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1

APPARATUS AND METHOD FOR AUDIO
DATA COMPRESSION AND EXPANSION
WITH REDUCED BLOCK FLOATING
OVERHEAD

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.

FIELD OF THE INVENTION

This 1mnvention relates to a method for processing audio
signals by block floating and compression.

BACKGROUND OF THE INVENTION

As a high efficiency coding technique for compressing a
digital audio signal, it 1s known to divide digital audio input
signal 1n time 1nto plural frames of a predetermined samples,
fo transform each frame into spectral coeflicients 1n the
frequency domain, and to divide the block of spectral
coellicients resulting from transforming a frame into plural
frequency bands. The spectral coeflicients 1n each band are
processed by block floating and are quantized by adaptive
bit allocation.

Block floating 1s a normalization process applied to a
block of data comprising plural words, such as a band of
spectral coeflicients. Block floating 1s applied by multiply-
ing each word 1n the data block by a common value for the
data block to improve quantization efficiency. In a typical
block floating process, the maximum absolute value of the
words 1 the data block 1s found and i1s used as a block
floating coetlicient common to all the words in the data
block. Using the maximum absolute value in the band as the
block floating coeflicient prevents data overtlow because the
absolute value of no other word in the data block can be
oreater than the maximum absolute value. A simplified form
of block floating determines the block floating coeflicient
using a shift quantity, which provides block floating in 6 dB
steps.

The data compressor employing block floating generates,
for each band, various block floating parameters BF that are
transmitted or recorded on a recording medium together
with the quantized spectral coetficients, or main information.
The block floating parameters include a block floating
coelhicient SF and a word length WL, which provides
information concerning the adaptive bit allocation, indicat-
ing the difference between the value of the block floating
coellicient SF and the allowable noise level which 1s deter-
mined for each band, taking account of masking.

In the following description, reference will be made to
recording on or reproducing from a recording medium.
When such references are made, they are to be understood
as additionally encompassing transmitting to and receiving
from a transmission medium.

Masking 1s a psychoacoustic phenomenon 1n which a
sound 1s rendered 1naudible, or “masked,” by other sounds
occurring simultaneously with, or slightly earlier than, or
later than, the sound. Masking effects may be classed into
fime domain masking effects, that 1s, masking by sounds
occurring earlier or later than the masked sound, and con-
current masking effects, which 1s masking 1s by
simultaneously-occurring sounds having a frequency ditfer-
ent from the frequency of the masked sound.

Masking enables a sound to render 1naudible any noise
within 1ts time or frequency masking range. This means that
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in the presence of a signal that, when reproduced, produces
a sound, a digital encoding system that produces quantizing,
noise may have quantizing noise levels that are high com-
pared with the noise level that 1s allowable 1n the absence of
the signal, provided that the quantizing noise lies within the
masking range of the sound produced by the signal. Since
relatively high levels of quantizing noise are allowable 1if
masked by the sound resulting from the signal, the number
of bits required to quantize the signal representing the sound,
or parts of the signal, may be significantly reduced.

A crifical band 1s a frequency band that takes advantage
of the masking characteristics of the human sense of hearing.
A critical band 1s the band of noise that can be masked by
a pure sound that has the same 1ntensity as the noise and has
a frequency 1n the vicinity of the frequency of the noise. The
width of the critical band increases with increasing fre-
quency of the pure sound. The entire audio frequency range

of 0 Hz to 20 kHz can be divided into, for example, 25
critical bands.

If, for some reason, data 1s destroyed or lost between the
output of the data compressor and the mput of a comple-
mentary data expander, 1t 1s possible to reduce the audible
cllects of the missing data i1n the data expander by reducing
the signal component 1n the frequency band corresponding
to the missing data to zero.

However, since the block floating parameters BF 1s
related to the spectral coeflicients 1n each band, the effect on
sound quality of losing a block floating parameter BF 1s
more noticeable than loss of the main information (i.e., the
quantized spectrum signals).

To mitigate the effects of possibly losing a block floating,
parameter BE, 1t 1s known to include the block floating
parameters BF 1n the compressed signal provided by the data
compressor twice, so that they are recorded twice on the
recording medium. This provides a redundant set of block

floating parameters 1n case a block floating parameter 1s lost
Or €rroneous.

In the following description, reference will be made to
lost data, such as block floating parameters and quantized
spectral coefficients on the understanding that this term also
covers erroneous or corrupted data, such as block floating
parameters and quantized spectral coefficients.

As shown 1n FIG. 15, the quantized spectral coeflicients
(main information) are recorded together with the block
floating coefhicients SF and word length WL as the above-
mentioned block floating parameters BE, and are recorded as
the block floating coefficients SF1 and the word lengths
WL1, respectively, and are recorded a second time as the
block floating coetficients SF2 and the word lengths WL2,
respectively.

With the above method, since all the block floating
parameters BF need to be recorded twice to deal with normal
occurrences of data loss, the number of bits allocated to the
main 1nformation must be reduced to accommodate the
additional block floating parameters. Consequently, in sys-
tems having a high compression ratio or a low bit rate, a
satisfactory sound quality cannot be attained.

In a conventional data compressor, the number of block
floating parameters BF recorded per frame of the input
signal 1s usually fixed. FIG. 16 shows how the data corre-
sponding to each frame of the input signal 1s arranged 1n the
recording signal produced by a conventional data compres-
sor. In the example shown, the values of the block floating
parameters BF for the bands to which no bits are allocated
must still [to] be recorded, which reduces the number of bits
available for coding the spectral coefficients 1n the main
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information. This makes it difficult to achieve a satisfactory
sound quality when the compressed signal from the com-
pressor 1s subject to complementary expansion, and 1S repro-
duced. This 1s especially so 1 systems having a high
compression ratio or a low bit rate.

The system shown 1n FIG. 17 1s also known. In this, no
block floating coeflicients SF are recorded for those bands to
which no bits are actually allocated, 1.e., for bands having a
word length WL=0. Correspondingly more bits are available
for allocation to coding the spectral coefficients. In the
example of FIG. 17, the number of recorded block floating
coellicients SF 1s reduced by four, which 1s the number of
bands to which no bits are allocated. In the arrangement
shown 1n FIG. 17, 1t 1s still necessary to record the word
length WL for all bands, and to determine whether the word
length WL of each band 1s not zero when reading the block
floating coeflicients SF in the expander.

It 1s also necessary for the data compressor to calculate the
number of bits necessary for quantizing the spectral coetli-
cients 1n each band by a process that determines masking.
The number of bits thus calculated 1s compared with the total
number of bits allocated to the frame, after which, the bait
allocation to each band may be adjusted. However, if the
change 1n bit allocation changes whether the block floating
coefhicient SF of a block 1s recorded or not, the total number
of bits that 1s allocated to the main information 1s also
changed, which complicates the process of adjusting the bt
allocation.

OBIJECTS AND SUMMARY OF THE
INVENTION

In view of the above-described state of the art, 1t 1S an
object of the present invention to provide a method for
processing an audio signal 1 which more bits can be
allocated to quantized spectral coeflicients and which 1s
resistant to data loss.

In view of the above-described state of the art, 1t 1s another
object of the present invention to provide a method for
processing an audio signal wherein the bit allocation may be
casilly adjusted and wherein the sound quality 1s not
impaired by adjusting the bit allocation.

For accomplishing the above object, the present invention
provides a method for compressing a digital audio input
signal to provide a recording signal. According to the
method, the 1nput signal 1s divided into frames comprising
plural samples. Each frame of plural samples 1s transtformed
into a block of spectral coefficients. The block of spectral
coellicients 1s divided into plural bands that include lower
frequency bands, and a lowest frequency band. Block float-
ing 1s applied to the spectral coeflicients 1n each band and a
block floating coefficient 1s generated for each band. The
spectral coellicients 1n each band are quantized with an
adaptive number of bits to provide quantized spectral coef-
ficients in each band, and a word length 1s generated for each
band. Finally, a block of data derived from the block of
spectral coeflicients 1s added to the recording signal. The
block of data derived from the block of spectral coetlicients
consists of the quantized spectral coeflicients, a main word
length for each band, a main block floating coeflicient for
cach band, and a reserve word length at least for each of the
lower frequency bands.

In a first variation, there 1s a reserve word length for each
band 1n the block of data derived from the block of spectral
coellicients.

In a second variation, the block of data derived from the
spectral coeflicients that 1s added to the output signal addi-
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tionally consists of a reserve block floating coeflicient for
cach of the lower frequency bands.

In a third variation, the method additionally comprises
arranging the quantized spectral coellicients sequentially 1n
the block of data derived from the block of spectral
coellicients, beginning with the quantized spectral coefli-
cients 1n the lowest frequency band.

With the arrangement just described, when the block of
data derived from the spectral coeflicients 1s added to the
recording signal, the block of data derived from the block of
spectral coeflicients consists of the quantized spectral
coellicients, a main word length for each band, a main block
floating coeflicient for each band, a reserve word length for
cach of a first number of the lower frequency bands, and a
reserve block floating coeflicient for each of a second
number of lower frequency bands. The second number of
lower frequency bands 1s less than the first number of lower
frequency bands.

With the method for processing audio signals according to
the present invention, the block floating coefficients for
higher frequency bands, which are less critical to the human
sense of hearing, are not included in the recording signal
twice, which 1ncreases the number of bits available for
quantizing the spectral coetlicients.

Also, only the word lengths for lower frequency bands are
recorded twice, so that bits that otherwise would be allocated
to the tloating coetlicients may be allocated to quantizing the
spectral coefficients. Further, by arranging the quantized
spectral coeflicients 1n the recording signal beginning with
lower frequency spectral coefficients, the sound quality
impairment resulting from the loss of higher frequency
spectral coeflicients 1s reduced because of masking by the
lower frequency spectral coeflicients.

For further accomplishing the above objects, the present
invention additionally provides a method for compressing a
digital audio input signal to provide a recording signal.
According to the method, the mput signal 1s divided into
frames comprising plural samples. Each frame of plural
samples 1s transformed 1nto a block of spectral coeflicients.
The block of spectral coefficients 1s divided into plural
bands. The plural bands include a lowest frequency band,
and a highest frequency band. Block floating parameters are
cgenerated. Block floating 1s applied to the spectral coefli-
cients in each band 1n response to a block floating parameter.
The spectral coeflicients 1in each band are quantized with an
adaptive number of bits to provide quantized spectral coel-
ficients 1n response to a block floating parameter. Zero bits
are allocated to the spectral coefficients in bands higher 1n
frequency than a highest usable band. A block of data
derived from the block of spectral coeflicients 1s added to the
recording signal. The block of data derived from the block
of spectral coelflicients consists of the quantized spectral
coellicients for each band up to the highest usable band,
block floating parameters for each band up to the highest
usecable band, and data mndicating the number of bands up to
the highest usable band.

If the higher frequency spectral coefficients are not
included 1n the recording signal because these signals make
no perceptible contribution to the reproduced audio signal,
the block floating parameters for the high frequency bands
of the frame, 1.e., the block floating coefficient and the word
length, are not included 1n the recording signal. The bits thus
saved are allocated to the main information at lower
frequencies, which 1s crucial to the human sense of hearing.

When block floating parameters are omitted from the
recording signal, data i1s included in the recording signal
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indicating the number of block floating parameters 1n the
recording signal. The number of block floating parameters

corresponds to the number of bands up to the highest useable
band.

According to the audio data compression method of the
present mvention, the block parameters for each band are
included i1n the recording signal 1n each frame for those
bands that need such parameters, 1.€., for the bands up to the
maximum useable band. Block floating parameters for the
bands for which the block floating parameters are
unnecessary, 1.€., for bands above the maximum useable
band are omitted from the recording signal, and the bits thus
saved are allocated for the coding the lower frequency
spectral coeflicients 1n the main information.

The 1nvention also encompasses an apparatus to which the
methods of the 1nvention are applied.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 1s a diagrammatic view for 1llustrating the record-
ing signal produced by the method according to a first aspect
of the present invention.

FIG. 2 1s a diagrammatic view for 1llustrating the record-
ing signal produced by the method according to second and
third aspects of the present invention.

FIG. 3 1s a block circuit diagram for illustrating an
arrangement of a data compressor to which the methods
according to the present 1invention are applied.

FIG. 4 1s a block circuit diagram showing a practical
arrangement of the orthogonal transform circuit of the data
COMPressor.

FIG. 5 1s a block circuit diagram showing an arrangement
of a complementary data expander.

FIG. 6 1s a block circuit diagram showing a practical
arrangement of the orthogonal transform circuit of the
expander.

FIG. 7 1s a flow chart for illustrating the block floating,
coellicient reading sequence 1n the block floating coeflicient
reading circuit 1n an expander according to the first to sixth
aspects of the mvention.

FIG. 8 1s a flow chart for illustrating the word length
reading sequence 1n the word length reading circuit in an
expander according to the first aspect of the imnvention.

FIG. 9 1s a flow chart for illustrating the word length
reading sequence 1n the word length reading circuit in an
expander according to the second and sixth aspects of the
invention.

FIG. 10 1s a flow chart for illustrating the quantized
spectral coeflicient reading sequence 1n the quantized spec-
tral coellicient reading circuit in an expander according to
the first through sixth aspects of the invention.

FIG. 11 1s a diagrammatic view for illustrating data
recording according to a fifth aspect of the present invention,
in which higher frequency spectral coefficients are not
recorded.

FIG. 12 1s a diagrammatic view for illustrating data
recording according to a sixth aspect of the present
invention, in which higher frequency spectral coeflicients
are recorded.

FIG. 13 1s a flow chart for 1llustrating the processing by
the data compressor.

FIG. 14 1s a flow chart for 1llustrating the processing by
the data expander.

FIG. 15 1s a diagrammatic view for illustrating the record-
ing signal produced by a conventional data compressor.
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FIG. 16 1s a diagrammatic view for 1llustrating the record-
ing signal produced by a conventional system 1n which the
number of block floating parameters 1s constant.

FIG. 17 1s a diagrammatic view for 1llustrating the record-
ing signal produced by a conventional system in which the
number of block floating coefficients 1s variable.

DETAILED DESCRIPTION OF THE
INVENTION

The preferred embodiments of the present invention will
now be described 1n detail with reference to the drawings.

In a first aspect, the present invention provides a method
for compressing a digital audio iput signal comprising
transforming a frame of the mput audio signal T'S 1n the time
domain into plural spectral coeflicients SP in the frequency
domain. The spectral coeflicients are divided into plural
frequency bands, block floating 1s applied to each band, and
the spectral coefficients 1n each band are quantized by
adaptive bit allocation. The quantized spectral coefficients
QSP, the block floating coetlicient SF1, and the word length
WL1, for all the bands are recorded once. In addition, the
block floating coeflicients SF2 for the lower frequency
bands and the word lengths WL2 for all the bands are

recorded a second time.

