponent within said predeterm ned tinme period on the basis of the energy
of at |east one of data preceding in tinme and data succeeding in tine

out puts fromsaid second frequency anal ysis neans (20, 40, 60); and

guanti zati on nmeans (29. 49, 69) for quantizing an output fromsaid 20
second frequency anal ysis neans (20, 40, 60);
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a quantization characteristic of said quantization neawsmﬁéﬁhgqeétcﬁﬁgﬁ

basis of outputs fromsaid first and second noi se | eve

23. etc.). 25 2. An encoder according to claim1 phe
frequency anal ysis neans (10) conprises band division pea

said input digital signal into signal conponents in a p

pett|ng neans

??ordlw

|r:al;t

(75,
rist
di hg

and sald second

frequency bands, including at |east one f Iter ([err] 12),
%%rlse fast Fourter—transtorm 30

conponent s

frequency anaIyS|s means (20, 40, 60) co

means for carrying out fast Fourier transformation of signal

every bl ock. 3. An encoder according to claim2 wherein said band
division neans carries out a division such that the [err] becones |arge as
the 35 frequency band shifts to a higher frequency, said fast Fourier
transform neans carrying out processing such that the block time | ength
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said fast Fourier transform processing [err] conducted becones snall
the frequency band shifts to a higher frequency. 4. An encoder -
@brding to claiml1, claim2 or claim3 wherein said at | east one daturgat
sa}é second noi se | evel setting neansl(QB, etc.) 5 is data preceding in’

& 5 An encoder ac%b(ﬁ?

. ng to any one of the.preceding clainms wherein
saifd seconfi noise Tevel s§ ShDgageans (23, etc 3Eets said second al | owabl e
igse | ever— ' - ' ich are the 10 sane in
#s of fr ency conpopen for periods d-ferent in tinme. 6. An
end@oder. %eg) di ng to any, f the pre '@b cl ai ms whi ch
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glli ng as a whole an output from said second frequency analysis nmeans 15-
. 40, 60) into signal conponents in critical bands. 7. An encoder

@ ding to claim6 wherein said firsé/@oise level setting means (23,

4®) sets said first allowable noise |evel on the basis of an energy
Mrmined by a sumtotal of anplitude values-in 20 respective bands of

critical bands. 8. An encoder according to claim®6 wherein said
@nd noise level setting neans (23, etc.) sets said second allowable
@ec | evel every said critical band. 25 9. An encoder according to claim

®erein said second all owabl e noise level in an arbitrary band of said
§ical bands is set on the basis of said.second allowable noise |evel in
§ her of said critical

10
12
{ 15
DC ~5.5KHz o/
I
[ QMF 14
] DC ~11KHz 5.5KHz ~11K|fz 6/
S DC~22KHz| e 3
11KHz ~22KHz J‘(

FIG.2
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.30 10. An encoder according to claim8 wherein the quantization
Wacteristic of said quantization neans (29, 49, 69) is set in dependence
"updl | evel differences between said energies in every band of said '
crigical, bands, and said first and sebdnd al | owabl e noi se 35 |evels.

17 § _ ' . 11. An encoder according to any one of

# precedi ng cl ai ns wherein the quantization characteristic pf said

Btization nmeans (29, 49, 69) is such that as the frequency Eand shifts
. hi gher frequency, the T -
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r of bits allocated becones smaller. 5 12. Ah encoder according to
bne of the preceding clains wherein said first all owabl e norse_level S
king | evel on the frequency axi s based -on hunan hearing. 10 JAn
§fier according to any one of "‘the pr%é@dlng cl .ai ms- wherein said second— .
@bl e noise level is a masking |evel on the tinme axis based on human =~ - &
§ng. 14. An encoder according to clainms 12 and 13 wherein said first, = @&
B.5 second allowable noise |evels are obtained by synthesizing nasklng :
gl s on said frequency and tine bases and a m ni num audi bt'® curve based -
gunman hearing. 15. An encoder  -according to any one of the preceding
gein said at 20 | east one filter of said first frequency anal ysis

s (20, 40, 60) is :
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‘a ng rror filter. 16. An encoder -according to any- one of clainms 1 to 14
‘wherein said at |east one filter of said first frequency anal ysi s-mmeans
(20 40, 60) is 25 a band- pass fllters/6
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