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METHOD AND APPARATUS FOR
ENCODING AUDIO SIGNALS DIVIDED
INTO A PLURALITY OF FREQUENCY
BANDS

Matter enclosed in heavy brackets [ ] appears in the
original patent but forms no part of this reissue specifi-
cation; matter printed in italics indicates the additions
made by reissue.

BACKGROUND OF THE INVENTION 10

1. Field of the Invention

This 1nvention relates to a digital signal encoding appa-
ratus for encoding 1nput digital signals.

2. Prior Art 15

As a technique of high efliciency encoding of an input
[signals] signal, there are known [encoding] techniques of
encoding by so-called bit allocation, according to which
input signals are divided into plural channels on the time or
frequency axis and certain numbers of bits are adaptively 2g
allocated to the respective channels (bit allocation). Among
the above mentioned [encoding] techniques of encoding by
bit allocation are so-called sub-band coding (SBC) in which
[voice] audio signals on the time axis are divided into
signals Jof] in a plurality of frequency bands for encoding, 75
[a] so-called adaptive transformation coding (ATC), in
which [voice] audio signals on the time axis are transformed
into signals on the frequency axis by orthogonal [transfor-
mation and the] transformation. Then the resulting signals
are divided into signals Jof] in a plurality of frequency bands 3g
for [adaptive] adaptively coding [for] each frequency [band
and a] band. Also known is so-called adaptive bit allocation
(APC-AB), which is a combination of the above mentioned
SBC and [APC]ATC, and in which the [voice] audio signals
on the time axis are divided into signals [of] in a plurality 35
frequency bands and the signals Jof] in the respective bands
are converted 1nto base band or low range signals, after
which multiple order linear predictive analyses are per-
formed [for] fo carry out ep predictive coding.

[The sub-band] Sub-band coding, for example, [is] may 40
be performed by [a] the circuit shown in FIG. 1. In this
ficure, digital g[voice] audio signals, supplied to an input
terminal 110 of an encoder 130, are fed to frequency division
filters 131, to 131, which may for example be mirror filters,
such as quadrature mirror filters (QMFs), so as to be limited 45
in the frequency range and be shifted Jto lower frequency
sides.] downwards in frequency. That is, in these frequency
division filters 131, to 131 the input digital [voice] audio
signals are divided into separate frequency bands by band-
pass lilters or BPFs and subsequently passed through low- 50
pass lilters so as to be shifted to the lower frequency sides
by amounts corresponding to the center frequencies of the
pass bands of the LPFs. The signals from the filters are then
supplied to quantizers 134, to 134 , respectively, to undergo
down-sampling at a suitable sampling frequency. It 1s noted 55
that a higher sampling frequency should be used for a
broader frequency band. The signals [in which the data have
been compressed] resulting from compression by requanti-
zation 1n this manner are outputted at terminal 138 by way
of a multiplexer 136. The output signals are then transmitted 60
over a transmission channel to a terminal 148 of a decoder
140 and thence to dequantizers 144, to 144 via demulti-
plexer 149 for decoding. The decoded signals are converted
by frequency converters 142, to 142 into signals [of] in the
frequency bands on the time axis and [adds] are added at a 65
summing junction 146 so as to be outputted at a terminal 150
as the decoded [voice] audio signals.

2

In signal [data] compression by the encoder 130, [quan-
tization bits are adaptively allocated] quality is improved by
adaptively allocating quaniization bits to the respective
frequency bands [for minimizing] fo minimize the effects of
[noises] rnoise produced [on data compression of voice
signals to improve the quality.] as a result of compressing
the audio signal. The decoder 140 also acquires the bat
allocation information by some means or other in perform-
ing the decoding.

The conventional practice for acquiring the bit allocation
information has been to transmit the energy value informa-
tion of each frequency band as side information 1n addition
to the signals of the respective bands. In this case, the energy
values of signals of the respective bands are computed at
energy detection means 133, to 133 , from the signals
divided into the frequency bands by the frequency division
filters 131, to 131 of the encoder [130 and,] 130. Then,
based on the computed values, the optimum numbers of bit
allocation and the steps of quantization at the time of
quantization of the signals of the respective bands are found
[at a allocation-step] by the bit allocation computing unit
135. The results obtained [at] by the computing unit 135 are
used for requantizing the signals of the respective bands at
quantizers 134, to 134 . The output signals, that 1s the
auxiliary or side information from the allocation-step com-
puting unit 135, are transmitted to [an allocation-step] a bit
allocation computing unit 145 of the decoder 140, and the
data from the unit 145 are transmitted to dequantizers 144,
to 144 where [an inverse operation of] an operation inverse
fo that performed at the quantizers 134, to 134, 1s performed
to perform signal decoding.

With the above described frequency division and coding,
noise shaping or the like may be taken into account in
keepmng with human auditory characteristics, and more
information may be allocated to those frequency bands 1n
which the [voice] audio energies are concentrated or which
contribute more to subjective [voice] audio quality, such as
clarity. Signal quantization and dequantization for the
respective frequency bands are performed with the allocated
number of bits for reducing the extent of obstruction of
hearing by the quantization [noises] noise to reduce the
number of bits on the whole. The above mentioned fre-
quency division and coding results 1n generation of quanti-
zation noises only 1n the frequency band concerned without
alfecting the remaining bands. Meanwhile, when the energy
value information 1s transmitted as the auxiliary data, as
described above, the energy values of the signals of the
respective bands may advantageously be employed as the
quantization step widths or normalization factors of the
respective frequency band signals.

Should the frequency division and coding be applied to
musical or voice signals, the frequency band division 1is
usually performed 1n such a manner that, 1n order to suit to
the frequency analysis capability of the human auditory
sense, a narrower bandwidth and a broader bandwidth are
selected for the low frequency range and the high frequency
range, respectively.

However, with such a frequency band division, suited to
the frequency analysis capability of the human auditory
sense, 1f the definition of temporal analyses for the respec-
five frequency bands, that 1s the time width as the unit of
analyses along the time axis, should be the same, the size of
the analytic block for each frequency range, that is the
number of samples or data will differ from one frequency
range to another because of the difference 1n the band widths
of the frequency [bands, with the result] bands. The result of
this ts that the efficiency of the analytic processing and hence
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the encoding efficiency are lowered. On the other hand, the
constant amplitude [period] domain, i.e., the time for which
an audio signal has a constant amplitude, 1s thought to be
longer and shorter for the low and high frequency signals,
respectively, so that an efficient encoding consistent with the
constant amplitude [period] domain cannot be performed.