FIG. 1 shows how one block of data in the frequency
domain resulting from transforming one frame of the 1nput
signal 1s recorded. The main information shown 1n FIG. 1 1s
all the quantized spectral coeflicients in the block.

Of the block floating parameters BEF, the word lengths
WL1 and WL2 for all the bands in the block are recorded
twice, the block floating coeflicients SF1 for all the bands in
the block are recorded once, and the block floating coefli-
cients SF2 for only the lower frequency bands 1n the block
are recorded a second time.

The advantage of recording the block floating coefficients
SE2 for only the lower frequency bands a second time will
now be explamed. Of the block floating parameters BE, the
word length WL represents the difference between the block
floating coeflicient SF and the allowable noise level deter-
mined for each band, taking account of masking. The word
length 1indicates information concerning adaptive bit alloca-
fion for quantizing the spectral coeflicients SP, 1.e., the
number of bits used to quantize the spectral coeflicients in
the recorded signal. As a result, 1 only one of the word
lengths WL for the block is lost, none of the quantized
spectral coeflicients 1n the block following the quantized
spectral coeflicients QSP corresponding to the lost word
length WL can be read. On the other hand, 1f one of the block
floating coetlicients SF for a band of spectral coeflicients 1s
lost, only the spectral coefficients SP 1n the band correspond-
ing to the erroneous or lost block floating coeflicient SF
cannot be restored. Consequently, the impairment of sound
quality resulting from a lost block floating coeflicient 1s less
than that resulting from the loss of a word length.

Further, as far as a human listener 1s concerned, lower
frequency audio signals represented by the lower frequency
spectral coeflicients SP, effectively mask higher frequency
signals represented by higher frequency spectral coeflicients
SP. Consequently, the loss of higher frequency spectral
coellicients SP has a minimal effect on sound quality.

Because of this, 1n the audio signal processing method
according to the first aspect of the present invention, impair-
ment of the sound quality of the expanded, decoded and
reproduced signal due to lost data can be minimized if, of the
block floating parameters BF, the block floating coetficients
of only the lower frequency bands are recorded twice. An
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overall improvement of sound quality can be achieved 1f the
bits thus saved are allocated for quantizing the spectral
coellicients more accurately.

In the audio signal processing method according to the
second aspect of the present invention, the quantized spec-
tral coetlicients QSP, are sequentially recorded beginning
with the quantized spectral coefficients 1n the lowest fre-
quency band, as shown by the arrows 1n FIG. 2. Of the block
floating parameters BF, the word length WL1 and block
floating coeflicient SF1 for each band are recorded once.
Additionally, the word lengths WL2 for the lower frequency
bands only are recorded a second time. The block floating
coellicients are not recorded a second time. Only the block

floating coeflicient SF1 1s recorded.

The third aspect of the present invention 1s a variation on
the second aspect. In the third aspect, the block floating
coellicients SF2 for the lower frequency bands are recorded
a second time, as shown 1n FIG. 2. In addition, the number
of bands for which the word length WL 1s recorded twice 1s
set to be larger than the number of bands for which the block
floating coeflicient SF 1s recorded twice.

The advantages of the methods according to the second
and third aspects of the invention will now be explained. As
in the first aspect, as far as a human listener 1s concerned,
lower frequency audio signals represented by the lower
frequency spectral coeflicients SP, effectively mask higher
frequency signals represented by higher frequency spectral
coellicients SP. Consequently if higher frequency spectral
coellicients SP are lost, the 1mpairment of sound quality 1s
small.

Of the block floating parameters BF, the word length WL
represents the difference between the block floating coetli-
cient SF and the allowable noise level determined for each
band taking account of masking. The word length indicates
information concerning adaptive bit allocation for quantiz-
ing the spectral coetlicients SP, 1.e., the number of bits used
to quantize the spectral coeflicients 1n the recorded signal.
As a result, if only one of the word lengths WL for the block
1s lost, none of the quantized spectral coeflicients 1n the
recorded signal following the spectral coefficients SP cor-
responding to the lost word length WL can be read.
However, it the quantized spectral coeflicients QSP are
recorded sequentially, beginning with the lowest frequency
band, as 1n the second aspect of the invention, the quantized
spectral coeflicients QSP can be correctly read in the
decoder up to the frequency band corresponding to the lost
word length WL. The correctly expanded lower frequency
spectral coetlicients mask the defects in the expanded signal
resulting from the unexpanded higher frequency spectral
coellicients.

If a block floating coetficient SF 1s destroyed, only the
spectral coelflicients 1n the band corresponding to the lost
block floating coefficient [can:not] cannor be restored, so
that impairment of sound quality 1s less than if the word

length WL of the band 1s destroyed.

It 1s seen from above that, 1n the second embodiment, 1n
which the quantized spectral coeflicients QSP are sequen-
tially recorded, beginning with the lowest frequency band,
with regard to the block floating parameters BE, only the
word lengths WL for the lower frequency bands are recorded
a second time, and the block floating coeflicients SF are
recorded only once. This minimizes the impairment of sound
quality caused by the loss of higher frequency spectral
coellicients. On the other hand, sound quality 1s improved by
allocating the bits saved by not recording the block floating
coellicients SF a second time for quantizing the spectral
coellicients SP.
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In the third aspect, the block floating coeflicient SF 1s also
recorded twice, and the number of bands for which the word
length WL 1s recorded twice 1s set to be larger than the
number of bands for which the block floating coefficient SF
1s recorded twice. As a result, 1f a block floating coeflicient
SF 1s lost, only the spectral coefficients in the band corre-
sponding to lost block floating coefficient SF cannot be

restored. Consequently, the sound quality 1s 1mpaired less
than when the word length WL for the block 1s lost.

A practical arrangement of an audio signal processing
system for carrying out the audio signal processing methods
of the above-described aspects of the present invention will
next be described. FIG. 3 shows the construction of a data
compressor for use 1n the above-mentioned audio signal
processing system. In the data compressor shown 1n FIG. 3,
a digital audio 1nput signal 1n the time domain T'S 1s supplied
to the mput terminal 1, and 1s divided 1nto frames consisting
of plural samples. Each frame 1s transformed into a block of
spectral coeflicients 1n the frequency domain. The block of
spectral coeflicients 1s divided into plural bands, preferably
into 25 critical bands, and the spectral coeflicients 1n each
band are processed with block floating and are quantized
with an adaptive number of bits. The resulting quantized
spectral coeflicients QSP, are recorded, and the block float-
ing coelficient SF and the word length WL for each band are
recorded as block floating parameters BE, at least some of
them twice.

In the arrangement shown 1n FIG. 3, a digital audio input
signal in the time domain 1s divided by a band-dividing filter
into plural frequency ranges, and the resulting frequency
range signals are transformed 1nto spectral coetlicients 1n the
frequency domain by modified discrete cosine transform
(MDCT). The resulting spectral coefficients are compressed
by adaptive bit allocation.

The 1nput signal TS 1s transtormed 1nto spectral coefli-
cients SP by the orthogonal transform circuit 11, which
preferably uses an MDCT. The orthogonal transform circuit
11 divides the mput signal TS mnto frames and divides each
frame into plural frequency ranges. The frequency ranges
have a bandwidth that increases with increasing frequency.
In the preferred embodiment, the input signal 1s divided 1nto
three frequency ranges. The frames of the frequency range
signals may be differently subdivided into time-domain
blocks having a different block length 1n each frequency
range.

The spectral coefficients produced by the orthogonal
transform circuit 11 are divided into bands, the bandwidths
of which are selected to take account of the human sense of
hearing. Thus, the spectral coeflicients SP are divided into
plural bands that become broader towards higher frequen-
cies. Such bands correspond to critical bands.

The spectral coefficients SP from the orthogonal trans-
form circuit 11 are fed into the quantization circuit 15 for
quantization. The quantization circuit 15 applies block float-
ing to normalize the spectral coetficients SP in each band and
then quantizes the resulting normalized signal with adaptive
numbers of bits, taking account of masking.

The block floating coetlicients SF used by the quantiza-
tion circuit 15 to perform block floating are supplied from a
block floating coetficient calculating circuit 13. The block
floating coefficient calculating circuit 13 receives each block
of spectral coeflicients SP resulting from the transform of
cach frame of the frequency range signal, and provides a
block floating coefficient for each band.

Each block of spectral coeflicients SP 1s also supplied to
the allowable noise level calculating circuit 17 for deter-
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mining the adaptive number of bits to be used by the
quantization circuit 15. In the allowable noise level calcu-
lating circuit 17, the allowable noise level MSKI for each
band 1n each block of spectral coetlicients 1s calculated. The
calculation takes account of the masking effect of the signal
level in the critical band and in [neighbouring] neighboring
critical bands to determine the allowable noise level for each
critical band, as will be explained below. The allowable
noise level MSKI from the allowable noise level calculating
circuit 17 1s fed into the bit allocation calculating circuit 14
which generates a word length WL for each band 1n each
block of spectral coefficients 1n response to the allowable
noise level MSKI. The quantization circuit 15 performs
adaptive quantization of the spectral coetficients SP 1n each
band 1n response to the allowable noise level for the band.

The allowable noise level calculating circuit 17 and the bit
allocation calculating circuit 14 operate 1n the following
manner. First, for each block of spectral coefficients, the
allowable noise level calculating circuit 17 determines the
energies ol the spectral coefficients SP in each band. The
energies of the spectral coetlicients 1n each band are pret-
erably calculated by determining the sum of the amplitudes
of the spectral coeflicients 1n the band. The peak or mean
values of the amplitudes may be used instead of the band
energies. The spectrum of the sum of the energies 1n each
band determined by the allowable noise level calculating,
circuit is called a [Burke] bark spectrum.

To taking account of the masking effect of the [Burke]
bark spectrum, the allowable noise level calculating circuit
17 performs a convolution by summing the [Burke] bark
spectrum data multiplied by predetermined filter coelli-
cients. To perform the convolution, the circuit includes
plural delay elements for sequentially delaying input data,
plural multipliers (preferably 25 multipliers, one for each
critical band) for multiplying the outputs of the delay
clements by filter coeflicients and a summing circuit for
summing the outputs of the multipliers.

After convolution, deconvolution 1s carried out to find a
masking threshold which represents an allowable noise
level. By subtracting the masking threshold from the
[Burke] bark spectrum, the masking effect of the [Burke]
bark spectrum on the masking level 1s found. From this, the
allowable noise level, which 1s fed into the bit allocation
calculating circuit 14, 1s found.

Additionally, when determining the allowable noise level
MSKI, data indicating the minimum audible level of the
human sense of hearing may be combined with the masking
level. A noise having an absolute level less than the mini-
mum audible level 1s inaudible. The minimum audible level
depends on the sound pressure level at which the com-
pressed digital signal, after expansion and conversion to an
analog signal, 1s reproduced. However, in a practical system,
there are few, 1f any, significant differences in the way in
which musical program material 1s it within the dynamic
range provided by a 16-bit PCM system. Thus, 1t can be said
that 1f the quantization noise 1s inaudible at frequencies near
4 kHz, which 1s the frequency at which the ear 1s most
sensitive, then, at other frequencies, quantizing noise lower
in level than the level of the minimum audible level curve
will also be inaudible.

The allowable noise level MSKI may be further corrected
in response to, for example, the equal loudness curve. The
equal loudness curve 1s related yet another characteristic of
the human sense of hearing. The equal loudness curve
corrects sound pressure levels at different frequencies so that
they are perceived as sounding as loud as a pure sound at 1
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kHz. According to the equal loudness curve, a sound 1in the
vicinity of 4 kHz 1s perceived as being as loud as a sound at
1 kHz having a sound pressure level 8 to 10 dB higher. On
the other hand, a sound 1 the vicinity of 50 Hz must have
a sound pressure level some 15 dB higher than a sound at 1
kHz sound to be perceived as sounding as loud. Because of
this, the allowable noise level must be corrected using the
equal loudness curve to adjust the allowable noise level for
the loudness sensitivity of the human sense of hearing.

The bit allocation calculating circuit 14 includes a read-
only-memory (ROM) in which information concerning bit
allocation 1s stored. The number of bits to be allocated for
quantizing the spectral coetlicients 1in each band is read out
from the ROM 1in response to the difference between the
allowable noise level MSKI and the band energy. In
response to the number of bits allocated to each band, word
lengths WL are found for each band 1n each of the frequency
ranges.

The block floating coefficients SF from the block floating
coefficient calculating circuit 13, the word lengths [WE] WL
from the bit allocation calculating circuit 14, and the spectral
coellicients QSP quantized by the quantizing circuit 15, are
transmitted to the encoding circuit 81. The encoding circuit
arranges the data into a recording format such that some of
the data, such as some of the word lengths WL and some of
the block floating coeflicients SF can be recorded twice
according to the first, second and to third aspects of the
invention. The encoding circuit 81 provides a recording
signal as 1ts output data CDT.

The encoding circuit 81 provides the output data CDT to
the error code appending circuit 82, which adds error codes,
and possibly interleaves, the output data and provides a
recording signal to the output terminal 2. A suitable arrange-
ment records the recording signal on a suitable recording
medium, such as a magneto-optical disc, a read-only disc, a
magnetic tape, or a semiconductor memory.

FIG. 4 shows a practical arrangement of the orthogonal
transform circuit 11 shown in FIG. 3. The arrangement
shown 1n FIG. 4 includes a band-dividing filter, such as a
Quadrature Mirror Filter (QMF), and a Modified Discrete
Cosine Transform (MDCT) circuit for compressing the input
signal.

Quadrature Mirror Filters are discussed 1n, for example,
R. E. Crochiere, Digital Coding of Speech 1in Subbands, 55

BELL SYST. TECH. 1., No. 8, (1976). The technique of
dividing a frequency spectrum 1nto equal-width frequency
ranges 1s discussed 1 Joseph H. Rothweiler, Polyphase
Quadrature Filters—A New Subband Coding Technique,
ICASSP 83 BOSTON.

The modified discrete cosine transform (MDCT) is dis-
cussed 1n, for example, J. P. Princen and A. B. Bradley,
Subband/Transform Coding Using Filter Bank Based on
Time Domain Aliasing Cancellation, ICASSP 1987.

The orthogonal transform may alternatively be achieved
by, for example, a Fast Fourier Transform (FFT), or a

Discrete Cosine Transform (DCT).

In the arrangement shown 1n FIG. 4, a digital audio input
signal TS, such as a PCM signal, 1s divided 1n frequency into
three frequency ranges. The entire audio frequency range,
for example 0 Hz to 20 kHz, 1s divided into a high frequency
range of 10 to 20 kHz, a middle frequency range of 5 to 10
kHz, and a low frequency range of 0 Hz to 5 kHz.

The digital audio mput signal TS, for example, an audio
PCM signal 1n the frequency range of 0 Hz to 20 kHz, 1s
supplied to the mnput terminal 1. The input signal TS 1is
divided by the band dividing filter 71, preferably a QME,
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into, ¢.g., a [high] frequency range from 0 Hz to 10 kHz, and
a high frequency range from 10 to 20 kHz. The signal in the
frequency range from 0 Hz to 10 kHz 1s further divided by
the band dividing filter 72, preferably a QME, 1nto a low
frequency range from 0 Hz to 5 kHz and a middle frequency
range from 5 Jof] o 10 kHz. The frequency range signal for
the high frequency range from the filter 71, the frequency
range signals for the middle frequency range and the low
frequency range from the filter 72 are fed mto the MDCT
circuits 73, 74, and 75, respectively, for MDCT processing.
The spectral coeflicients derived from each of the frequency
range signals by the MDCT circuits 73, 74 and 75 are fed to
the output terminals 76, 77 and 78, respectively.

In the MDCT circuits 73 through 75, the frames of the
frequency range signals subject to orthogonal transform
processing are preferably divided into blocks, and the blocks
of the frequency range signals are orthogonally transformed.
In the higher frequency ranges, the frames are divided into
blocks. This provides a finer time resolution in the higher
frequency ranges. For example, the blocks of the frequency
range signals subject to the orthogonal transform are such
that a block consisting of a whole frame of 256 samples 1s
fransformed 1n the low frequency range and the middle
frequency range, whereas the frame i1s divided into two
128-sample blocks, each of which 1s orthogonally
transformed, 1n the high frequency range. This way, a more
uniform distribution of spectral coetficients among the criti-
cal bands 1s obtained.

When the level a frequency range signal changes rapidly,
the frames of that frequency range signal can be further
divided to increase further the time resolution of the
orthogonal transform. The frames are preferably divided by

two raised to a positive integral power, including O, 1.e.,
divided by 1, 2, 4, §, etc.

FIG. 5 shows an arrangement of a data expander comple-
mentary to data compressor shown 1n FIG. 3. In the arrange-
ment shown 1n FIG. §, the compressed digital signal with
appended error correction codes ECDT, which will normally
have been reproduced from a recording or transmission
medium, is supplied to the input terminal [51] 90. From the
input terminal [S1] 91, the compressed digital signal with
error correction codes ECDT 1s supplied to the error detec-
tion circuit 91 which detects errors 1n the compressed digital
signal 1n response to the error codes. An error detection
signal EDT 1s supplied from the error detection circuit 91 to
the quantized spectral coeflicient signal reading circuit 54,
the block floating coeflicient reading circuit 92, and to the
word length reading circuit 93.

The compressed digital signal with error correction codes
ECDT 1s also fed to the block floating coeflicient reading
circuit 92, where the block floating coeflicients SF of the
block floating parameters BF are read or fetched; to the word
length reading circuit 93, where the word lengths WL of the
block floating parameters BF are read or fetched; and to the
quantized spectral coeflicient reading circuit 54, where the
quantized spectral coeflicients are read or fetched from the
digital signal ECDT 1n response to the word lengths WL
from the word length reading circuit 93. Signal processing
in the circuits 92, 93 and 54 is performed 1n response to the
error detection signal EDT.

The quantized spectral coeflicients from the quantized
spectral coellicient reading circuit 54, the block floating
coellicients SF from the block floating coeflicient reading
circuit 92, and the word lengths WL from the word length
reading circuit 93 are transmitted to the spectral coeflicient
restoring circuit 85 which extracts the spectral coeflicients in
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response to the supplied signals. Specifically, 1 response to
the block floating coeflicients SF and the word lengths WL,
the quantized spectral coeflicients QSP read from the com-
pressed digital signal are restored as restored spectral coet-
ficients RSP, which approximate the original spectral coel-
ficients SP 1n the compressor. The restored spectral
coellicients RSP from the spectral coeflicient restoring cir-
cuit 55 are transformed into flames of samples 1n the time
domain [RTS] RST by an inverse orthogonal transform
circuit 56. The frames of samples 1 the time domain are fed
as a digital output signal to the output terminal 57.

FIG. 6 shows a practical arrangement of the inverse
orthogonal transtorm circuit 56 of the expander [56] shown
in FIG. 5. In FIG. 6, the restored spectral coellicients RSP 1n
cach band for each block of spectral coeflicients are supplied
via the input terminals 61, 62 and 63 to the inverse transform
circuits 64, 65 and 66, respectively. The 1nverse transform
circuits 64, 65 and 66, which are preferably inverse modified
discrete cosine transform (IMDCT) circuits, transform
where the restored spectral coeflicients in the frequency
domain are transformed into [flames] frames of samples of
frequency range signals in the time domain. The three
frequency range signals are synthesized by the inverse QMF
(IQMF) circuits 67 and 68 to provide a full frequency range
digital output signal to the output terminal 69.

FIG. 7 1s a flow chart showing how the block floating
coellicient reading circuit 92 1n an expander mcorporating
the first through third aspects of the invention reads the
block floating coeflicients SF. In this example, the block
floating coeflicient reading circuit 92 reads N block floating

coelfticients SF.

Referring to FIG. 7, and also to FIGS. 1 and 2, the number
1 of block floating coefficients SF 1s initialized to 1 at step
S21. In step S22, 1t 1s determined whether the 1-th main
block floating coefficient SF1 (FIGS. 1 or 2) 1s correct, with
reference to the error detection signal EDT. If 1-th main
block floating coeflicient i1s correct, 1.€., 1f the result 1n step
S22 1s YES, control proceeds to step S23, where the 1-th
block floating coetlicient SF1 1s made the 1-th element of the
array SF|1]. Control then proceeds to step S28.

If the main block floating coeflicient SF1 1s determined to
be 1incorrect at step S22, control proceeds to step S24. At step
S24, it 1s determined whether the number 11s not greater than
the maximum number Ms of reserve block floating coefli-
cients SF2 (i.e., 1=Ms). If the result is YES, control proceeds
to step S25. At step S25, 1t 15 determined whether the 1-th
reserve block floating coefficient SF2 (FIGS. 1 or 2) is
correct. If the reserve block floating coefficient SF2 data 1s
determined to be correct, 1.e., i1f the result 1s YES, control
proceeds to step S26, where the 1-th block floating coetfi-
cient SF2 is made the 1-th element of the array SF|1]. Control
then proceeds to step S28.

If the result of step S24 1s NO, or 1f reserve block floating
coellicient SF2 1s determined to be 1ncorrect at step S235, 1.¢.,
if the result 1n step S25 1s NO, control proceeds to step S27,
where 0 1s made the i-th element of the array SF|1i]. Control
then proceeds to step S28.

At step S28, 1t 1s determined whether the number 1 1s
smaller than the number N (i<N). If the result 1s YES,
control proceeds to step S29, where 1 1s mncremented by 1.
Control then proceeds to step S22, and the process i1s
repeated. If the result of step S28 1s NO, the processing 1s
stopped.

FIG. 8 shows 1s flow chart showing how the word length
reading circuit 93 of an expander incorporating the {first
aspect of the invention reads the word lengths WL. The word
length reading circuit 93 reads N word lengths WL.
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In the flow chart of FIG. 8, the number 1 of the word
length WL 1s imitialized to 1 at step S31. At step S32, 1t 1s
determined whether the 1-th main word length WL1 of the
word lengths shown 1n FIG. 1 1s correct, with reference to
the error detection signal EDT. If the data 1s correct, that is,
if the result of step S32 1s YES, control proceeds to step S33
where the 1-th word length WL1 1s made the 1-th element of
the array WLJ1]. Control then proceeds to step S37. If the
main word length WL1 1s determined to be incorrect, 1.€., 1t
the result 1n step S32 1s NO, control proceeds to step S34.

At step S34, it 1s determined whether the reserve 1-th word
length WL2 of FIG. 1 1s correct, with reference to the error
detection signal EDT. If the reserve 1-th word length WL2 1s
determined to be correct, 1.€., if the result in step S34 1s YES,
control proceeds to step S35, where the 1-th word length

WL2 is made the i-th element of the array WIL]1]. Control
then proceeds to step S37.

If the result of step S34 1s NO, control proceeds to step
S36, the k-th element of the array WL[k]is set to 0, where
k=1, 1+1, . . . N, after which, processing 1s stopped.

At step S37, 1t 1s determined whether the number 1 1s less
than the number N (i<N). If the result is YES, control
proceeds to step S28, where 1 1s incremented by 1 to return
to step S32. It the result at step S37 1s NO, the processing
1s terminated.

FIG. 9 1s a flow chart showing how the word length
reading circuit 93 of an expander mcorporating the second
and third aspects of the invention reads the word lengths
WL. The word length reading circuit 93 reads N word
lengths WL.

Referring to the flow chart of FIG. 9, and to FIG. 2, the
number 1 of the word length WL 1s 1nitialized to 1 at step
S51. At step S52, it 1s determined whether the main 1-th word
length WL1 of FIG. 2 1s correct, with reference to the error
detection signal EDT. If the main 1-th word length WL1 1s
correct, 1.€., 1f the result in step S52 1s YES, control proceeds
to step S53 where the 1-th word length WL1 1s made the 1-th
element of the array WL[i]. Control then proceeds to step
S58. If the main 1-th word length WL1 data 1s found to be
incorrect, 1.e., 1if the result i step S52 1s NO, control
proceeds to step S54.

At step S54, it 1s determined whether the number 1 1s not
more than the number Mw of reserve word lengths WL2
(1I=Mw). If the result is YES, control proceeds to step S55
where 1t 1s determined whether the 1-th reserve word length
WL2 1s correct. If the 1-th reserve word length WL2 1s
determined to be correct, 1.€., if the result 1n step S55 1s YES,
control proceeds to step S56, where the 1-th reserve word
length WL2 is made the i-th element of the array WL]J1].
Control then proceeds to step S38.

If the result at step S54 1s NO, or if the 1-th reserve word
length WL2 1s determined to be incorrect, that is if the result
1n step S55 1s NO, control proceeds to step S57. At step S57,
the k-th element of the array WL] k |is set to 0, where k=1, 1+1

. N, after which processing 1s stopped.

At step S38, 1t 1s determined whether the number 1 1s
smaller than the number N (i<N) and, if it 1s smaller, 1.e., if
the result 1n step S38 1s YES, control proceeds to step S59,
where the number 1 1s mncremented by 1, and control 1s
returned to step S52. If the result of step S58 1s NO,
processing 1s stopped.

FIG. 10 1s a flow chart showing the operation of the
quantized spectral coeflicient reading circuit 54 in an
expander mncorporating the first through third aspects of the
invention. The quantized spectral coetficient reading circuit
54 reads L bands of quantized spectral coeflicients QSP.
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In the flow chart of FIG. 10, the spectral coeificient
number j 1s 1nitialized to 1 at step 41. At step S42, the band
to which the j-th quantlzed spectral coetlicient QSP 1s set to
1. At step S43, 1t 1s determined whether the 1-th element of
the array WL[i] of word lengths WL i1s greater than O

(WL|[1]>0). If the result at step S43 is YES, program
proceeds to step S44.

At step S44, the value of the 1-th element of the array
WL 1] of word lengths WL is substituted into the variable Q.
At step S45, 1t 1s determined whether Q 1s correct. If the
result 1s YES, control proceeds to step S46 where Q 1s made
the j-th element of the array QSP|[;] of quantized spectral
coellicients QSP. Control then proceeds to step S48.

If the result at step S43 1s NO, or it Q 1s determined to be
incorrect, 1.€., 1if the result mn step S45 1s NO, control
proceeds to step S47, where the j-th element of the array

QSP|j] 1s set to 0, before control proceeds to step S48.

At step S48, 1t 1s determined whether the number 7 1s less
than the number of quantized spectral coefficients L (j<L). If
the result 1s YES, control proceeds to step S49, where the
number j 15 incremented by 1, before control proceeds to
step S42. If the result at step S48 15 NO, processing 1s

stopped.

In the above-described methods for compressing digital
audio signals according to the present invention, of the block
floating parameters, only the block floating coeflicients of
the lower frequency band are recorded twice, so that the
amount of block floating parameter data recorded twice 1s
reduced compared with the conventional method.
Consequently, more bits may be allocated to quantizing the
spectral coeflicients themselves to provide an 1mproved
sound quality. Moreover, the impairment of sound quality
caused by a loss of data i1s less noticeable than with the
conventional method.

Also, 1n the above-described methods for compressing
digital audio signals according to the present invention, the
quantized spectral coeflicients are sequentlally recorded,
begmmng with the spectral coeflicients 1n the lowest fre-
quency band, and, of the block floating parameters, only the
word lengths relating to the lower frequency bands are
recorded twice. If the block floating coeflicients are also
recorded twice, the number of bands for which the word
length 1s recorded twice 1s set to be greater than the number
of bands for which the block floating coefficient 1s recorded
twice. This way, the parameters that are crucial for providing
an acceptable sound quality are recorded twice, while

noticeable impairment of sound quality due to data loss 1is
minimized. Further, since the volume of the twice-recorded
data 1s less than that with the conventional method, more bits
may be allocated to quantizing the spectral coeflicients,
which provides a higher sound quality.

In a fourth aspect, the present invention provides a
method for compressing audio signals in which a frame of
an mput signal in the time domain TS 1s transformed 1nto
spectral coeflicients SP 1n the frequency domain. The block
of spectral coellicients resulting from transforming a frame
of the input signal 1s divided 1nto plural bands, block floating
1s applied to the spectral coetficients 1n each band, and the
block floating processed spectral coefficients in each band
arec quantized by adaptive bit allocation. A compressed
digital signal that includes the quantized spectral coeflicients
together with block floating parameters BF, including block
floating coeflicients SF and word lengths WL, 1s recorded. In
this method, as shown 1n FIG. 11, the block floating param-
eters for each band for each frame are recorded beginning
with those for the lowest frequency band and ending with the
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highest frequency band for which such parameters are
needed. Also recorded 1s data indicating the number of block
floating parameters recorded.

FIG. 11 shows a how the data resulting from transforming,
one frame of the mput signal 1s recorded. The main infor-
mation shown 1 FIG. 11 1s the quantized spectral coefli-
cients.

The advantages of the fourth aspect of the invention will
now be explained. The minimum audible level of the human
sense of hearing as described above 1s high at frequencies
above about 10 kHz. Additionally, high level, lower fre-
quency signals have an ability to mask higher frequency
signals, so that sound quality impairment resulting from
levels of quantizing noise at high frequencies considerably
higher than those at lower frequencies of, €.g. less than 10
kHz are hardly perceived. Above all, if the spectral coeffi-
cients for frequencies greater than 15 kHz are deleted by
allocating zero quantizing bits to them, the resulting differ-
ence 1n sound quality 1s hard for the human sense of hearing
to discern.