OBJECT AND SUMMARY OF THE INVENTION

It 1s therefore an object of the present invention to provide
a digital signal encoding apparatus 1n which, 1n encoding
[voice] audio signals divided into a plurality of frequency
bands to suit the frequency analysis capability of the human
auditory sense, a more elficient encoding consistent with the
properties of the [voice] audio signals may be achieved.

It 1s another object of the present invention to provide a
digital signal encoding apparatus 1n which a higher power ot
frequency resolution is realized [for a low frequency range]
at lower frequencies and a higher power of temporal reso-
lution is achieved [for higher frequency range] ar higher
frequencies where the duration the constant amplitude
[state] domain is shorter.

According to the present invention, there 1s provided a
digital signal encoding apparatus in which the mput digital
[signals are] signal is divided into a plurality of frequency
bands [which are so set that the bands with] higher frequen-
cies will have broader bandwidths, and 1n which encoded
signals are synthesized and outputted for each of [said] the
frequency ranges, wherein the improvement resides in that
properties of the frequency components of the frequency
bands are detected fo provide a detection output and encod-
ing 1s controlled as a function of the detection output, and 1n
that the detection time duration 1s selected to be longer for
lower frequencies.

Thus, according to the present invention, the definition of
anlyses along the time axis i1s changed as a function of the
bandwidths of the respective frequency bands to realize an
optimum time interval for analyses for each frequency band.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 1s a block diagram showing an example of the
conventional frequency division and encoding.

FIG. 2 1s a block diagram showing a first embodiment of
the present invention.

FIG. 3 1s a diagrammatic view showing the operation of
the embodiment of FIG. 2.

FIG. 4 1s a block diagram for illustrating a modified
quantization system.

FIG. 5 1s a block diagram showing a second embodiment
of the present 1nvention.

FIG. 6 1s a diagrammatic view for 1llustrating the opera-
tion of the second embodiment shown 1n FIG. 5.

FIG. 7 1s a block diagram showing the filter bank of FIG.
S 1n detail.

FIG. 8 1s a block diagram showing a decoder correspond-
ing to the embodiment of FIG. 5.

FIGS. 9 and 10 are charts for illustrating the operation of
the embodiment shown in FIG. 5.

FIG. 11 1s a block diagram showing a third embodiment
of the present invention.

FIG. 12 1s a chart for illustrating the operation of the
embodiment of FIG. 11.

DESCRIPTION OF THE PREFERRED
EMBODIMENTS

By referring to the drawings, certain preferred embodi-
ments of the present invention will be explained 1n detail.
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FIG. 2 shows diagrammatically the construction of a
digital signal encoding apparatus according to a first
embodiment of the present invention, wherein the frequency
range 1s divided into four bands, as shown 1 FIG. 3.

In FIG. 2, [voice signals,] an audio signal for example,
[are supplied as] is supplied as an input digital [signals]
signal to an mput terminal 1 of the digital signal encoding
apparatus. [These voice signals are] This audio signal is first
supplied to band-pass filters (BPFs) 11 to 14. These BPF
filters divide the frequency range of the [voice signals] audio
signal 1nto a plurality of frequency bands so that the band-
width will become broader for the higher frequency bands so
as to suit the frequency discriminating capability of the
human auditory sense. Low-pass filters are built 1n the BPFs
11 to 14 so that the signals are shifted [towards the low
frequency sides] downwards in frequency by amounts cor-
responding to the [central] center frequencies of the pass

bands of the BPFs 11 to 14.

The [voice signals,] audio signal, thus divided into plural
frequency bands and shifted [to the lower frequency sides}
downwards in frequency by the BPFs 11 to 14, [are] is
divided into frequency bands B1l, B2, B3 and B4 by the
BPFs 11,12, 13 and 14, as shown 1n FIG. 3. These frequency
bands B1 to B4 are selected so that the bandwidths will be
the broader, the higher the frequencies, as mentioned pre-
viously.

The signals of the respective frequency bands are quan-
tized by quantizers 41 to 44. During such quantization, the
frequency characteristics of the frequency components [of]
in the respective bands are detected by spectrum analysis
circuits 21 to 24, respectively; and quantization 1s controlled
as a function of the detected output. That 1s, with the present
encoding apparatus, the numbers of allocated bits at the time
of quantization are determined on the basis of the results of
the signal spectral analyses for the respective frequency
bands, and quantization [at] by the quantizers 41 to 44 is
performed on the basis of the so determined numbers of bit
allocation.

Thus the signals of the respective frequency bands from
the BPFs 11 to 14 are transmitted to spectrum analysis
circuits 21 to 24, respectively, where spectral analyses for
the [refractive] respective frequency bands are performed.
The results of the analyses are transmitted to bit allocation
[numbers] number decision circuits 31 to 34 which allocate
the number of the bits at the time of quantization, so that the
bit allocation numbers are determined [at] by the circuits 31
to 34 on the basis of the results of the analyses. Quantization
[at] by the quantizers 41 to 44 [are] is performed on the basis
of the so determined bit allocation numbers. [Quantization]
The quantized outputs of the quantizers 41 to 44 are syn-
thesized by a multiplexer 6 so as to be outputted at an output
terminal 7 of the digital signal encoding apparatus of the
present embodiment.

[t is noted that, in quantizing the [voice signals] audio
signal previously divided into plural frequency bands to suit
the frequency analysis capability of the human auditory
sense, since the bandwidths of the respective frequency
bands differ from one frequency band to another, the block
sizes of the spectral analyses, that 1s the widths along the
fime axis of the analytic blocks, will differ from one fre-
quency band to another for the same assumed precision in
definition of the analyses along time axis of the frequency
[bands, with the result that] bands. As a result, the efficiency
of spectral analyses, and hence the quantization efficiency,
[are] is lowered. Since it is thought in general that the
constant amplitude domain of [the low frequency range
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signal] lower frequency signals is longer and that of [the
high frequency range signal] higher frequency signals is
shorter, an efficient coding taking [such] info account this
difference 1n the length of the constant amplitude domain
cannot be realized.

With this in view, the temporal analytic accuracy, that 1s,
the analytic accuracy along the time axis, 1s selected to be
higher and lower for the high and low frequency range,
respectively, for realizing a more efficient quantization. In
other words, the durations of the spectral analyses are
selected to be shorter and longer for the high and low
frequency ranges, respectively.