For the reasons just stated, the block floating parameters
BE, 1.e., the block floating coeflicients SF and the word
length WL corresponding to the number of allocated quan-
tizing bits, can be recorded for each frequency band only for
those bands up to the highest frequency band that needs such
parameters BFE. In other words, block floating parameters
need only be recorded for the part of the audio frequency
spectrum that 1s crucial to the sense of hearing, and which
lies below a certain frequency. Since the highest frequency
band that needs block floating parameters may change from
one frame of the 1input signal to the next, the number of block
floating parameters recorded may change from one frame to
the next. In this way, 1t 1s possible to allocate more bits to
quantizing the lower frequency spectral coeflicients that are
crucial to the human sense of hearing, and hence that cannot
be omitted. This provides a further improvement 1n sound
quality.

Because the number of block floating parameters BF
recorded changes from one frame to the next, data indicating
the number N of block floating parameters BF recorded 1s
included 1n each block of the recorded digital signal result-
ing from transforming one frame of the input signal. The
volume of the data indicating the number N 1s small. If tens
of block floating parameters BF are recorded per block, 7
bits suffices to indicate N. On the other hand, if each frame
includes only two bands, 1 bit suffices to indicate N.

Thus, according to the fourth aspect of the invention, if
hiech frequency spectral coeflicients corresponding to a
frame of the 1nput signal need not be recorded because they
arc 1naudible, the bits formerly required for the block
floating parameters BF of the high frequency bands to which
zero bits are allocated can be allocated to the main infor-
mation of the lower frequency bands. In this case, the lower
frequency block floating parameters BF and the main infor-
mation are recorded together with the number N of block
floating parameters BF recorded for the frame.

If spectral coeflicients 1n the lower frequency bands have
a relatively low level, and the spectral coeflicients in the
higher frequency bands have a relatively high level, and the
high frequency spectral coefficients are omitted from the
compressed signal, the resulting 1mpairment of sound qual-
ity 1s readily noticed. In such cases, the high frequency
spectral coefficients and block floating parameters are
included in the recording signal, as shown in FIG. 12.

FIG. 13 1s a flow chart showing the signal processing in
the data compressor shown 1n FIG. 3. In the data compressor
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shown 1n FIG. 3, this flow chart can be carried out using the
circuit blocks shown 1n FIG. 3, but it can also be carried out
using a digital signal processor, and associated memories.

In FIG. 13, at step S1, the orthogonal transform circuit 11
transforms each frame of a digital audio mnput audio signal
TS 1n the time domain into a block of spectral coeflicients
SP. After step S1, control proceeds to step S2 where the
block floating coetlficient calculating circuit 13 calculates a
block floating coefficient SF for each band of spectral
coellicients. At step S73, the masking calculating circuit 17
performs the allowable noise level calculation and, at step
S74, the bands to which bits are to be allocated, and the
number N of block floating parameters BF are determined.
At step S75, the bit allocation calculating circuit 14 calcu-
lates quantizing bit allocation and determines the word
length WL for each band. At step S76, the spectral coefli-
cient quantizing circuit 15 quantizes the spectral coefli-
cients. Finally, at step S77, the data indicating the number N
of block tloating parameters BF for the bands which need to
be recorded, the block floating parameters BF, and the
quantized Spectral coellicients QSP are encoded into a
compressed digital signal by the data encoding circuit 82.

FIG. 14 1s a flow chart showing the signal processing 1n
the complementary data expander shown in FIG. 5. In the
data expander shown 1n FIG. 5, the flow chart can be carried
out using the circuit blocks shown 1 FIG. 5, but 1t can also
be carried out using a digital signal processor, and associated
memories. The digital signal processor used for the data
compressor of FIG. 3 can simply be reprogrammed, or the
expander part of an compressor/expander program can be
run.

In the flow chart of FIG. 14, the number N of block
floating parameters BF 1s first read at step S11 by the block
floating coeflicient reading circuit 92. Then, at step S12, the
number of block floating parameters BF indicated by the
number N are read by the block floating parameter reading
circuit 93. Then, at step S13, the quantized spectral coefli-
cients QSP are read by the quantized spectral coeflicient
reading circuit 54 1n response to the word length WL of the
block floating parameters BF. At step S14, the spectral
coelficient restoring circuit 35, 1n response to the block
floating coefficients SF and the word length WL, restores the
quantized spectral coefficients QSP as restored spectral
coefficients RSP, which approximate the values of the origi-
nal spectral coefficients SP in the data compressor (FIG. 3).
Finally, at step S15, the inverse transform circuit 56 trans-
forms the restored spectral coeflicients RSP using an inverse
MDCT (IMDCT), into three frequency range signals in the
time domain and synthesizes them into a full frequency

range digital output signal RTS.

In the above-described data compression method of the
present 1nvention, since the block floating parameters are
recorded for each band up to the highest frequency band for
which such parameters are needed, and information indicat-
ing the number of the block floating parameters recorded 1s
also recorded for each frame, bit allocation may be adjusted
without 1mpairing the sound quality. That 1s, if the high
frequency spectral coeflicients are not recorded because they
make no perceivable difference to the sound quality, the bits
that would otherwise be allocated to the high frequency
spectral coeflicients may be allocated for quantizing the
lower frequency spectral coeflicients, which improves the
sound quality. Moreover, occasional high level, high fre-
quency spectral coeflicients may be recorded without nar-
rowing the bandwidth. This 1s because high levels of quan-
tizing noise can be tolerated in the presence of high level,
high frequency signals, so relatively few bits are required.
Finally, little extra processing 1s required to carry out these
operations.
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Although a system for compressing spectral coefficients
transformed from a time domain mput audio signal has been
described 1n the above explanations of the aspects of the
present 1nvention, the present mnvention may also be applied
to a sub-band coding system in which the time domain
signals are encoded after frequency division into sub-bands.

I claim:

1. A method for compressing a digital audio 1nput signal
to provide a recording signal, the method comprising the

steps of:

dividing the input signal into frames comprising plural
samples;

transforming each frame of plural samples 1nto a block of
spectral coeflicients and dividing the block of spectral

coellicients 1nto plural bands, the plural bands includ-
ing lower frequency bands, and a lowest frequency

band,;

applying block floating to the spectral coeflicients 1n each
band and generating a block floating coefficient for
cach band;

quantizing the spectral coefficients in each band with an
adaptive number of bits to provide quantized spectral
coellicients 1n each band, and generating a word length
for each band;

adding a block of data derived from the block of spectral
coellicients to the recording signal, the block of data
derived from the block of spectral coeflicients consist-
ing of:

the quantized spectral coefficients,

a main word length for each band,

a main block floating coeflicient for each band, and

a reserve word length at least for each of the lower

frequency bands.

2. The method for compressing a digital audio input signal
of claim 1, wherein, the step of quantizing the spectral
coellicients 1n each band with an adaptive number of bits
includes quantizing the spectral coefficients in each band
using an additional number of bits, the additional number of
bits being a number of bits equivalent to a sum of a first
difference and a second difference,

the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length at least for each of the lower frequency
bands, and

the second ditference 1s a difference between a number of
bits required to provide a reserve block floating coet-
ficient for each band and a number of bits required to
provide no reserve block floating coeflicients.

3. [The method for compressing a digital audio input
signal of claim 1, wherein, in the step of adding a block of
data derived from the block of spectral coetlicients to the
recording signal, the block of data derived from the block of
spectral coefficients additionally consists of] A method for
compressing a digttal audio input signal to provide a record-
ing signal, the method comprising the steps of:

dividing the input signal into frames comprising plural

samples;

transforming each frame of plural samples into a block of

spectral coefficients and dividing the block of spectral
coefficients into plural bands, the plural bands tnclud-
ing lower frequency bands, and a lowest frequency

band,

applying block floating to the spectral coefficients in each
band and generating a block floating coefficient for
each band;
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quantizing the spectral coefficients in each band with an
adapiive number of bits to provide quantized spectral

coefficients in each band, and generating a word length
for each band;

adding a block of data derived from the block of spectral
coefficients to the recording signal, the block of data
derived from the block of spectral coefficients consisi-

Ing of.
the quantized spectral coefficients,
a main word length for each band,

a main block floating coefficient for each band, and a
reserve word length at least for each of the lower
frequency bands, and

ticient for each of the lower

a reserve block floating coe
frequency bands.
4. The method for compressing a digital audio input signal
of claim 3, wherein

the step of quantizing the spectral coefficients in each
band with an adaptive number of bits includes quan-
tizing the spectral coeflicients 1n each band using an
additional number of bits, the additional number of bits
being a number of bits equivalent to a sum of a first
difference and a second difference,

the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length for each of the lower frequency bands, and

the second difference 1s a difference between a number of
bits required to provide a reserve block floating coet-
ficient for each band and a number of bits required to
provide a reserve block floating coetficient for each of
the lower frequency bands.

5. The method for compressing a digital audio input signal
of claam 1, wherein the step of adding a block of data derived
from the block of spectral coeflicients to the recording signal
includes the step of arranging the quantized spectral coel-
ficients sequentially 1n the block of data derived from the
block of spectral coeflicients, beginning with the quantized
spectral coeflicients 1n the lowest frequency band.

6. The method for compressing a digital audio input signal
of claim 5, wherein, the step of quantizing the spectral
coellicients 1n each band with an adaptive number of bits
includes quantizing the spectral coeflicients 1n each band
using an additional number of bits, the additional number of
bits being a number of bits equivalent to a sum of a first
difference and a second difference,

the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length for each of the lower frequency bands, and

the second difference 1s a difference between a number of
bits required to provide a reserve block floating coet-
ficient for each band and a number of bits required to
provide no reserve block floating coelflicients.

7. [The method for compressing a digital audio input
signal of claim 5, wherein, 1n the step of adding a block of
data derived from the spectral coeflicients to the recording
signal, the block of data dertved from the block of spectral
coefficients consists of:] A method for compressing a digital
audio input signal to provide a recording signal, the method
comprising the steps of:

dividing the input signal into frames comprising plural
samples;

transforming each frame of plural samples into a block of
spectral coefficients and dividing the block of spectral
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coefficients into plural bands, the plural bands tnclud-
ing lower frequency bands, and a lowest frequency

band,;

applying block floating to the spectral coefficients in each
band and generating a block floating coefficient for
each band,;

quantizing the spectral coefficients in each band with an
adapitive number of bits to provide quantized spectral
coefficients in each band, and generaiing a word length

for each band;
adding a block of data derived from the block of spectral

coefficients to the recording signal, the block of data
derived from the block of spectral coefficients consist-

Ing of:
the quantized spectral coefficients,
a main word length for each band,
a main block floating coeflicient for each band,

a reserve word length for each of a first number of the
lower frequency bands, and

a reserve block floating coeflicient for each of a second
number of lower frequency bands, the second number
of lower frequency bands being less than the {first
number of lower frequency bands, and wherein the step

of adding a block of data derived from the block of
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spectral coefficients fo the recording signal includes the %3

step of arranging the quaniized spectral coefficients
sequentially in the block of data derived from the block
of spectral coefficients, beginning with the quantized
spectral coefficients in the lowest frequency band.
8. The method for compressing a digital audio 1input signal
of claim 7, wherein,

the step of quantizing the spectral coeflicients 1n each
band with an adaptive number of bits includes quan-
tizing the spectral coeflicients in each band using an
additional number of bits, the additional number of bits
being a number of bits equivalent to a sum of a first
difference and a second difference,

the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length for each of the first number of lower
frequency bands, and

the second difference 1s a difference between a number of
bits required to provide a reserve block floating coet-
ficient for each band and a number of bits required to
provide a reserve block floating coefficient for each of
the second number of lower frequency bands.

9. IThe method for compressing a digital audio input
signal of claim 1, wherein, 1n the step of adds ing a block of
data derived from the block of spectral coeflicients to the
recording, Slgnal the block of data derived from the block of
spectral coefficients consists of:] A method for compressing
a digital audio input signal to provide a recording signal, the
method comprising the steps of:

dividing the input signal into frames comprising plural

samples;

transforming each frame of plural samples into a block of

spectral coefficients and dividing the block of spectral
coefficients into plural bands, the plural bands includ-

ing lower frequency bands, and a lowest frequency
band,

applying block floating to the spectral coefficients in each
band and generating a block floating coefficient for
each band,;

quantizing the spectral coefficients in each band with an
adapitive number of bits to provide quantized spectral
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coefficients in each band, and generating a word length

for each band;

adding a block of data derived from the block of specitral
coefficients to the recording signal, the block of data
derived from the block of spectral coefficients consisi-

Ing of:
the quantized spectral coeflicients,
a main word length for each band,

a main block floating coeflicient for each band,
a reserve word length for each band, and

a reserve block floating coefficient for each of the lower
frequency bands.
10. The method for compressing a digital audio input
signal of claim 9, wherein

the step of quantizing the spectral coefficients 1n each
band with an adaptive number of bits includes quan-
tizing the spectral coeflicients in each band using an
additional number of bits, the additional number of bits
being a number of bits equivalent to a difference
between a number of bits required to provide a reserve
block floating coeflicient for each band and a number of
bits required to provide a reserve block floating coet-
ficient for each of the lower frequency bands.
11. A method for compressing a digital audio input signal
to provide a recording signal, the method comprising the
steps of:

dividing the imput signal into frames comprising plural
samples;

transtorming each frame of plural samples 1nto a block of
spectral coeflicients and dividing the block of spectral

coellicients 1nto plural bands, the plural bands includ-
ing a lowest frequency band, and a highest frequency

band,;

generating block floating parameters;

applying block floating to the spectral coeflicients in each
band 1n response to a block floating parameter;

quantizing the spectral coetficients 1n each band with an
adaptive number of bits to provide quantized spectral
coellicients 1n response to a block floating parameter,
zero bits being allocated to the spectral coefficients 1n
bands higher in frequency than a highest usable band;

adding a block of data derived from the block of spectral

coellicients to the recording signal, the block of data

derived from the block of spectral coeflicients consist-

ing of:

the quantized spectral coeflicients for each band up to
the highest usable band, there being a number of
bands up to the highest useable band,

block floating parameters for each band up to the
highest useable band, and

data indicating the number of bands up to the highest
usable band.

12. The method for compressing a digital audio input
signal of claim 11, wherein, the step of quantizing the
spectral coefficients in each band with an adaptive number
of bits includes quantizing the spectral coefficients 1n each
band using an additional number of bits, the additional
number of bits being a number of bits equivalent to a
difference between a number of bits required to provide
block floating parameters for each band and a number of bits
required to provide block floating parameters for each band
up to the highest useable band.

13. The method for compressing a digital audio input
signal of claim 11, wherein

the block floating parameters include a word length and a
block floating coeflicient,
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the step of applying block floating includes the step of
applying block floating 1n response to the block floating,
coeflicient,

the step of quantizing the spectral coeflicients includes the
step of quantizing the spectral coefficients 1n response
to the word length, and

in the step of adding a block of data derived from the

block of spectral coeflicients to the recording signal, the

block floating parameters 1n block of data derived from

the block of spectral coeflicients consist of:

a main word length for each band up to the highest
useable band,

a main block floating coetlicient for each band up to the
highest useable band, and

a reserve word length for each of the lower frequency
bands.

14. [The method for compressing a digital audio input

signal of claim 13, wherein 1n the step of adding a block of

data ¢
recorc

erived from the block of spectral coe

Ticients to the

data d

g signal, the block floating parameters 1n block of

Ticients addi-

erived from the block of spectral coe:

tionally consist of] The method for compressing a digital

audio

input signal of claim 11, wherein

the block floating parameters include a word length and
a block floating coefficient,

the step of applying block floating includes the step of

applying block floating in response to the block floating
coefficient,

the step of quantizing the spectral coefficients includes the
step of quantizing the spectral coefficients in response
to the word length,

in the step of adding a block of data derived from the
block of spectral coefficients to the recording signal, the
block floating parameters in block of data derived from
the block of spectral coefficients consist of:

a main word length for each band up to the highest
useable band,

a main block floating coefficient for each band up to the
highest useable band,

a reserve word length for each of the lower frequency
bands, and

ticient for each of the lower

a reserve block floating coe
frequency bands.

15. The method for compressing a digital audio input
signal of claim 13, wherein the step of adding a block of data
derived from the block of spectral coeflicients
ing signal includes the step of arranging the quantized

spectral coe:

to the record-

ficients sequentially in the block of data derived

from the block of spectral coeflicients, beginning with the

quantized spectral coe:

Ticients 1n the lowest frequency band.

16. [The method for compressing a digital audio input
signal of claim 15, wherein,] The method for compressing a
digital audio input signal of claim 11, wherein

the block floating parameters include a word length and
a block floating coefficient,

the step of applying block floating includes the step of

applying block floating in response to the block floating
coefficient,

the step of quaniizing the spectral coefficients includes the
step of quantizing the spectral coefficients in response
to the word length, and 1n the step of adding a block of
data derived from the block of spectral coefficients to
the recording signal, the block floating parameters 1n
block of data derived from the block of spectral coet-
ficients consist of:
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a maimn word length for each band up to the highest
useable band,

a main block floating coetfficient for each band up to the
highest useable band,

a reserve word length for each of a first number of the
lower frequency bands, and

a reserve block floating coefficient for each of second
number of lower frequency bands, the second number
of lower frequency bands being less than the {first
number of lower frequency bands, wherein the step of
adding a block of data derived from the block of
spectral coefficients to the recording signal includes the
step of arranging the quaniized spectral coefficients
sequentially in the block of data derived from the block
of spectral coefficients, beginning with the quantized
spectral coefficients, beginning with the quantized
spectral coefficients in the lowest frequency band.

17. An apparatus for compressing a digital audio input

signal to provide a recording signal, the apparatus compris-
Ing:

a means for dividing the input signal into frames com-
prising plural samples;

a means for transforming each frame of plural samples
into a block of spectral coeflicients and for dividing the
block of spectral coeflicients 1nto plural bands, the
plural bands 1ncluding lower frequency bands;

a means for applying block floating to the spectral coet-
ficients 1n each band and for generating a block floating
coeflicient for each band;

a quantizing means for quantizing the spectral coeflicients
in each band with an adaptive number of bits to provide
quantized spectral coeflicients in each band, and for
generating a word length for each band;

a means for adding a block of data dertved from the block
of spectral coethicients to the recording signal, the block
of data derived from the block of spectral coeflicients
consisting of:
the quantized spectral coeflicients,

a main word length for each band,

a main block floating coeflicient for each band, and

a reserve word length at least for each of the lower
frequency bands.

18. The apparatus for compressing a digital audio input

signal of claim 17, wherein, the quantizing means 1s for
quantizing the spectral coeflicients in each band with an
adaptive number of bits using an additional number of bits,
the additional number of bits being a number of bits equiva-
lent to a sum of a first difference and a second dif

‘erence,

the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length for each of the lower frequency bands, and

the second difference 1s a difference between a number of
bits required to provide a reserve block floating coet-
ficient for each band and a number of bits required to
provide no reserve block floating coeflicients.

19. [The apparatus for compressing a digital audio input

signal of claim 17, wherein, the block of data derived from
the block of spectral coefficients additionally consists of] An
apparatus for compressing a digital audio input signal to
provide a recording signal, the apparatus comprising.

a means for dividing the input signal into frames com-
prising plural samples;

a means for transforming each frame of plural samples
into a block of spectral coefficients and for dividing the
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block of spectral coefficients into plural bands, the
plural bands including lower frequency bands;

a means for applying block floating to the spectral coef-
ficients in each band and for generating a block float-
ing coefficient for each band,

a quantizing means for quantizing the spectral coefficients
in each band with an adaptive number of bits to provide
quantized spectral coefficients in each band, and for
generating a word length for each band;

a means for adding a block of data derived from the block
of spectral coefficients to the recording signal, the block
of data derived from the block of spectral coefficients
consisting of:
the quantized specitral coefficients;

a main word length for each band,

a main block floating coefficient for each band,

a reserve word length at least for each of the lower
frequency bands, and

ticient for each of the lower

a reserve block floating coe

frequency bands.

20. The apparatus for compressing a digital audio input
signal of claim 19, wherein, the quantizing means 1s for
quantizing the spectral coeflicients 1 each band with an
adaptive number of bits using an additional number of bats,
the additional number of bits being a number of bits equiva-
lent to a sum of a first difference and a second difference,

the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length for each of the lower frequency bands, and

the second difference 1s a difference between a number of
bits required to provide a reserve block floating coet-
ficient for each band and a number of bits required to
provide a reserve block floating coefficient for each of
the lower frequency bands.

21. The apparatus for compressing a digital audio 1nput
signal of claim 17, wherein the adding means includes a
means for arranging the quantized spectral coeflicients
sequentially 1 the block of data dertved from the block of
spectral coeflicients, beginning with the quantized spectral
coellicients 1n the lowest frequency band.

22. The apparatus for compressing a digital audio 1nput
signal of claim 21, wherein,

the quantizing means 1s for quantizing the spectral coet-
ficients 1n each band with an adaptive number of bits
using an additional number of bits, the additional
number of bits bemg a number of bits equivalent to a
sum of a first difference and a second difference,

the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length for each of the lower frequency bands, and

the second difference 1s a difference between a number of
bits required to provide a reserve block floating coet-
ficient for each band and a number of bits required to
provide no reserve block ﬂoatmg coellicients.

23. [The apparatus for compressing a digital audio input
signal of claim 21, wherein the block of data derived from
the block of spectral coefficients consists of:] An apparatus
for compressing a digital audio input signal to provide a
recording signal, the apparatus comprising:

a means for dividing the input signal into frames com-
prising plural samples;

a means for transforming each frame of plural samples
into a block of spectral coefficients and for dividing the
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block of spectral coefficients into plural bands, the
plural bands including lower frequency bands;

a means for applying block floating to the spectral coef-
ficients in each band and for generating a block float-
ing coefficient for each band;

a quanitizing means for quantizing the spectral coefficients
in each band with an adaptive number of bits to provide
quantized spectral coefficients in each band, and for
generating a word length for each band;

a means for adding a block of data derived from the block
of spectral coefficients to the recording signal, the block
of data derived from the block of spectral coefficients
consisting of:

the quantized spectral coeflicients,
a main word length for each band,

a main block floating coeflicient for each band,

a reserve word length for each of a first number of the
lower frequency bands, and

a reserve block floating coethicient for each of a second
number of lower frequency bands, the second number
of lower frequency bands being less than the first
number of lower frequency bands, and wherein the
adding means includes a means for arranging the
quantized spectral coefficients sequentially in the block
of data derived from the block of spectral coejfficients,
beginning with the quantized spectral coefficients in the
lowest frequency band.

24. The apparatus for compressing a digital audio 1nput
signal of claim 23, wherein, the quantizing means 1s for
quantizing the spectral coeflicients 1 each band with an
adaptive number of bits using an additional number of bits,
the additional number of bits being a number of bits equiva-

lent to a sum of a first difference and a second difference,

the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length for each of the first number of lower
frequency bands, and

the second difference 1s a difference between a number of
bits required to provide a reserve block floating coet-
ficient for each band and a number of bits required to
provide a reserve block floating coetficient for each of
the second number of lower frequency bands.

25. [The apparatus for compressing a digital audio input
signal of claim 17, wherein the block of data dertved from
the block of spectral coefficients consists of:] An apparatus
for compressing a digital audio input signal to provide a
recording signal, the apparatus comprising:

a means for dividing the input signal into frames com-
prising plural samples;

a means for transforming each frame of plural samples
into a block of spectral coefficients and for dividing the
block of spectral coefficients into plural bands, the
plural bands including lower frequency bands;

a means for applying block floating to the spectral coef-
ficients in each band and for generating a block float-
ing coelfficient for each band;

a quaniizing means for quantizing the spectral coefficients
in each band with an adaptive number of bits to provide
quanitized spectral coefficients in each band, and for
generating a word length for each band;

a means for adding a block of data derived from the block
of spectral coefficients to the recording signal, the block
of data derived from the block of spectral coefficients
consisting of:
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the quantized spectral coeflicients,

a main word length for each band,

a main block floating coeflicient for each band,
a reserve word length for each band, and

ticient for each of the lower

a reserve block floating coe

frequency bands.

26. The apparatus for compressing a digital audio 1nput
signal of claim 25, wherein the quantizing means quantizes
the spectral coefficients 1n each band with an adaptive
number of bits using an additional number of bits, the
additional number of bits being a number of bits equivalent
to a difference between a number of bits required to provide
a reserve block floating coefficient for each band and a
number of bits required to provide a reserve block floating
coellicient for each of the lower frequency bands.

27. An apparatus for compressing a digital audio input
signal to provide a recording signal, the apparatus compris-
Ing:

a means for dividing the input signal into frames com-

prising plural samples;

a means for transforming each frame of plural samples
into a block of spectral coeflicients and for dividing the
block of spectral coeflicients into plural bands, the
plural bands including lower frequency bands, and a
lowest frequency band;

a means for generating block floating parameters;

a block floating means for applying block floating to the
spectral coeflicients 1n each band 1n response to a block
floating parameter;

a quantizing means for quantizing the spectral coeflicients
in each band with an adaptive number of bits to provide
quantized spectral coeflicients 1n response to a block
floating parameter, the quantizing means allocating
zero bits to the spectral coeflicients 1n bands higher 1n
frequency than a highest usable band;

a means for adding a block of data derived from the block
of spectral coetlicients to the recording signal, the block
of data dertved from the block of spectral coeflicients
consisting of:
the quantized spectral coeflicients for each band up to
the highest usable band, there being a number of
bands up to the highest useable band,

block floating parameters for each band up to the
highest useable band, and

data mdicating the number of bands up to the highest
usable band.

28. The apparatus for compressing a digital audio input
signal of claim 27, wherein the quantizing means 1s for
quantizing the spectral coeflicients 1 each band with an
adaptive number of bits using an additional number of bats,
the additional number of bits being a number of bits equiva-
lent a difference between a number of bits required to
provide block floating parameters for each band and a
number of bits required to provide block floating parameters
for each band up to the highest useable band.

29. The apparatus for compressing a digital audio 1nput
signal of claim 27, wherein

the block floating parameters include a word length and a
block floating coeflicient,

the block floating means applies block floating 1n
response to the block floating coefficient,

the quantizing means quantizes the spectral coe
response to the word length, and

the block floating parameters 1 block of data derived
from the block of spectral coetficients consist of:

ticients 1in
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a main word length for each band up to the highest
useable band,

a main block floating coefficient for each band up to the
highest useable band, and

a reserve word length for each of the lower frequency
bands.

30. [The apparatus for compressing a digital audio input
signal of claim 29, wherein the block floating parameters in
block of data derived from the block of spectral coetficients
additionally consist of] The apparatus for compressing a
digital audio input signal of claim 27, wherein

the block floating parameters include a word length and
a block floating coefficient,

the block floating means applies block floating in response
fo the block floating coefficient,

the quantizing means quantizes the spectral coefficients in
response to the word length, and

the block floating parameters in block of data derived

from the block of spectral coefficients consist of:

a main word length for each band up to the highest
useable band,

a main block floating coefficient for each band up to the
highest useable band,

a reserve word length for each of the lower frequency
bands, and

ticient for each of the lower

a reserve block floating coe

frequency bands.

31. The apparatus for compressing a digital audio 1nput
signal of claim 29, wherein the adding means includes a
means for arranging the quantized spectral coeflicients
sequentially 1n the block of data derived from the spectral
coellicients, beginning with the quantized spectral coefli-
cients 1n the lowest frequency band.

32. [The apparatus of claim 31, wherein the block floating
parameters 1 block of data derived from the block of
spectral coefficients consist of:] The apparatus for com-
pressing a digital audio input signal of claim 27, wherein

the block floating parameters include a word length and
a block floating coefficient,

the block floating means applies block floating in response
fo the block floating coefficient,

the quantizing means quantizes the spectral coefficients in
response to the word length, and

the block floating parameters in block of data derived
from the block of spectral coefficients consist of:

a main word length for each band up to the highest
useable band,

a main block floating coefficient for each band up to the
highest useable band,

a reserve word length for each of a first number of lower
frequency bands, and

a reserve block floating coetficient for each of a second
number of the lower frequency bands, the second
number of the lower frequency bands being less than
the first number of the lower frequency bands, and

wherein the adding means includes a means for arranging
the quantized spectral coefficients sequentially in the
block of data derived from the spectral coejficients,
beginning with the quantized spectral coefficients in the
lowest frequency band.

33. An apparatus for decompressing a compressed digital

signal, comprising.:

an error detection circuit for generating an error detec-

lion signal in response to both error correction codes



Re. 36,683

27

appended to the compressed digital signal and a detec-
lion of errors in the compressed digital signal, the
compressed digital signal including a block of data
derived from a block of spectral coefficients consisting
of 5
quanitized spectral coefficients for each band us to a
highest usable band, there being a number of bands
up to the highest usable band,
block floating parameters for each band up to the
highest useable band, and 10
data indicating the number of bands up to the highest
useable band, where zero bits are allocated to the
spectral coefficients in bands higher in frequency
than the highest useable band;

a block floating coefficient reading circuit for reading 13
from the compressed digital signal, in response to the
error detection signal, block floating coefficients of the
block floating parameters;

a word length reading circuit for reading from the com-
pressed digital signal, in response to the error detection
signal, word lengths of the block floating parameters;

20

a quantized spectral coefficient reading circuit for reading
from the compressed digital signal, in response to the
error detection signal and the word lengths, the quan-

: : 25
lized spectral coefficients;

a spectral coefficient restoring circuil for generating
restored spectral coefficients in response to the block
floating coefficients, word lengths and the quantized
spectral coefficients; and 20

an inverse orthogonal transform circuit for transforming
the restored spectral coefficients into frames of samples
in the time domain.
34. The apparatus of claim 33, wherein the inverse
orthogonal transform circuit comprises: 35

an inverse modified discrete cosine transformer
35. The apparatus of claim 33, wherein the inverse
orthogonal transform circuit comprises:

a plurality of inverse orthogonal transform circuits, each
inverse transform circuil operative to transform
restored spectral coefficients in a separate one of a
plurality of frequency ranges.