That is, [for] in the spectral analyses performed by the
spectral analysis circuits 21 to 24, the period of the analyses,
which 1s the detection time interval or the time width as a
unit of the analyses along the time axis, 1s selected to be the
longer, the lower the frequency. Selection of the detection
fime 1ntervals for the spectral analyses as a function of the
frequencies may be made on the basis of each of the clock
signals obtained Jupon] by dividing the clock frequency of
the clock [signals] signal contained in the [voice signals.}
audio signal.

Thus, in the present embodiment, the clock signal [com-
ponents in the voice signals] in the audio signal supplied to
the input terminal 1 [are] is separated in a clock circuit 2.
The so separated clock [signals CK are] signal CK is
sequentially transmitted through Y2 frequency dividers 3, 4
and 5 to produce frequency-divided clock [signals] signal
(V2) CK, divided to one half the original clock frequency CK,
frequency-divided clock [signals] signal (V4) CK, divided to
one-fourth the original clock frequency CK and frequency-
divided clock [signals] signal (1/8) CK, divided to one-
eighth the original clock frequency CK. Of the so-produced
clock signals, the clock [signals CK are] signal CK is
transmitted to a spectrum analysis circuit 24 and a bit
allocation number decision circuit 34, the frequency-divided
clock [signals] signal (*2) CK Jare] is transmitted to a
spectrum analysis circuit 23 and a bit allocation number
decision circuit 33, the frequency-divided clock [signals (V4)
CK are] signal (¥2) CK is transmitted to a spectrum analysis
circuit 22 and a bit allocation number decision circuit 32 and
the frequency-divided clock [signals (1/8) CK are] signal
(1/8) CK is transmitted to a spectrum analysis circuit 21 and
a bit allocation number decision circuit 31.

[Hence] Consequently, the detection time duration of the
spectral analyses, that 1s, the unit time width for the
analyses, [becomes] is @ maximum at the spectrum analysis
circuit 21, [while it becomes] is progressively shorter at the
spectrum analysis circuits 22 and 23, [becoming] and is
shortest at the spectrum analysis circuit 24.

By changing the detection time intervals for spectral
analyses in this manner, it becomes possible to [realize]
perform eflicient spectral analyses and hence efficient quan-
tization at the time of quantizing the [voice signals] audio
signal divided mto a plurality of frequency bands to suit the
frequency analysis capability of the human auditory sense.
With the detection time interval thus changed, the spectrum
for each frequency band may be thought to be constant in
cach block of the band, so that the values of the spectrum
analyses for the long time block may be used 1n the lower

frequency range 1n substitution for the short-time spectral
wavelform.

[Meanwhile, the] The division ratio of the frequency
range need not necessarily be inversely [proportionate]
proportional to the time durations for spectrum analyses,
that 1s the time durations bearing the ratios of 8:4:2:1 to the
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[frequency] period of the clock signals CK. However, the
relative magnitude of the division ratio 1s preferably selected
in the above described manner. Such relative magnitude 1s in
keeping with the direction 1n which the block size of the
spectral analyses, that 1s the width of the analytic block
along the time axis, may be made the same, so that the
efficiency 1s not lowered.

Although the bit allocation numbers for quantization are
determined 1n the above embodiment by the spectral
analyses, the bit allocation numbers for quantization may
also be determined using the floating coefficients [for] of a
so-called block floating operation.

FIG. 4 shows a portion of the digital signal encoding,
apparatus of the present embodiment responsible for only
one frequency band.

In this figure, [voice signals] the audio signal at an input
terminal 1 Jare] is passed through a band-pass filter (BPF) 50
where [the signals of] components of the audio signal in a
predetermined frequency band are [taken out] extracted as a
block which 1s then transmitted to a maximum value detec-
tion circuit 51 adapted for detecting the maximum value
[data] of the samples in the block. In this maximum value
detection circuit 51, the maximum value [data] sample in the
block 1s detected, and the tloating coefficient for the block
floating operation 1s found on the basis of the maximum
value [data] sample.

In detecting the floating coetficient, 1f the same degree of
accuracy 1s used for the temporal analyses of the respective
frequency bands, the efficiency of detection of the floating
coellicients and hence the quantization efficiency tends to be
lowered, while 1t 1s not possible to perform efficient encod-
ing 1n accordance with the constant-amplitude domains.

Thus the maximum value detection circuit 51 1s fed with
the frequency-dlwded clock signals shown in FIG. 2 and the
precision of definition along the time axis of the floating
coelficient or the analysis time interval of the floating
coellicient 1s determined on the basis of these frequency-
divided clock signals. That 1s, 1n the present embodiment,
the precision of definition along the time axis 1s selected to
be higher and lower for the high and low frequencies,
respectively, for realizing more efficient quantization.

The floating coefficients, for which the time intervals for
analyses have been determined in this manner, are transmit-
ted to a normalization circuit 52. The aforementioned block
[data are] of samples is also supplied to the normalization
circuit 52, so that the block [data are] of samples is processed
in the normalization circuit 52 by block floating on the basis
of the above mentioned floating coeflicients, and the blocks
thus processed by block floating are quantized subsequently.

Since the block floating also 1s preferably performed 1n
the constant-amplitude [signal domain,] domain of the
signal, the time 1nterval of the floating coetficient for the
constant-amplitude [signal] domain is selected to be longer
for the low frequency range where the constant-amplitude
domain 1s longer for realizing efficient block floating.

That 1s, 1n the above described first embodiment of the
digital signal encoding apparatus of the present invention,
encoding 1s controlled 1 accordance with the detection
output of the characteristics of the components of the
frequency bands, while the detection time interval 1is
selected to be longer for the lower frequencies, with the
result that the detection efficiency 1s not lowered and hence
ciicient encoding suited to the nature of the mput digital
signals may be achieved.

A second embodiment of the present invention will be
hereinafter explained by referring to FIG. 5, et seq.




Re. 36,559

7

FIG. § shows diagrammatically a typical construction of
a high efficiency encoding apparatus for digital data accord-
ing to the second embodiment.

Referring to FIG. 5, the high efficiency encoding appa-
ratus for [digital data] a digital signal according to the
present embodiment 1s constituted by a filter bank 104, made
up of mirror filters, such as quadrature mirror filters, as the

frequency division filters, orthogonal transform circuits 105,
to 105 for performing an orthogonal transform, that 1s a
transform of the [time axis into] the digital signal on the time
axts to the frequency axis, such as fast Fourier transform,
and a bit allocation number decision circuit 106 for deter-
mining the bit numbers allocated to the respective frequency

bands.