36. The apparatus of claim 33, further comprising.

40

a plurality of synthesizers for combining outputs of each
of the plurality of inverse orthogonal transform circuits
o generate an output signal.
37. The apparatus of claim 36, wherein the plurality of
synthesizers comprises.

45

a plurality of inverse quadrature mirror filters. 50
38. A method for decompressing a compressed digital
signal, comprising the steps of:
generating an error detection signal in response to both
error correction codes appended to the compressed
digital signal and a detection of errors in the com- 55
pressed digital signal, the compressed digital signal
including a block of data derived from a block of
spectral coefficients consisting of
quanitized spectral coefficients for each band up to a
highest usable band, there being a number of bands 60
up to the highest usable band,
block floating parameters for each band up to the
highest useable band, and
data indicating the number of bands up to the highest
useable band, where zero bits are allocated to the 65
spectral coefficients in bands higher in frequency
than the highest useable band;

23

reading from the compressed digital signal, in response to
the error detection signal, block floating coefficients of
the block floating parameters;

reading from the compressed digital signal, in response to
the error detection signal, word lengths of the block
floating parameters;

reading from the compressed digital signal, in response to
the error detection signal and the word lengths, the

quantized spectral coefficients;

generating restored spectral coefficients in response 1o the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames
of samples in the time domain.
39. The method of claim 38, wherein the step of trans-
forming comprises the step of:
inverse orthogonally transforming.
40. The method of claim 38, wherein the step of trans-
forming comprises the step of:
inverse orthogonal transforming restored spectral coefft-
cients in a separate one of a plurality of frequency
ranges.
41. The method of claim 40, further comprising the step
of:
combining each of the inverse orthogonally transformed
restored spectral coefficients to generate an oulput
signal.
42. The method of claim 41, wherein the step of combining
comprises the step of:

inverse quadrature mirror filtering.
43. An apparatus for decompressing a compressed digital
signal, comprising:
an error detection circuil for generating an error detec-
lion signal in response to both error correction codes
appended to the compressed digital signal and a detec-
lion of errors in the compressed digital signal, the
compressed digital signal including a block of data
derived from a block of spectral coefficients consisting
of
quantized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, and
block floating parameters for each band up to the
highest useable band;

a block floating coefficient reading circuit for reading
from the compressed digital signal, in response to the
error detection signal, block floating coefficients of the
block floating parameters;

a word length reading circuit for reading from the com-
pressed digital signal, in response to the error detection
signal, word lengths of the block floating parameters;

a quaniized spectral coefficient reading circuit for reading
from the compressed digital signal, in response to the
error detection signal and the word lengths, the quan-
lized spectral coefficients;

a spectral coefficient restoring circuit for generating
restored spectral coefficients in response to the block
floating coefficients, word lengths and the quantized
spectral coefficients; and

an inverse orthogonal transform circull for transforming
the restored spectral coefficients into frames of samples
in the time domain.
44. The apparatus of claim 43, wherein the inverse
orthogonal transform circuit comprises:

an tnverse modified discrete cosine transformer.
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45. The apparatus of claim 43, wherein the inverse
orthogonal transform circuit comprises:

a plurality of inverse orthogonal transform circuits, each
inverse transform circuit operative to transform
restored spectral coefficients in a separate one of a
plurality of frequency ranges.

46. The apparatus of claim 43, further comprising:

a plurality of synthesizers for combining outputs of each
of the plurality of inverse orthogonal transform circuits

o generate an output signal.

47. The apparatus of claim 46, wherein the plurality of

synthesizers comprises.

a plurality of inverse quadrature mirror filters.
48. A method for decompressing a compressed digital

signal, comprising the steps of:
generating an error detection signal in response to both
error correction codes appended to the compressed

digital signal and a detection of errors in the com-
pressed digital signal, the compressed digital signal

10

15

including a block of data derived from a block of 20

spectral coefficients consisting of

quanitized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, and

block floating parameters for each band up to the
highest useable band;

reading from the compressed digital signal, in response to

the error detection signal, block floating coejficients of

the block floating parameters;

reading from the compressed digital signal, in response to
the error detection signal, word lengths of the block

floating parameters;

reading from the compressed digital signal, in response to
the error detection signal and the word lengths, the

quanitized spectral coefficients;

generating restored spectral coefficients in response to the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames
of samples in the time domain.
49. The method of claim 48, wherein the step of trans-
forming comprises the step of:
inverse orthogonally transforming.
50. The method of claim 48, wherein the step of frans-
forming comprises the step of:
inverse orthogonal transforming restored spectral coeffi-
cients 1n a separate one of a plurality of frequency
ranges.
51. The method of claim 50, further comprising the step
of:
combining each of the inverse orthogonally transformed
restored spectral coefficients to generate an oulput
signal.
52. The method of claim 51, wherein the step of combining
comprises the step of.

inverse quadrature mirror filtering.
53. An apparatus for decompressing a compressed digital
signal, comprising.:
a block floating coefficient reading circuit for reading
from the compressed digital signal block floating coef-

ficients of block floating parameters, the compressed

digital signal including a block of data derived from a

block of spectral coefficients consisting of

quanitized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band,
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the block floating parameters being for each band up to
the highest useable band, and

data indicating the number of bands up to the highest
useable band, where zero bits are allocated to the
spectral coefficients in bands higher in frequency
than the highest useable band,

a word length reading circuit for reading from the com-
pressed digital signal, in response to the error detection
signal, word lengths of the block floating parameters;

a quantized spectral coefficient reading circuit for reading
from the compressed digital signal, in response to the
error detection signal and the word lengths, the quan-
lized spectral coefficients;

a spectral coefficient restoring circuit for generating
restored spectral coefficients in response to the block
floating coefficients, word lengths and the quantized
spectral coefficients; and

an inverse orthogonal transform circuit for transforming
the restored spectral coefficients into frames of samples
in the time domain.
54. The apparatus of claim 53, wherein the inverse
orthogonal transform circuit comprises:

an tnverse modified discrete cosine transformer.
55. The apparatus of claim 53, wherein the inverse
orthogonal transform circuit comprises:

a plurality of inverse orthogonal transform circuits, each
inverse transform circuit operative to transform
restored spectral coefficients in a separate one of a
plurality of frequency ranges.

56. The apparatus of claim 53, further comprising:

a plurality of synthesizers for combining ouiputs of each
of the plurality of inverse orthogonal transform circuits
o generate an output signal.

57. The apparatus of claim 56, wherein the plurality of

synthesizers COmprises.

a plurality of inverse quadrature mirror filters.
58. A method for decompressing a compressed digital
signal, comprising the steps of:
reading from the compressed digital signal block floating
coefficients of the block floating parameters, the com-
pressed digital signal including a block of data derived
from a block of spectral coefficients consisting of
quantized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, the block floating
parameters being for each band up to the highest
useable band, and data indicating the number of
bands up to the highest useable band, where zero bits
are allocated to the spectral coefficients in bands
higher in frequency than the highest useable band;

reading from the compressed digital signal word lengths
of the block floating parameters;

reading from the compressed digital signal, in response to
the word lengths, the quantized spectral coefficients;

generating restored spectral coefficients in response to the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames
of samples in the time domain.
59. The method of claim 58, wherein the step of trans-
forming comprises the step of:
inverse orthogonally transforming.
60. The method of claim 58, wherein the step of trans-
forming comprises the step of:
inverse orthogonal transforming restored spectral coefft-
cients tn a separate one of a plurality of frequency
ranges.
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61. The method of claim 60, further comprising the step
of:
combining each of the inverse orthogonally transformed
restored spectral coefficients to generate an output
signal.
62. The method of claim 01, wherein the stet) of combin-
ing comprises the step of:
inverse quadrature mirror filtering.
63. An apparatus for decompressing a compressed digital
signal, comprising.

a block floating coefficient reading circuit for reading
from the compressed digital signal block floating coef-
ficients of block floating parameters, the compressed
digital signal including a block of data derived from a
block of spectral coefficients consisting of
quanitized spectral coefficients for each band up fo a

highest usable band, there being a number of bands
up to the highest usable band,

the block floating parameters being for each band up to
the highest useable band;

a word length reading circuit for reading from the com-
pressed digital signal, in response to the error detection
signal, word lengths of the block floating parameters;

a quantized spectral coefficient reading circuit for reading
from the compressed digital signal, in response to the
error detection signal and the word lengths, the quan-
lized spectral coefficients;

a spectral coefficient restoring circuil for generating
restored spectral coefficients in response to the block
floating coefficients, word lengths and the quantized
spectral coefficients; and

an inverse orthogonal transform circuit for transforming
the restored spectral coefficients tnto frames of samples
in the time domain.
64. The apparatus of claim 03, wherein the inverse
orthogonal transform circuit comprises:

an inverse modified discrete cosine transformer.
65. The apparatus of claim 03, wherein the inverse
orthogonal transform circuit comprises:

a plurality of inverse orthogonal transform circuits, each
inverse transform circuit operative to transform
restored spectral coefficients in a separate one of a
plurality of frequency ranges.

66. The apparatus of claim 63, further comprising:

a plurality of synthesizers for combining outputs of each
of the plurality of inverse orthogonal transform circuits
o generate an output signal.
67. The apparatus of claim 60, wherein the plurality of
Synthesizers COmprises.

a plurality of inverse quadrature mirror filters.
68. A method for decompressing a compressed digital
signal, comprising the steps of:
reading from the compressed digital signal block floating
coefficients of the block floating parameters, the com-
pressed digital signal including a block of data derived
from a block of spectral coefficients consisting of
quanitized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, the block floating
parameters being for each band up to the highest
useable band.:

reading from the compressed digital signal word lengths
of the block floating parameters;

reading from the compressed digital signal, in response to
the word lengths, the quantized spectral coefficients;
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generating restored spectral coefficients in response to the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and
transforming the restored spectral coefficients into frames
of samples in the time domain.
69. The method of claim 68, wherein the step of trans-
forming comprises the step of:
inverse orthogonally transforming.
70. The method of claim 68, wherein the step of trans-
forming comprises the step of:
inverse orthogonal transforming restored spectral coefft-
cients tn a separate one of a plurality of frequency
ranges.
71. The method of claim 70, further comprising the step
of:
combining each of the inverse orthogonally transformed
restored spectral coefficients to generate an output

signal.
72. The method of claim 71, wherein the step of combining

comprises the step of:

inverse quadrature mirror filtering.

73. A program storage device readable by a machine,
tangibly embodying a program of instructions executable by
the machine to perform method steps for decompressing a
compressed digital signal, said method stems comprising.

generating an ervor detection signal in response to both

error correction codes appended to the compressed

digital signal and a detection of errors in the com-

pressed digital signal, the compressed digital signal

including a block of data derived from a block of

spectral coefficients consisting of

quantized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band,

block floating parameters for each band up to the
highest useable band, and

data indicating the number of bands up to the highest
useable band, where zero bits are allocated to the
spectral coefficients in bands higher in frequency
than the highest useable band,

reading from the compressed digital signal, in response to
the error detection signal, block floating coefficients of
the block floating parameters;

reading from the compressed digital signal, in response to
the error detection signal, word lengths of the block

floating parameters;

reading from the compressed digital signal, in response to
the error detection signal and the word lengths, the

quantized spectral coefficients;

generating restored spectral coefficients in response to the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames

of samples in the time domain.

74. A program storage device readable by a machine,
tangibly embodying a program of instructions executable by
the machine to perform method steps for decompressing a
compressed digital signal, said method steps comprising.:

generating an errvor detection signal in response to both
error correction codes appended to the compressed
digital signal and a detection of errors in the com-
pressed digital signal, the compressed digital signal
including a block of data derived from a block of
spectral coefficients consisting of
quantized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, and
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block floating parameiters for each band up to the
highest useable band;

reading from the compressed digital signal, in response (o
the error detection signal, block floating coejficients of
the block floating parameters; 5

reading from the compressed digital signal, in response to
the error detection signal, word lengths of the block
floating parameters,

reading from the compressed digital signal, in response (o
the error detection signal and the word lengths, the 1
quanitized spectral coefficients;

generating restored spectral coefficients in response to the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames 15

of samples in the time domain.

75. A program storage device readable by a machine,
tangibly embodying a program of instructions executable by
the machine to perform method steps for decompressing a
compressed digital signal, said method steps comprising: 20

reading from the compressed digital signal block floating
coefficients of the block floating parameters, the com-
pressed digittal signal including a block of data derived
from a block of spectral coefficients consisting of
quanitized spectral coefficients for each band up to a 25
highest usable band, there being a number of bands
up to the highest usable band, the block floating
parameters being for each band up to the highest
useable band, and data indicating the number of
bands up to the highest useable band, where zero bits 30
are allocated to the spectral coefficients in bands
higher in frequency than the highest useable band;

reading from the compressed digital signal word lengths
of the block floating parameters;

reading from the compressed digital signal, in response to
the word lengths, the quantized spectral coefficients;

generating restored spectral coefficients in response (o the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames

of samples in the time domain.

76. A program storage device readable by a machine,
tangibly embodying a program of instructions executable by
the machine to perform method steps for decompressing a
compressed digital signal, said method steps comprising:

reading from the compressed digital signal block floating
coefficients of the block floating parameters, the com-
pressed digital signal including a block of data derived
from a block of spectral coefficients consisting of
quanitized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, the block floating
parameters being for each band up to the highest
useable band,

reading from the compressed digital signal word lengths
of the block floating parameters;

reading from the compressed digital signal, in response to
the word lengths, the quantized spectral coefficients;

generating restored spectral coefficients in response to the o
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames
of samples in the time domain.
77. A method for compressing a digital audio input signal 65
to provide a recording signal, the method comprising the

step of:

35

40

45

50

55

34

dividing the input signal into frames comprising plural
samples;

transforming each frame of plural samples into a block of
spectral coefficients and dividing the block of spectral

coefficients into plural bands, the plural bands includ-

ing lower frequency bands, and a lowest frequency
band,

applying block floating to the spectral coefficients in each
band and generating a block floating coefficient for
each band,

quantizing the spectral coefficients in each band with an
adapitive number of bits to provide quantized spectral
coefficients in each band, and generating a word length

for each band;

adding a block of data derived from the block of spectral

coefficients to the recording signal, the block of data

derived from the block of spectral coefficients compris-

Ing.

rhf? quanitized spectral coefficients,

a main word length for each band,

a main block floating coefficient for each band,

a reserve word length at least for each of the lower
frequency bands, and

excluding at least one of a reserve word length for a
higher frequency band, or a reserve block floating
coefficient for a higher frequency band.