To the input terminal 101 [are supplied] is supplied a 0 to
16 kHz input digital [data] signal obtained upon sampling
[audio signals] an audio signal with a sampling frequency
fs=32 kHz. [These input data are] The input digital signal is
transmitted to the filter bank 104, by means of which the
[input data are] input digital signal is divided into a plurality
n of, herein five, frequency bands [so that the bandwidths
become] that have bandwidths that are broader [for]
towards higher frequencies. Thus the input digital [data are}
signal ts divided roughly into five channels, that 1s a channel
CH1 with the frequency band of O to 1 kHz, a channel CH2
with the frequency band of 1 to 2 kHz, a channel CH3 with
the frequency band of 2 to 4 kHz, a channel CH4 with the
frequency band of 4 to 8 kHz and a channel CHS with the
frequency band of 8 to 16 kHz, as shown in FIG. 6. Such
frequency division in which the bandwidth [becomes
broader for] is broader towards higher frequencies is a
frequency division technique taking human auditory char-
acteristics into account, [similarly] similar to the so-called
critical band. The critical band, which takes the human
auditory characteristics into account, means the band occu-
pied by a narrow band noise masking a pure tone or sound,
wherein the noise has the same amplitude as and [encom-
passing the level or] encompasses the pitch of the pure tone
or sound, wherein, the higher the frequency, the broader
becomes the bandwidth of the critical band. For each of
these five channels, blocks each consisting of a plurality of
[samples,] samples of the input digital signal, that is a unit
time block, are formed by the orthogonal transform circuits
105, to 105, and orthogonal transform, such as a fast Fourier
transform, is performed [for] on each unit time block of each
channel to produce coefficient data [by] as a result of the
orthogonal transform, such as the FFT coefficient data for
FFT. The coefficient data of the respective channels are
transmitted to the bit allocation number decision circuit 106,
where the bit allocation number data for the respective
channels are [formed] determined and the coefficient data
for the respective channels are quantized. The encoder
output i1s outputted at an output terminal 102, while the bat
allocation number data are outputted at an output terminal

103.

In this manner, by constituting the unit time blocks from
channel [data] signals having broader bandwidths for higher
frequencies, the number of samples 1n the unit time block
[becomes smaller for] is smaller in the low frequency
channels of narrower [bandwidths, while becoming larger
for] bandwidths than in the high frequency channels or
broader bandwidths. In other words, the frequency resolu-
fion becomes lower and higher for the low and high fre-
quency regions, respectively. By performing orthogonal
transformation of each of the time blocks of the respective
channels, the coefficient data [by] resulting from the
orthogonal transformation may be obtained [at] in each
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channel over the full frequency range at an equal 1nterval on
the frequency axis, so that the same [high] frequency reso-
lution may be realized at both [the high and low frequency
sides] high and low frequencies.

If the human auditory characteristics are considered,
[while] the frequency resolution [power] needs to be high [
in the low frequency range, it] at lower frequencies, but need
not be so high [in the high frequency range] ar higher
frequencies. For this reason, with the present embodiments,

the unit time block [in] on which the orthogonal transtform
is performed is composed of the same number of [sample
data for] samples in each band or channel. In other words,
the unit time block has different block lengths from one
channel to another, in such a manner that the low [range has]
frequency channels have a longer block length and the high
[range has] frequency channels have a shorter block length.
That is, [the power of] a high frequency resolution is
maintained at [a higher value for the lower frequency range
while it is set] lower frequencies while the frequency reso-
lution is reduced so as not to be higher than is necessary [for
the higher frequency range] ar higher frequencies and the
[power of] temporal resolution is set to be high [for the
higher frequency range] ar higher frequencies.

It 1s noted that, with the present embodiment, the blocks
with the same number of samples are subjected to Jorthogo-
nal transform for] the orthogonal transform in channels CH1
to CHS, so that the same number of coeflicient data, such as
6-point (pt) coefficient data may be obtained in the respec-

tive channels. In this case, the channel block length 1s 32 ms
for channel CH1, 32 ms for channel CH2, 16 ms for channel

CH3, 1 ms for channel CH4 and 4 ms for channel CHS. If
the fast Fourier transform is performed [by way of] as the

aforementioned orthogonal transform, the amount of pro-
cessing 1s 64 log, 64 for channels CH1 and CH2, 64 log,

64x2 for channel CH3, 64 log, 64x4 for channel CH4 and
64 log, 64x8 for channel CHS3, 1n the example of FIG. 6. In
case of the fast Fourier transform for the full frequency
range, the amount of processing 1s 1024 log, 1024=1024x10
for the sampling frequency fs=32 kHz and the coeflicient
data 1s 1024 pt for the block length equal to 32 ms.

With the above described construction of the present
embodiment, a high [power of] frequency resolution may be
obtained at [the low frequency range] lower frequencies
which 1s critical for the human auditory sense, while the
requirement for [a] the higher temporal resolution necessary
[with] for transient signals rich in high frequency compo-
nents as shown 1n FIG. 9 may also be satisfied. The filter
bank, the orthogonal transform circuits [or] and the like may
be those used conventionally so that the construction may be
simplified and reduced in costs and the delay time 1n each
circuit of the apparatus may be diminished.

FIG. 7 shows the [concrete] practical construction of the
filter bank 104. In this figure, the 0 to 16 kHz mput digital
[data] signal with the sampling frequency fs=32 kHz is
supplied to an input terminal 140 of the filter bank 104.
[These] This input digital [data are] signal is first supplied to
a [filter] QMF filter 141 where the O to 16 kHz input digital
data are divided into O to 8 kHz output data and 8 to 16 kHz
output data, of which the 8 to 16 kHz output data are
supplied to a low range conversion circuit 145.. The 8 to 16
kHz data undergo down-sampling 1in the low range conver-
sion circuit 145 to generate 0 to 8 kHz data, which are
outputted at output terminal 149.. The 0 to 8 kHz output
from QMF 141 1s transmitted to a filter QMF 142, where it
1s similarly divided mto a 4 to 9 kHz output transmitted to
a low range conversion circuit 145, and a 0 to 4 kHz output

transmitted to a QMF 143. The 0 to 4 kHz [data] signal,
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converted into [the base band data, are] a base band signal
is obtained at the low range conversion circuit 145, so as to
be outputted at output terminal 149,. Similarly, a O to 2 kHz
output and a 2 to 4 kHz output are produced at [filter] QMFE
filter 143, while a 0 to 1 kHz output and a 1 to 2 kHz output
are produced at [filter] QMF filter 144, so as to be converted
into low range signals in low range conversion circuits 145,
to 145, betore being outputted at output terminals 149, to
149,. These outputs are transmitted via channels CHI to
CHS to the orthogonal transform circuits 105, to [105.,
meanwhile, the] 71055. The low frequency conversion circuit

145, may be omitted 1f so desired.