78. The method for compressing a digital audio input
signal of claim 77, wherein, the step of quanitizing the
spectral coefficients in each band with an adaptive number
of bits includes quantizing the spectral coefficients in each
band using an additional number of bits, the additional
number of bits being a number of bits equivalent to a sum of
a first difference and a second difference,

the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve

word length at least for each of the lower frequency
bands, and

the second difference is a difference between a number of
bits required to provide a reserve block floating coef-
ficient for each band and a number of bits required to
provide no reserve block floating coefficients.

79. The method for compressing a digital audio input
signal of claim 77, wherein, in the step of adding a block of
data derived from the block of spectral coefficients to the
recording signal, the block of data derived from the block of
spectral coefficients further comprises a reserve block float-
ing coefficient for each of the lower frequency bands.

80. The method for compressing a digital audio input
signal of claim 79, wherein

the step of quantizing the spectral coefficients in each
band with an adapitive number of bits ncludes quan-
lizing the spectral coefficients in each band using an
additional number of bits, the additional number of bits
being a number of bits equivalent to a sum of a first
difference and a second difference,

the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length for each of the lower frequency bands, and

the second difference is a difference between a number of
bits required to provide a reserve block floating coef-
ficient for each band and a number of bits required to
provide a reserve block floating coefficient for each of

the lower frequency bands.
81. The method for compressing a digital audio input
signal of claim 77, wherein the step of adding a block of data
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derived from the block of spectral coefficients to the record-
ing signal includes the step of arranging the quantized
spectral coefficients sequentially in the block of data derived
from the block of spectral coefficients, beginning with the
quanitized spectral coefficients in the lowest frequency band. 5
82. The method for compressing a digital audio input
signal of claim 81, wherein, the step of quaniizing the
spectral coefficients in each band with an adaptive number
of bits includes quantizing the spectral coefficients in each
band using an additional number of bits, the additional 10
number of bits being a number of bits equivalent to a sum of
a first difference and a second difference,

the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve 15
word length for each of the lower frequency bands, and

the second difference is a difference between a number of
bits required to provide a reserve block floating coef-
ficient for each band and a number of bits required to
provide no reserve block floating coefficients.

83. The method for compressing a digital audio input
signal of claim 81, wherein, in the step of adding a block of
data derived from the spectral coefficients to the recording
signal, the reserve word lengths comprise a reserve word
length for each of a first number of the lower frequency
bands, and wherein the block of data derived from the block
of spectral coefficients further comprise a reserve block
floating coefficient for each of a second number of lower
frequency bands, the second number of lower frequency
bands being less than the first number of lower frequency
bands.

84. The method for compressing a digital audio input
signal of claim 83, wherein,

the step of quantizing the spectral coefficients in each
band with an adaptive number of bits includes quan-
lizing the spectral coefficients in each band using an
additional number of bits, the additional number of bits
being a number of bits equivalent to a sum of a first
difference and a second difference,

the first difference being a difference between a number of )
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length for each of the first number of lower
frequency bands, and

the second difference is a difference between a number of
bits required to provide a reserve block floating coef-
ficient for each band and a number of bits required to
provide a reserve block floating coefficient for each of
the second number of lower frequency bands.

85. The method for compressing a digital audio input
signal of claim 77, wherein, in the step of adding a block of
data derived from the block of spectral coefficients to the
recording signal, the block of data derived from the block of
spectral coefficients further comprises:

a reserve word length for each band,

a reserve block floating coefficient for each of the lower
frequency bands, and

excludes a reserve block floating coefficient for a higher
frequency band.
86. The method for compressing a digital audio input
signal of claim 85, wherein

the step of quantizing the spectral coefficients in each
band with an adaptive number of bits includes quan-
fizing the spectral coefficients in each band using an
additional number of bits, the additional number of bits
being a number of bits equivalent to a difference
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between a number of bits required to provide a reserve
block floating coefficient for each band and a number
of bits required to provide a reserve block floating
coefficient for each of the lower frequency bands.

87. A method for compressing a digital audio input signal
fo provide a recording signal, the method comprising the
steps of.

dividing the input signal into frames comprising plural

samples;

transforming each frame of plural samples into a block of
spectral coefficients and dividing the block of spectral
coefficients into plural bands, the plural bands tnclud-
ing a lowest frequency bands and a highest frequency

band,;
generating block floating parameters;

applying block floating to the spectral coefficients in each
band in response to a block floating parameter;

quanitizing the spectral coefficients in each band with an
adapitive number of bits to provide quantized spectral
coefficients in response to a block floating parameter,
zero bits being allocated to the spectral coefficients in
bands higher in frequency than a highest usable band,;

adding a block of data derived from the block of specitral

coefficients to the recording signal, the block of data

derived from the block of spectral coefficients compris-

Ing.

the quantized spectral coefficients for each band up to
the highest usable band, there being a number of
bands up to the highest useable band,

block floating parameters for each band up to the
highest useable band, and

data indicating the number of bands up to the highest
usable band.

88. The method for compressing a digital audio tnput
signal of claim 87, wherein, the step of quanitizing the
spectral coefficients in each band with an adaptive number
of bits includes quantizing the spectral coefficients in each
band using an additional number of bits, the additional
number of bits being a number of bits equivalent to a
difference between a number of bits requived to provide
block floating parameters for each band and a number of
bits required to provide block floating parameters for each
band up to the highest useable band.

89. The method for compressing a digital audio tnput
signal of clatm 87, wherein

the block floating parameters include a word length and
a block floating coefficient,

the step of applying block floating includes the step of

applying block floating in response to the block floating
coefficient,

the step of quantizing the spectral coefficients includes the
step of quantizing the specitral coefficients in response
to the word length, and

in the step of adding a block of data derived from the
block of spectral coefficients to the recording signal, the
block floating parameters in block of data derived from
the block of spectral coefficients comprise:
a main word length for each band up to the highest
useable band,
a main block floating coefficient for each band up to the
highest useable band, and
a reserve word length for each of the lower frequency
bands.
90. The method for compressing a digital audio nput
signal of claim 89, wherein in the step of adding a block of
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data derived from the block of spectral coefficients to the

recording signal, the block floating parameters in block of

data derived from the block of spectral coefficients further
comprise a reserve block floating coefficient for each of the
lower frequency bands.

91. The method for compressing a digital audio input
signal of claim 89, wherein the step of adding a block of data
derived from the block of spectral coefficients to the record-
ing signal includes the step of arranging the quantized
spectral coefficients sequentially in the block of data derived
from the block of spectral coefficients, beginning with the
quanitized spectral coefficients in the lowest frequency band.

92. The method for compressing a digital audio input

signal of claim 91, wherein, in the step of adding a block of

data derived from the block of spectral coefficients to the
recording signal, the reserve word lengths comprise a
reserve word length for each of a first number of the lower
frequency bands, and wherein the block floating parameters
in block of data derived from the block of spectral coelfi-
cients further comprise a reserve block floating coejficient
for each of second number of lower frequency bands, the
second number of lower frequency bands being less than the
first number of lower frequency bands.

93. An apparatus for compressing a digital audio input
signal to provide a recording signal, the apparatus com-
prising:

means for dividing the input signal into frames compris-

ing plural samples;

a means for transforming each frame of plural samples
into a block of spectral coefficients and for dividing the
block of spectral coefficients into plural bands, the
plural bands including lower frequency bands;

a means for applying block floating to the spectral coef-
ficients in each band and for generating a block float-
ing coefficient for each band,

a quantizing means for quantizing the spectral coefficients
in each band with an adaptive number of bits to provide
quantized spectral coefficients in each band, and for
generafing a word length for each band;

a means for adding a block of data derived from the block
of spectral coefficients to the recording signal, the block
of data derived from the block of spectral coefficients
cCoOmprising:
the quantized spectral coefficients,

a main word length for each band,

a main block floating coefficient for each band, and

a reserve word length at least for each of the lower
frequency bands, and

excluding ar least one of a reserve word length for a
high frequency bands, or a reserve block floating
coefficient for a high frequency band.

94. The apparatus for compressing a digital audio input
signal of claim 93, wherein, the quantizing means is for
quaniizing the spectral coefficients in each band with an
adapitive number of bits using an additional number of bits,
the additional number of bits being a number of bits equiva-
lent to a sum of a first difference and a second difference,

the first difference being a difference between a number of

bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length for each of the lower frequency bands, and

the second difference is a difference between a number of

bits required to provide a reserve block floating coef-

ficient for each band and a number of bits required to
provide no reserve block floating coefficients.

95. The apparatus for compressing a digital audio input

signal of claim 93, wherein, the block of data derived from

33

the block of spectral coefficients further comprises of a
reserve block floating coefficient for each of the lower
frequency bands.
96. The apparatus for compressing a digital audio input
5 signal of claim 95, wherein, the quantizing means is for
quanitizing the spectral coefficients in each band with an
adapitive number of bits using an additional number of bits,
the additional number of bits being a number of bits equiva-
lent to a sum of a first difference and a second difference,

10 the first difference being a difference between a number of

bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve
word length for each of the lower frequency bands, and

the second difference is a difference between a number of
bits required to provide a reserve block floating coef-
ficient for each band and a number of bits required to
provide a reserve block floating coefficient for each of
the lower frequency bands.

97. The apparatus for compressing a digital audio input
signal of claim 93, wherein the adding means includes a
means for arranging the quantized spectral coefficients
sequentially in the block of data derived from the block of
spectral coefficients, beginning with the quantized spectral
coefficients in the lowest frequency band.

98. The apparatus for compressing a digital audio input
signal of claim 97, wherein,

the quantizing means is for quantizing the speciral coef-
ficients in each band with an adaptive number of bits
using an additional number of bits, the additional
number of bits being a number of bits equivalent fo a
sum of a first difference and a second difference,
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the first difference being a difference between a number of
bits required to provide a reserve word length for each
band and a number of bits required to provide a reserve

5
’ word length for each of the lower frequency bands, and

the second difference is a difference between a number of
bits required to provide a reserve block floating coef-
ficient for each band and a number of bits required to
provide no reserve block floating coefficients.

99, The apparatus for compressing a digital audio input
sisal of claim 97, wherein the reserve word lengths comprise
a reserve word length for each of a first number of the lower
frequency bands, and wherein the block of data derived from
15 the block of spectral coefficients comprise a reserve block
floating coefficient for each of a second number of lower
frequency bands, the second number of lower frequency
bands being less than the first number of lower frequency
bands.

100. The apparatus for compressing a digital audio input
signal of claim 99, wherein, the quantizing means is for
quanitizing the spectral coefficients in each band with an
adaptive number of bits using an additional number of bits,
the additional number of bits being a number of bits equiva-
lent to a sum of a first difference and a second difference,
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55
the first difference being a difference between a number of

bits require to provide a reserve word length for each
band and a number of bits required Lo provide a
reserve word length for each of the first number of
lower frequency bands, and

the second difference is a difference between a number of
bits required to provide a reserve block floating coef-
ficient for each band and a number of bits required to
provide a reserve block floating coefficient for each of

the second number of lower frequency bands.
101. The apparatus for compressing a digital audio input
signal of claim 93, wherein the block of data derived from
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the block of spectral coefficients additionally comprises a
reserve block floating coefficient for each of the lower
frequency bands.

102. The apparatus for compressing a digital audio input
signal of claim 101, wherein the quantizing means quantizes
the spectral coefficients in each band with an adaptive
number of bits using an additional number of bits, the
additional number of bits being a number of bits equivalent
to a difference between number of bits required to provide a
reserve block floating coefficient for each band and a
number of bits required to provide a reserve block floating
coefficient for each of the lower frequency bands.

103. An apparatus for compressing a digital audio input
signal to provide a recording signal, the apparatus com-
prising.

a means for dividing the input signal into frames com-

prising plural samples;

a means for transforming each frame of plural samples
into a block of spectral coefficients and for dividing the
block of spectral coefficients into plural bands, the
plural bands ncluding lower frequency bands, and a
lowest frequency band;

a means for generating block floating parameters;

a block floating means for applying block floating to the
spectral coefficients in each band in response to a block
floating parameter;

a quantizing means for quantizing the spectral coefficients
in each band with an adaptive number of bits to provide
quanitized spectral coefficients in response to a block
floating parameter, the quaniizing means allocating
zero bits to the spectral coefficients in bands higher in
frequency than a highest usable band;

a means for adding a block of data derived from the block
of spectral coefficients to the recording signal, the block
of data derived from the block of spectral coefficients
cCoOmprising:
the quantized spectral coefficients for each band up to

the highest usable band, there being a number of

bands up to the highest useable band,

block floating parameters for each band up to the
highest useable band, and

data indicating the number of bands up to the highest
usable band.

104. The apparatus for compressing a digital audio input
signal of claim 103, wherein the quaniizing means is for
quaniizing the spectral coefficients in each band with an
adapitive number of bits using an additional number of bits,
the additional number of bits being a number of bits equiva-
lent a difference between a number of bits required to
provide block floating parameters for each band and a
number of bits required to provide block floating parameters
for each band up to the highest useable band.

105. The apparatus for compressing a digital audio input
signal of claim 103, wherein

the block floating parameters include a word length and
a block floating coefficient,

the block floating means applies block floating in response
to the block floating coefficient,

the quantizing means quantizes the spectral coefficients in
response to the word length, and

the block floating parameters in block of data derived
from the block of spectral coefficients comprise:
a main word length for each band up to the highest
usable band,
a main block floating coefficient for each band up to the
highest useable band, and

40

a reserve word length for each of the lower frequency
bands.

1006. The apparatus for compressing a digital audio input

signal of clatm 105, wherein the block floating parameters

5 in block of data derived from the block of spectral coelfi-

citents further comprises of a reserve block floating coeljfi-
ctent for each of the lower frequency bands.

107. The apparatus for compressing aft digital audio
input signal of claim 105, wherein the adding means

10 includes a means for arranging the quantized spectral

coefficients sequentially in the block of data derived from the
spectral coefficients, beginning with the quantized spectral
coefficients in the lowest frequency band.

108. The apparatus of claim 107, wherein the reserve

15 word lengths comprise a reserve word length for each of a

first number of lower frequency bands and wherein the block
floating parameters in block of data derived from the block
of spectral coefficients further comprise a reserve block
floating coefficient for each of a second number of the lower

20 frequency bands, the second number of the lower frequency

bands being less than the first number of the lower frequency
bands.