FIG. 8 shows the construction of a decoder. In this figure,
the above mentioned encoder output 1s supplied to an 1nput
terminal 122, while the above mentioned bit allocation
number information i1s supplied to an input terminal 123.
These [data] signals are supplied to a channel information
generator 126 where the [data of] signal from the encoder
output [are restored into] is dequantized to restore the
coellicient data of the respective channels on the basis of the
bit allocation number information. These restored coetlicient
data are transmitted to mverse orthogonal conversion cir-
cuits 125, to 125, where an [inverse] operation inverse to
that 1in the orthogonal conversion circuits 105, to 105; 1s
performed [to produce data in which] in which the coefficient
data on the frequency axis 1s converted into samples of a
signal on the time axis. The [data of] samples the respective
channels on the time axis are decoded by a synthesis filter
124 before being outputted as the decoder output signal at
output terminal 121.

In [forming] determining the bit allocation information
for each channel 1n the bit allocation number decision circuit
106 of FIG. 5, the allowable signal noise level is [set]
calculated and the masking effect 1s taken 1nto consideration
at this time so that the allowable noise level will be higher
for the higher band frequency for the same energy value for
determining the allocation bit number for each band. The
masking effect means both the masking effect for signals on
the time axis and that for signals on the frequency axis. That
is, [by such] according to the masking effect, any noise [in
the masked signals, if any, may] that is masked by a signal
will not be heard. Hence, in [the] actual audio signals, any
[noises in the masked] noise masked by signals on the
frequency axis [are allowable noises] is allowable noise, so
that, during quantization of the [audio] coefficient data, it
becomes possible to diminish the number of the allocated
bits corresponding to the allowable noise level.

In the above described second embodiment of the high
efficiency encoder for [digital data,] an input digital signal,
the input digital [data are] signal is divided into a plurality
of bands [so that the bandwidth will become broader for the
higher frequency range,] that have bandwidths that are
broader towards higher frequencies, blocks each consisting
of a plurality of samples are formed for each band and
orthogonal transform 1s performed for each of the blocks so
as to produce the coefhicient data to realize encoding with a
higher frequency resolution [power]. The orthogonal trans-
form block consists of the same number of [sample data for]
samples in each band, so that [a high power of] the high
frequency resolution required for the lower [frequency
range] frequencies may be realized, while the requirement
for a high [power of] temporal resolution for transient
signals rich 1n high frequency components may also be
satisfied.

In this manner a highly efficient encoding consistent with
the human auditory characteristics may be achieved. The
construction for implementing the encoder of the present
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embodiment may be simple and 1nexpensive since the
components may be those used conventionally.

A third embodiment of the present invention will be
hereinafter explained by referring to FIG. 11 showing, as a
typical example of high efficiency encoding, a high effi-
ciency encoder m which the above mentioned adaptive
transform coding 1s applied.

In FIG. 11, the input digital [data are] signal is transmitted
via input terminal 201 to a block forming circuit 211 where
[they are] ir is formed into blocks [at] of a predetermined
time [interval] duration before being transmitted to a fast
Fourier transform (FFT) circuit 212. In this FFT circuit 212,
the [data in the form of unit time blocks] unit time blocks of
the input digital signal are converted 1nto coefficient data on
the frequency axis. Assuming that the FFT operation for
2048 samples 1s to be performed, the FFT coeflicient data
expressed by the phase angle of 1023 points and the ampli-
tude point of 1025 points (or the imaginary number part of
1023 points and the real number part of 1025 points), may
be found. These FFT coeflicient data are transmitted to
critical band separation circuits 213, to 213, where they are
divided into, for example 25 critical bands so as to be formed
into blocks.

Since the band or block width of the critical bands
becomes progressively broader [for the higher frequency
range,]| rowards higher frequencies, the number of [samples
in one block becomes larger for the higher frequency range
than for the lower frequency range] coefficient data in each
band is larger at higher frequencies than at lower frequen-
cies. In such case, the efficiency of block floating [for the
higher frequency range,] applied to the higher-frequency
bands, which will be explained subsequently, [becomes
lower.] is reduced.

Thus, with the present embodiment, an approximately
equal number of [samples of the] coefficient data Jof] in the
respective bands are collected and arranged into a block
form. That 1s, the numbers of coefficient data 1n the blocks
are approximately equal. For example, [sample] N coeffi-
cient data (FFT coefficient data) are collected along the
frequency axis mto one block. Referring to the signal path
downstream of the critical band separation circuit 213,
[samples] N coefficient data (one block) are outputted from
the critical band separating circuit 213,. This block 1s
transmitted to the normalization circuit 214,, while also
being transmitted to a floating coeflicient computing circuit
217,. In the computing circuit 217, the floating coetlicient
1s computed and transmitted to the normalization circuit
214, where the tloating operation for the block 1s performed
with the use of the floating coetficient for normalization. The
output of the normalization circuit 214, 1s transmitted to the
quantization circuit 251, for quantizing the normalized
block. The quantization 1s performed on the basis of the bit
number information from a bit allocation number decision
circuit 219 determining the number of the bits allocated to
the respective critical bands. The output from the quantizer
215, 1s supplied to a synthesizer 216. The floating coetlicient
is quantized in a floating coefficient quantization (FC
quantization) circuit 218, with a predetermined number of
bits ¢ for each block as a unit, before being transmitted to the
[synthesizer] multiplexer 216. The quantization outputs
from the block and the quantization output of the floating
coefficient are [synthesized in the synthesizer] multiplexed

in the multiplexer 216 so as to be outputted at an output
terminal 202.

It 1s noted that, for maintaining the efficiency of the block
floating operation at [the higher frequency range] higher
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frequencies and achieving effective bit allocation which
takes human auditory characteristics into account, the FC
quantization circuit 1s adapted to perform quantization with
[or] @ number of bits which is [the lesser] /ess the higher the
frequency of the floating coetlicient. That 1s, with the present
high efficiency encoding apparatus, k& blocks each consisting
of N consecutive [samples] coefficient data are generated
from each band [for the high frequency range having] at
higher frequencies where the bands have a broader band
width and [a large number of samples,] include a larger
number of coefficient data, wherein k denotes a natural
number which differs from one band to another. Taking [an]
the output of the critical band separating circuit 213, of the
hiech frequency range as an example, the output of the
critical band separating circuit 213, 1s transmitted to &
sub-band forming circuits 2215 , to 2215, from which the
blocks are consisting of N consecutive [samples] coefficient
data are generated. These blocks are processed by the
normalization circuits 214, ; to 214, ,, floating coefhicient
computing circuits 2175, to 217,5 ,, quantization circuits
215,54, to 215,54 ; and by the FC quantization circuits 218, |
to 2185 ,, similar to those downstream of the critical band
separating circuits 214, ; to 214, ; before being transmut-
ted to the synthesize 216.

[At this time, in] /n the FC quantization circuits 218 , to
218, ,, the floating coefficients [have been quantized on the
block-by-block basis] are quantized block-by-block with the
number of bits r [lesser] which is less than the predetermined
number of bits ¢ [at] used by the FC quantization circuit 218,
(c>1). [Meanwhile, the] The numbers of [samples N of}
coefficient data N in the respective [bands] blocks are
provided so as to be uniform to some extent.

As shown for example mm FIG. 12, a predetermined
number of bits [r lesser]  which is less than the predeter-
mined number of bits ¢ [for the lower range] used in the
lower frequency bands, such as band B,, B,, . . . among the
critical bands B1 to B25, [are] is provided to [k sub-bands
sb.s ; 1 to sb.s ; kin a higher range] each of the k sub-bands
sb,s 1 10 sb,s ;. in a higher frequency band such as band B2S,
and quantization 1s performed with the number of bits r. The

predetermined numbers of [the] bits may for example be 6
for the bands B1 and B2 and 4 for band B25, that 1s, four bits

for each of the sub-bands [sb 25, 1to sb 25, k, as shown in
brackets] sb,s , 10 sb,s,, as shown in parentheses in the
drawing. Although not shown, 6 bits, 5 bits and 4 bits may
be provided to bands Bl to B5, B6 to B15 and bands B16
to B25, respectively. In determining the numbers of floating
coefficient quantization bits, the number of [the] bits may be
adjusted [with the data] taking the signal dispersion in the
block [taken] into consideration. In this case, the numbers of
allocation bits for the floating coeflicients are decreased for
the blocks with larger dispersion.

With the above described third embodiment, since the
predetermined number of bits are provided to the [sub-bands
of the high frequency range] higher-frequency sub-bands at
the time of quantization of the floating [coefficients, it does
not occur that] coefficients the numbers of the bits of the
floating coefficients per [sample] one of the coefficient data
in the [frequency band in the high frequency range be}
higher frequency bands is not decreased drastically as com-
pared to the numbers of the bits for the [low frequency
range,]| lower frequency bands, even in cases wherein the
band or block width is enlarged [for the high frequency
range,| atr higher frequencies, such as in the above men-
tioned critical bands, so that 1t becomes possible to prevent
the [effect] efficiency of the block floating [in the high
frequency range] at higher frequencies from being lowered.
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On the other hand, the floating coefficients [of the higher
frequency range] ar higher frequencies are quantized with
[the smaller number of the bits,] a smaller number of bits so
that bits may be used more efficiently at [the high frequency
region where the larger number of the bits in] higher
frequencies where a larger number of bits is not required [in
view] as a result of the human auditory characteristics.

What 1s claimed 1s:

1. A digital signal encoding method of the type 1n which
an input digital [signals are] signal is divided into frequency
components tn a plurality of frequency bands which are so
set that the frequency bands with higher frequencies will
have broader bandwidths, and 1n which encoded signals are
synthesized and outputted for each of the frequency bands,
wherein the 1mprovement resides 1n the steps of:

detecting by spectral analyses properties of the frequency
components of the frequency bands, [with the period
of] the spectral analyses|,] #aving a [which is the}
detection time interval Jor the time width as a unit of
the analyses along the time axis, being] selected to be
longer for lower frequencies, and generating a corre-
sponding detection output signal; and

controlling the synthesizing and encoding as a function of
the detection output signal.

2. The digital signal encoding method according to claim
1, wherein the input digital [signals have] signal has a given
sampling rate determined by a sampling rate clock signal,
and, 1n the step of detecting the properties of the frequency
components, [the frequency of] clock signals used in the
spectral [analysis] analyses are derived from the sampling
rate clock signal and [are] have frequencies selected to be
lower for lower frequency bands.

3. Ahigh efficiency digital [data] signal encoding method,
comprising the steps of:

dividing an input digital [data] signal into a plurality of
bands [so that the] having progressive broader band-
widths thereof [will become progressively broader] for
higher frequency bands;

forming a plurality of blocks, each consisting of a plu-
rality of samples of the divided input digital [data,}
signal, for each band; and

performing an orthogonal transformation of each block of

the bands to generate coeflicient data.

4. The method according to claim 3, wherein the block 1n
which the orthogonal transformation is performed 1s com-
posed of the same [numbers of] number the samples [data
for] of the divided inpur signal in the respective bands.

5. A high efficiency encoding method of the type 1n which
an input digital [data are] signal is converted into data on
[the] a frequency axis to produce data divided according to
predetermined frequency bands, the data of the respective
frequency bands are formed into blocks by selecting [the]
band-widths of the blocks to be broader [for the high
frequency ranges] ar higher frequencies to compute [the]
floating coeflicients for the respective blocks, a floating
operation [for] on the respective blocks is performed [with]
using the floating coeflicients, and the floating coefficients
are quantized, wherein the improvement resides 1n that:

in the step of forming the data [of] in the respective
frequency bands 1nto blocks, the number of the data 1n
each block [are] is selected to be approximately equal;
and

in the step of quantizing the floating coeflicients, the
floating coefficients [for the high frequency ranges] are
quantized in such a manner that [the numbers of}
progressively fewer bits are [progressively smaller for]
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allocated to the floating coefficients of [the higher
frequency ranges.] the frequency bands at higher fre-
quencies.