109. An apparatus for decompressing a compressed digi-
tal signal, comprising:

25 an error detection circull for generating an error detec-
lion signal in response to both error correction codes
appended to the compressed digital signal and a detec-
lion of errors in the compressed digital signal, the
compressed digital signal including a block of data

30 derived from a block of spectral coefficients comprising
quantized spectral coefficients for each band up to a

highest usable band, there being a number of bands
up to the highest usable band,
block floating parameters for each band up to the

35 highest useable band, and

data indicating the number of bands up to the highest
useable band, where zero bits are allocated to the
spectral coefficients in bands hither in frequency
than the highest useable band,;

a block floating coefficient reading circuit for reading
from the compressed digital signal, in response to the
error detection signal, block floating coefficients of the
block floating parameters;

40

a word length reading circuit for reading from the com-
pressed digital signal, in response to the error detection
signal, word lengths of the block floating parameters;

45

a quantized spectral coefficient reading circuit for reading
from the compressed digital signal, in response to the
error detection signal and the word lengths, the quan-
lized spectral coefficients;

a spectral coefficient restoring circuit for generating
restored spectral coefficients in response to the block
floating coefficients, word lengths and the quantized

55 spectral coefficients; and

an inverse orthogonal transform circuit for transforming
the restored spectral coefficients into frames of samples
in the time domain.
110. The apparatus of claim 109, wherein the inverse
0 Orthogonal transform circuit comprises:

an inverse modified discrete cosine transformer:
111. The apparatus of claim 109, wherein the inverse
orthogonal transform circuit comprises:

a plurality of inverse orthogonal transform circuits, each

65 inverse transform circuit operative to transform

restored spectral coefficients in a separate one of a
plurality of frequency ranges.

50
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112. The apparatus of claim 109, further comprising:

a plurality of synthesizers for combining outputs of each
of the plurality of inverse orthogonal transform circuits
o generate an output signal.

113. The apparatus of claim 112, wherein the plurality of >

Synthesizers COmprises.

a plurality of inverse quadrature mirror filters.
114. A method for decompressing a compressed digital
signal, comprising the steps of:
generating an error detection signal in response to both
error correction codes appended to the compressed

digital signal and a detection of errors in the com-
pressed digital signal, the compressed digital signal

10

including a block of data derived from a block of .

spectral coefficients comprising

quantized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band,

block floating parameters for each band up to the
highest useable band, and

data indicating the number of bands up to the highest
useable band, where zero bits are allocated to the
spectral coefficients in bands higher in frequency
than the highest useable band,;

reading from the compressed digital signal, in response to

the error detection signal, block floating coejficients of

the block floating parameters;

reading from the compressed digital signal, in response to
the error detection signal, word lengths of the block
floating parameters;

reading from the compressed digital signal, in response to
the error detection signal and the word lengths, the
quantized spectral coefficients;

generating restored spectral coefficients in response to the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients inio frames
of samples in the time domain.
115. The method of claim 114, wherein the step of trans-
forming comprises the step of:

inverse orthogonally transforming.
116. The method of claim 114, wherein the step of trans-
forming comprises the steps of:

inverse orthogonal transforming restored spectral coeffi-
cients 1n a separate one of a plurality of frequency
ranges.
117. The method of claim 116, further comprising the
steps of:
combining each of the inverse orthogonally transformed
restored spectral coefficients to generate an oulput
signal.
118. The method of claim 117, wherein the step of com-
bining comprises the step of:
inverse quadrature mirror filtering.
119. An apparatus for decompressing a compressed digi-
tal signal, comprising.
an error detection circuil for generating an error detec-
tion signal in response to both error correction codes
appended to the compressed digital signal and a detec-
tion of errors in the compressed digital signal, the
compressed digital signal including a block of data
derived from a block of spectral coefficients comprising
quanitized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, and
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block floating parameters for each band up fo the
highest useable band;

a block floating coefficient reading circuit for reading
from the compressed digital signal, in response to the
error detection signal, block floating coefficients of the
block floating parameters;

a word length reading circuit for reading from the com-
pressed digital signal, in response to the error detection

signal, word lengths of the block floating parameters;

a quantized spectral coefficient reading circuit for reading
from the compressed digital signal, in response to the
error detection signal and the word lengths, the quan-
lized spectral coefficients;

a spectral coefficient restoring circuit for generating
restored spectral coefficients in response to the block
floating coefficients, word lengths and the quantized
spectral coefficients; and

an inverse orthogonal transform circulil for transforming
the restored spectral coefficients into frames of samples
in the time domain.
120. The apparatus of claim 119, wherein the inverse
orthogonal transform circuit comprises:

an tnverse modified discrete cosine transformer.
121. The apparatus of claim 119, wherein the inverse

orthogonal transform circuit comprises:

a plurality of inverse orthogonal transform circuits, each
inverse transform circuit operative to transform
restored spectral coefficients in a separate one of a
plurality of frequency ranges.

122, The apparatus of claim 119, further comprising:

a plurality of synthesizers for combining outputs of each
of the plurality of inverse orthogonal transform circuits
o generate an output signal.
123. The apparatus of claim 122, wherein the plurality of
synthesizers comprises.

a plurality of inverse quadrature mirror filters.
124. A method for decompressing a compressed digiial
signal, comprising the steps of:
generating an errvor detection signal in response to both
error correction codes appended to the compressed
digital signal and a detection of errors in the com-
pressed digital signal, the compressed digital signal
including a block of data derided from a block of
spectral coefficients comprising
quanitized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, and
block floating parameters for each band up to the
highest useable band;

reading from the compressed digital signal, in response to
the error detection signal, block floating coejfficients of
the block floating parameters;

reading from the compressed digital signal, in response to
the error detection signal, word lengths of the block
floating parameters;

reading from the compressed digital signal, in response to
the error detection signal and the word lengths, the
quantized spectral coefficients;

generating restored spectral coefficients in response to the
block floating coefficients, word lengths and the quan-
lized spectral coefficients, and

transforming the restored spectral coefficients into frames

of samples in the time domain.
125. The method of claim 124, wherein the step of
fransforming comprises the step of:
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inverse orthogonally transforming.

126. The method of claim 124, wherein the step of

transforming comprises the steps of:

inverse orthogonal transforming restored spectral coeffi-
cients in a separate one of a plurality of frequency
ranges.

127. The method of claim 126, further comprising the

steps of:

combining each of the inverse orthogonally transformed
restored spectral coefficients to generate an oulput
signal.

128. The method of claim 127, wherein the step of

combining comprises the step of.

inverse quadrature mirror filtering.

129. An apparatus for decompressing a compressed digi-

tal signal, comprising:
a block floating coefficient reading circuit for reading
from the compressed digital signal block floating coef-
ficients of block floating parameters, the compressed
digital signal including a block of data derived from a
block of spectral coefficients comprising
quaniized spectral coefficients for each band up to
highest usable band, there being a number of bands
up to the highest usable band,

the block floating parameters being for each band up to
the highest useable band, and

data indicating the number of bands up to the highest
useable band, where zero bits are allocated to the
spectral coefficients in bands higher in frequency
than the highest useable band,;

a word length reading circuit for reading from the com-
pressed digital signal, in response fo the error detection
signal, word lengths of the block floating parameters;

a quantized spectral coefficient reading circutt for reading
from the compressed digital signal, in response to the
error detection signal and the word lengths, the quan-
lized spectral coefficients;

a spectral coefficient restoring circuit for generating
restored spectral coefficients in response to the block
floating coefficients, word lengths and the quantized
spectral coefficients; and

an inverse orthogonal transform circuit for transforming
the restored spectral coefficients into frames of samples
in the time domain.
130. The apparatus of claim 129, wherein the inverse
orthogonal transform circuit comprises:

an inverse modified discrete cosine transformer
131. The apparatus of claim 129, wherein the inverse
orthogonal transform circuit comprises:

a plurality of inverse orthogonal transform circuits, each
inverse transform circuit operative to transform
restored spectral coefficients in a separate one of a
plurality of frequency ranges.

132. The apparatus of claim 129, further comprising:

a plurality of synthesizers for combining outputs of each
of the plurality of inverse orthogonal transform circuits
o generate an oulput signal.

133. The apparatus of claim 132, wherein the plurality of

synthesizers comprises.

a plurality of inverse quadrature mirror filters.

134. A method for decompressing a compressed digital
signal, comprising the steps of:

reading from the compressed digital signal block floating
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quantized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, the block floating
parameters being for each band up to the highest
useable band, and data indicating the number of
bands up to the highest useable band, where zero bits
are allocated to the spectral coefficients in bands
higher in frequency than the highest useable band,

reading from the compressed digital signal word lengths
of the block floating parameters;

reading from the compressed digital signal, in response to
the word lengths, the quaniized spectral coefficients;

generating restored spectral coefficients in response 1o the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames
of samples in the time domain.
135. The method of claim 134, wherein the step of

[ransforming comprises the step of:

inverse orthogonally transforming.
136. The method of claim 134, wherein the step of

fransforming comprises the steps of:

inverse orthogonal transforming restored spectral coefft-
cients in a separate one of a plurality of frequency
ranges.

137. The method of claim 136, further comprising the

steps of.

combining each of the inverse orthogonally transformed
restored spectral coefficients to generate an oulput
signal.

138. The method of claim 137, wherein the step of
combining comprises the step of:

inverse quadrature mirror filtering.

139. An apparatus for decompressing a compressed digi-

tal signal, comprising.
a block floating coefficient reading circuit for reading
from the compressed digital signal block floating coef-
ficients of block floating parameters, the compressed
digital signal including a block of data derived from a
block of spectral coefficients comprising
quantized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band,

the block floating parameters being for each band up to
the highest useable band;

word length reading circuit for reading from the com-
pressed digital signal, in response to the error detection
signal, word lengths of the block floating parameters;

a quantized spectral coefficient reading circuit for reading
from the compressed digital signal, in response to the
error detection signal and the word lengths, the quan-
lized spectral coefficients;

a spectral coefficient restoring circuit for generating
restored spectral coefficient in response to the block
floating coefficients, word lengths and the quantized
spectral coefficients; and

an inverse orthogonal transform circuit for transforming
the restored spectral coefficients into frames of samples
in the time domain.

140. The apparatus of claim 139, wherein the inverse
orthogonal transform circuit comprises:

an tnverse modified discrete cosine transformer.
141. The apparatus of claim 139, wherein the inverse

coefficients of the block floating parameters, the com- 65 orthogonal transform circuit comprises:

pressed digital signal including a block of data derived
from a block of spectral coefficients comprising

a plurality of inverse orthogonal transform circuits, each
inverse transform circuit operative to transform
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restored spectral coefficients in a separate one of a
plurality of frequency ranges.

142. The apparatus of claim 139, further comprising.:

a plurality of synthesizers for combining outputs of each
of the plurality of inverse orthogonal transform circuits 5
o generate an output signal.

143. The apparatus of claim 142, wherein the plurality of

synthesizers comprises.

a plurality of inverse quadrature mirror filters.
144. A method for decompressing a compressed digital
signal, comprising the steps of:
reading from the compressed digital signal block floating
coefficients of the block floating parameters, the com-
pressed digital signal including a block of data derived
from, a block of spectral coefficients comprising

quanitized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, the block floating
parameters being for each band up to the highest
useable band,

reading from the compressed digital signal word lengths
of the block floating parameters;

reading from the compressed digital signal, in response to
the word lengths, the quaniized spectral coefficients;

generating restored spectral coefficients in response (o the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames
of samples in the time domain.

145. The method of claim 144, wherein the step of
fransforming comprises the step of:

inverse orthogonally transforming.
146. The method of claim 144, wherein the step of

transforming comprises the steps of:

inverse orthogonal transforming restored spectral coefji-
cients in a separate one of a plurality of frequency
ranges.

147. The method of claim 140, further comprising the

steps of.

combining each of the inverse orthogonally transformed
restored spectral coefficients to generate an oulput
signal.

148. The method of claim 147, wherein the step of
combining comprises the step of:

inverse quadrature mirror filtering.

149. A program storage device readable by a machine,
tangibly embodying a program of instructions executable by
the machine to perform method steps for decompressing a
compressed digital signal, said method steps comprising:

generating an error detection signal in response to both

error correction codes appended to the compressed

digital signal and a detection of errors in the com-

pressed digital signal, the compressed digital signal

including a block of data derived from a block of

spectral coefficients comprising

quanitized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band,

block floating parameters for each band up to the
highest useable band, and

data ndicating the number of bands up to the highest
useable band, where zero bits are allocated to the
spectral coefficients in bands hither in frequency than
the highest useable band;

reading from the compressed digital signal, in response to 65
the error detection signal, block floating coefficients of
the block floating parameters;
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reading from the compressed digital signal, in response to
the error detection signal, word lengths of the block

floating parameters;

reading from the compressed digital signal, in response to
the error detection signal and the word lengths, the
quantized spectral coefficients;

generating restored spectral coefficients in response 1o the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames

of samples in the time domain.

150. A program storage device readable by a machine,
tangibly embodying a program of instructions executable by
the machine to perform method steps for decompressing a
compressed digital signal, said method steps comprising.:

generating an ervor detection signal in response to both

error correction codes appended to the compressed

digital signal and a detection of errors in the com-

pressed digital signal, the compressed digital signal

including a block of data derived from a block of

spectral coefficients comprising

quantized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, and

block floating parameters for each band up to the
highest useable band;

reading from the compressed digital signal, in response to
the error detection signal, block floating coefficients of
the block floating parameters;

reading from the compressed digital signal, in response to
the error detection signal, word lengths of the block

floating parameters;

reading from the compressed digital signal, in response to
the error detection signal and the word lengths, the
quantized spectral coefficients;

generating restored spectral coefficients in response 1o the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames

of samples in the time domain.

151. A program storage device readable by a machine
tangibly embodying a program of instructions executable by
the machine to perform method steps for decompressing a
compressed digital signal, said method steps comprising.:

reading from the compressed digital signal block floating
coefficients of the block floating parameters, the com-
pressed digital signal including a block of data derived
from a block of spectral coefficients comprising
quanitized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, the block floating
parameters being for each band up to the highest
useable band, and data indicating the number of
bands up to the highest useable band, where zero bits
are allocated to the spectral coefficients in bands
higher in frequency than the highest useable band;

reading from the compressed digital signal word lengths
of the block floating parameters;

reading from the compressed digital signal, in response to
the word lengths, the quantized spectral coefficients;

generating restored spectral coefficients in response 1o the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames
of samples in the time domain.
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152. A program storage device readable by a machine,
tangibly embodying a program of instructions executable by
the machine to perform method steps for decompressing a
compressed digital signal, said method steps comprising:

reading from the compressed digital signal block floating
coefficients of the block floating parameters, the com-
pressed digtial signal including a block of data derived
from a block of spectral coefficients comprising
quanitized spectral coefficients for each band up to a
highest usable band, there being a number of bands
up to the highest usable band, the block floating
parameters being for each band up to the highest
useable band,

10
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reading from the compressed digital signal word lengths
of the block floating parameters;

reading from the compressed digital signal, in response to
the word lengths, the quaniized spectral coefficients;

generating restored spectral coefficients in response 1o the
block floating coefficients, word lengths and the quan-
lized spectral coefficients; and

transforming the restored spectral coefficients into frames
of samples in the time domain.
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