6. A digital signal encoding apparatus of the type includ-
ing means for dividing an input digital [signals] signal into
frequency components in a plurality of frequency bands
which are so set that the frequency bands with higher
frequencies will have broader bandwidths, and means for
synthesizing and outputting encoded signals for each of the
frequency bands, wherein the improvement comprises:

means for detecting by spectral analyses properties of the
frequency components of the frequency bands, [with
the period of] the spectral analyses|, which is the}
having a detection time interval Jor the time width as a
unit of the analyses along the time axis, being] selected
to be longer for lower frequencies, and generating a
corresponding detection output signal; and

means for controlling the synthesizing and encoding as a

function of the detection output signal.

7. The digital signal encoding apparatus according to
claim 6, wherein the mput digital signals have a given
sampling rate determined by a sampling rate clock signal,
and the means for detecting includes means for deriving,
[clock signals] from the sampling rate clock signal [and the
frequency of these] clock signals for use in the spectral
analyses, the clock signals Jused in the spectral analysis are}
having frequencies selected to be lower for lower frequency
bands.

8. A high efficiency digital [data] signal encoding
apparatus, comprising;

means for dividing an input digital [data] signal into a
plurality of bands [so that the] having progressive
broader bandwidths [thereof will become progres-
sively broader] for higher frequency bands;

means for forming a plurality of blocks, each consisting

of a plurality of samples of the divided mput digital
[data,] signal, for each band; and

means for performing an orthogonal transformation of

cach block of the bands to generate coeflicient data.

9. The apparatus according to claim 8, wherein the block
in which the orthogonal transformation 1s performed 1is
composed of the same [numbers] number of the [sample
data for] samples of the divided input digital signal in the
respective bands.

10. A high efficiency encoding apparatus of the type
which includes means for converting an input digital [data]
signal into data on [the] a frequency axis to produce data
divided according to predetermined frequency bands, means
for forming the data [of] in the respective frequency bands
into blocks by selecting [the] bandwidths of the blocks to be
broader [for the high frequency ranges] ar higher frequen-
cies to compute [the] floating coefficients for the respective
blocks, means for performing a floating operation [for] on
the respective blocks [with] using the floating coefficients,
and means for quantizing the floating coetficients, wherein
the improvement [comprises:] resides in that:

[that] the means for forming the data [of] iz the respective
bands 1nto blocks selects the number of the data 1n each
block to be approximately equal; and

the means for quantizing the floating coefficients quan-
tizes the floating coefficients [for the high frequency
ranges] in such a manner that [the numbers of] pro-
gressively fewer bits are [progressively smaller for]
allocated to the floating coefficients of the [higher
frequency ranges.] frequency bands at higher frequen-
cies.
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11. A digital signal encoding method of the type 1 which
an input digital [signals are] signal is divided into frequency
components tn a plurality of frequency bands which are so
set that the frequency bands with higher frequencies will
have broader bandwidths, and in which encoded signals are
synthesized and outputted for each of the frequency bands,
wherein the improvement resides 1n the steps of:

detecting properties of the frequency components [of] in
the frequency bands, [with the time duration of] this
detection of the properties of the frequency components
[being]) having a time duration selected to be longer for
lower frequencies, and generating a corresponding
detection output signal, wherein the step of detecting
the properties of the frequency components includes a
spectrum analysis step, and wherein [the frequency of}
clock signals used in the spectral analysis step [is] have
frequencies selected to be lower for the clock signals
for [lower] the frequency bands with lower frequencies;
and

controlling the synthesizing and encoding as a function of

the detection output signal.

12. A digital signal encoding apparatus of the type mclud-
ing means for dividing an input digital [signals] signal into
frequency components a plurality of frequency bands which
are so set that the frequency bands with higher frequencies
will have broader bandwidths, and means for synthesizing
and outputting encoded signals for each of the frequency
bands, wherein the 1improvement comprises:

means for detecting properties of the frequency compo-
nents [of] in the frequency bands, [with the time
duration of] this detection of the frequency components
[being]) having a time duration selected to be longer for
lower frequencies, and generating a corresponding
detection output signal, wherein the means for detect-
ing the properties of the frequency components
includes a spectrum analysis means, and wherein [the
frequency of] clock signals used in the spectral analysis
means [is] rave frequencies selected to be lower for the
clock signals for [lower] the frequency bands with
lower frequencies; and

means for controlling the synthesizing and encoding as a
function of the detection output signal.
13. A digital signal encoding method for encoding an
input digital signal, the method comprising the steps of:
dividing the nput digital signal into frequency compo-
nents tn a plurality of frequency bands;

synthesizing and outputting encoded signals for each of
the frequency bands;

detecting by spectral analyses properties of the frequency
components in the frequency bands, and generating a
corresponding detection output signal; and

controlling the synthesizing of the encoded signals as a
function of the detection output signal.

14. The digital signal encoding method according to

claim 13, wherein:

in the step of dividing the input digital signal into a
plurality of frequency bands, the input digital signal is
divided into frequency bands having broader band-
widths at higher frequencies; and

in the step of detecting properties of the frequency
components, the spectral analyses have a detection
lime selected according to the bandwidth of the respec-
five frequency band.
15. The digital signal encoding method according to
claim 14, wherein:
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the mmput digital signal has a given sampling rate deter-
mined by a sampling-rate clock signal; and

the step of detecting properties of the frequency compo-
nents includes the step of deriving, from the sampling-
rate clock signal, clock signals for use in the spectral
analyses.

16. The digital signal encoding method according to
claim 15, wherein, in the step of deriving clock signals for
use in the spectral analyses, the clock signals have frequen-
cites selected according to the bandwidih of the respective
frequency band.

17. The digital signal encoding method according ito
claim 15, wherein, in the step of detecting by spectral
analyses, the spectral analyses have a detection time
selected according to the bandwidth of the respective fre-
quency band.

18. The digital signal encoding method according ito
claim 13, wherein, in the step of dividing the input digital
signals into a plurality of frequency bands, the input digital
signal is divided into least two frequency bands having equal
bandwidihs.

19. A digital signal encoding method for encoding an
input digital signal, the method comprising the steps of:

dividing the input digital signal into a plurality of fre-

quency bands;

forming a plurality of blocks, each consisting of a plu-

rality of samples of the divided input digital signal, for
each frequency band; and

performing an orthogonal transformation of each block of

the frequency bands to generate coefficient daia.

20. The digital signal encoding method according to
claim 19, wherein the method additionally comprises the ste
p of dividing the coefficient data into predetermined fre-
quency blocks having broader bandwidths at higher fre-
querncies.

21. The digital signal encoding method according to
claim 19, wherein, the step of forming a plurality of blocks
forms, in one of the frequency bands, blocks consisting of
samples equal tn number to the samples in the blocks in at
least one other of the frequency bands.

22. The digital signal encoding method according to
claim 19, wherein, in the step of dividing the input digital
signal into a plurality of frequency bands, frequency bands
with higher frequencies have broader bandwidihs.

23. The digital signal encoding method according to
claim 19, wherein, in the step of dividing the input digital
signal into a plurality of frequency bands, at least two of the
frequency bands have equal bandwidiths.

24. A digital signal encoding method for an input digital
signal, the method comprising the steps of.

converting the input digital signal into coefficient data on
a frequency axis;
dividing the coefficient data into predetermined frequency

bands;
forming the coefficient data in the respeciive frequency

bands into blocks of approximately equal numbers of

coefficient data;
computing a floating coefficient for the each of the blocks;

performing a floating operaiton on each of the blocks
using the respective floating coefficient; and
quantizing the floating coefficients in a manner that
allocates progressively fewer quantizing bits to the
floating coefficients of the frequency bands at higher
frequencies.
25. The digital signal encoding method according to
claim 24, wherein the step for dividing the coefficient data
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into predetermined frequency bands divides the coefficient
data into predetermined frequency bands having broader
bandwidihs at hither frequencies.

20. The digital signal encoding method according to
claim 24, wherein, in the step of forming the coefficient data
into blocks, more than one block is formed in a frequency
band at a higher frequency.

27. A digital signal encoding an apparatus, comprising.

frequency dividing means for dividing an input digital

signal nto frequency components n a plurality of
frequency bands;

means for synthesizing and outputiing encoded signals for
each of the frequency bands;

means for detecting by spectral analyses properties of the
frequency componenis in the frequency bands, and for
generating a corresponding detection output signal;
and

means for controlling the means for synthesizing and
outputting encoded signals as a function of the detec-
lion output signal.

28. The digital signal encoding apparatus according to

claim 27, wherein:

the frequency dividing means divides the digital nput
signal into frequency bands having broader band-
widths at higher frequencies; and

the means for detecting detects by spectral analyses
having a detection time selected according to the band-
width of the respective frequency band.
29. The digital signal encoding apparatus according to
claim 27, wherein:

the input digital signal has a given sampling rate deter-
mined by a sampling-rate clock signal; and

the means for detecting includes means for deriving, from
the sampling-rate clock signal, clock signals for use in

the spectral analyses.
30. The digital signal encoding apparatus according to
claim 29, wherein the means for deriving clock signals for
use in the spectral analyses includes means for selecting

frequencies for the clock signals according to the bandwidth

of the respective frequency band.

31. The digital signal encoding apparatus according to
claim 29, wherein the means for detecting detects by spectral
analyses having a detection time selected according to the
bandwidih of the respective frequency band.

32. The digital signal encoding apparatus according to
claim 27, wherein the frequency dividing means divides the
input digital signal into frequency bands in such a manner
that two of the frequency bands have equal bandwidths.

33. A digital signal encoding apparatus, comprising:

means for dividing an input digital signal into a plurality

of frequency bands;

means for forming a plurality of blocks, each conststing

of a plurality of samples of the divided input digital
signal, in each frequency band; and

means for performing an orthogonal transformation of

each block in each of the frequency bands to generate
coefficient data.

34. The digital signal encoding apparatus according to
claim 33, wherein the means for forming a plurality of
blocks forms, in one of the frequency bands, blocks consist-
ing of samples equal in number to the samples in the blocks
in at least one other of the frequency bands.

35. The digital signal encoding apparatus according to
claim 33, wherein the means for dividing the input digital
signal tnto a plurality of frequency bands divides the input
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digital signal into frequency bands having broader band-
widths at higher frequencies.

36. The digital signal encoding apparatus according to
claim 33, wherein the means for dividing the input digital
signal into a plurality of frequency bands divides the input
digital signal into frequency bands, at least two of the
frequency bands having equal bandwidths.

37. A digital signal encoding apparatus, comprising.

means for converting an input digital signal into coeffi-
cient data on a frequency axis;

means for dividing the coefficient data into predetermined
frequency bands;

means for forming the coefficient data in the respective
bands into blocks, the numbers of coefficient data in the
blocks being selected to be approximately equal;

means for computing a floating coefficient for each of the
blocks;

means for performing a floating operation on each of the
blocks using the respective floating coefficient, and

means for quantizing the floating coefficients in a manner
that allocates progressively fewer quantizing bits to the
floating coefficients of frequency bands at the higher
frequencies.

38. The digital signal encoding apparatus according to
claim 37, wherein the means for dividing the coefficient data
into predetermined frequency bands divides the coelficient
data into predetermined frequency bands having broader
bandwidths at higher frequencies.

39. The digital signal encoding apparatus according to
claim 37, wherein the means for forming the coefficient data
into blocks forms more than one block in a frequency band
at a higher frequency.

40. A digital signal encoding apparatus for encoding an
input digital signal, the apparatus comprising.

means for orthogonally transforming the input digital

signal to provide data on a frequency axis; and

means for dividing the data into frequency bands having
broader bandwidths at higher frequencies.
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41. The digital signal encoding apparatus according to
claim 40, wherein the means for dividing divides the data
into frequency bands corresponding to critical bands.

42. The digital signal encoding apparatus according to
claim 40, additionally comprising:

block forming means for forming the data in the frequency

bands into blocks of approximately equal numbers of
data, and

means for applying block floating to each block of data.

43. The digital signal encoding ap paratus of claim 42,
wherein the block forming means includes means for divid-
ing the data in a frequency band into plural blocks, each
block corresponding to a sub band obtained by dividing the
frequency band in frequency.

44. A digital signal encoding method for encoding an
input digital signal, the method comprising the steps of:

orthogonally transforming the input digital signal to
provide data on a frequency axis; and

dividing the data into frequency bands having broader

bandwidths at higher frequencies.

45. The digital signal encoding method according to
claim 44, wherein the step of dividing the data into frequency
bands divides the data into frequency bands corresponding
fo crifical bands.

46. The digital signal encoding method according to
claim 44, additionally comprising the steps of:

forming the data in the frequency bands into blocks of
approximately equal numbers of data, and

applying block floating to each block of data.

47. The digital signal encoding method according to
claim 46, wherein the step of forming the data into blocks
includes the step of dividing the data in a high frequency
band into plural blocks, each block corresponding to a sub
band obtained by dividing the high frequency band in

frequency.
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