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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 speci? 
cation; matter printed in italics indicates the additions 
made by reissue. 

FIELD OF THE INVENTION 

This invention relates to a method for processing audio 
signals by block ?oating and compression. 

BACKGROUND OF THE INVENTION 

As a high ef?ciency coding technique for compressing a 
digital audio signal, it is knoWn to divide digital audio input 
signal in time into plural frames of a predetermined samples, 
to transform each frame into spectral coefficients in the 
frequency domain, and to divide the block of spectral 
coef?cients resulting from transforming a frame into plural 
frequency bands. The spectral coef?cients in each band are 
processed by block ?oating and are quantized by adaptive 
bit allocation. 

Block ?oating is a normalization process applied to a 
block of data comprising plural Words, such as a band of 
spectral coef?cients. Block ?oating is applied by multiply 
ing each Word in the data block by a common value for the 
data block to improve quantization efficiency. In a typical 
block ?oating process, the maximum absolute value of the 
Words in the data block is found and is used as a block 
?oating coe?icient common to all the Words in the data 
block. Using the maximum absolute value in the band as the 
block ?oating coefficient prevents data over?oW because the 
absolute value of no other Word in the data block can be 
greater than the maximum absolute value. A simpli?ed form 
of block ?oating determines the block ?oating coef?cient 
using a shift quantity, Which provides block ?oating in 6 dB 
steps. 

The data compressor employing block ?oating generates, 
for each band, various block ?oating parameters BF that are 
transmitted or recorded on a recording medium together 
With the quantized spectral coefficients, or main information. 
The block ?oating parameters include a block ?oating 
coef?cient SF and a Word length WL, Which provides 
information concerning the adaptive bit allocation, indicat 
ing the difference betWeen the value of the block ?oating 
coef?cient SF and the alloWable noise level Which is 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 is a psychoacoustic phenomenon in Which a 
sound is rendered inaudible, or “masked,” by other sounds 
occurring simultaneously With, or slightly earlier than, or 
later than, the sound. Masking effects may be classed into 
time domain masking effects, that is, masking by sounds 
occurring earlier or later than the masked sound, and con 
current masking effects, Which is masking is by 
simultaneously-occurring sounds having a frequency differ 
ent from the frequency of the masked sound. 

Masking enables a sound to render inaudible any noise 
Within its time or frequency masking range. This means that 
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2 
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 is alloWable in 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 if 
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 signi?cantly reduced. 
A critical band is a frequency band that takes advantage 

of the masking characteristics of the human sense of hearing. 
A critical band is the band of noise that can be masked by 
a pure sound that has the same intensity as the noise and has 
a frequency in 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 is destroyed or lost betWeen the 
output of the data compressor and the input of a comple 
mentary data expander, it is possible to reduce the audible 
effects of the missing data in the data expander by reducing 
the signal component in the frequency band corresponding 
to the missing data to zero. 

HoWever, since the block ?oating parameters BF is 
related to the spectral coef?cients in each band, the effect on 
sound quality of losing a block ?oating parameter BF is 
more noticeable than loss of the main information (i.e., the 
quantized spectrum signals). 

To mitigate the effects of possibly losing a block ?oating 
parameter BF, it is knoWn to include the block ?oating 
parameters BF in 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 
?oating parameters in case a block ?oating parameter is lost 
or erroneous. 

In the folloWing description, reference Will be made to 
lost data, such as block ?oating parameters and quantized 
spectral coef?cients on the understanding that this term also 
covers erroneous or corrupted data, such as block ?oating 
parameters and quantized spectral coef?cients. 
As shoWn in FIG. 15, the quantized spectral coef?cients 

(main information) are recorded together With the block 
?oating coef?cients SF and Word length WL as the above 
mentioned block ?oating parameters BF, and are recorded as 
the block ?oating coef?cients SF1 and the Word lengths 
WLl, respectively, and are recorded a second time as the 
block ?oating coefficients SP2 and the Word lengths WL2, 
respectively. 
With the above method, since all the block ?oating 

parameters BF need to be recorded tWice to deal With normal 
occurrences of data loss, the number of bits allocated to the 
main information must be reduced to accommodate the 
additional block ?oating 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 
?oating parameters BF recorded per frame of the input 
signal is usually ?xed. FIG. 16 shoWs hoW the data corre 
sponding to each frame of the input signal is arranged in the 
recording signal produced by a conventional data compres 
sor. In the example shoWn, the values of the block ?oating 
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 coef?cients in 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 is subject to complementary expansion, and is repro 
duced. This is especially so in systems having a high 
compression ratio or a loW bit rate. 

The system shoWn in FIG. 17 is also knoWn. In this, no 
block ?oating coef?cients SF are recorded for those bands to 
Which no bits are actually allocated, i.e., for bands having a 
Word length WL=0. Correspondingly more bits are available 
for allocation to coding the spectral coef?cients. In the 
example of FIG. 17, the number of recorded block ?oating 
coef?cients SF is reduced by four, Which is the number of 
bands to Which no bits are allocated. In the arrangement 
shoWn in FIG. 17, it is still necessary to record the Word 
length WL for all bands, and to determine Whether the Word 
length WL of each band is not Zero When reading the block 
?oating coef?cients SF in the expander. 

It is also necessary for the data compressor to calculate the 
number of bits necessary for quantiZing the spectral coef? 
cients in each band by a process that determines masking. 
The number of bits thus calculated is compared With the total 
number of bits allocated to the frame, after Which, the bit 
allocation to each band may be adjusted. HoWever, if the 
change in bit allocation changes Whether the block ?oating 
coef?cient SF of a block is recorded or not, the total number 
of bits that is allocated to the main information is also 
changed, Which complicates the process of adjusting the bit 
allocation. 

OBJECTS AND SUMMARY OF THE 
INVENTION 

In vieW of the above-described state of the art, it is an 
object of the present invention to provide a method for 
processing an audio signal in Which more bits can be 
allocated to quantized spectral coefficients and Which is 
resistant to data loss. 

In vieW of the above-described state of the art, it is another 
object of the present invention to provide a method for 
processing an audio signal Wherein the bit allocation may be 
easily adjusted and Wherein the sound quality is 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 input signal is divided into frames comprising 
plural samples. Each frame of plural samples is transformed 
into a block of spectral coef?cients. The block of spectral 
coef?cients is divided into plural bands that include loWer 
frequency bands, and a loWest frequency band. Block ?oat 
ing is applied to the spectral coef?cients in each band and a 
block ?oating coefficient is generated for each band. The 
spectral coef?cients in each band are quantiZed With an 
adaptive number of bits to provide quantiZed spectral coef 
?cients in each band, and a Word length is generated for each 
band. Finally, a block of data derived from the block of 
spectral coef?cients is added to the recording signal. The 
block of data derived from the block of spectral coefficients 
consists of the quantiZed spectral coef?cients, a main Word 
length for each band, a main block ?oating coef?cient for 
each band, and a reserve Word length at least for each of the 
loWer frequency bands. 

In a ?rst variation, there is a reserve Word length for each 
band in the block of data derived from the block of spectral 
coef?cients. 

In a second variation, the block of data derived from the 
spectral coef?cients that is added to the output signal addi 
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4 
tionally consists of a reserve block ?oating coef?cient for 
each of the loWer frequency bands. 

In a third variation, the method additionally comprises 
arranging the quantiZed spectral coef?cients sequentially in 
the block of data derived from the block of spectral 
coef?cients, beginning With the quantiZed spectral coef? 
cients in the loWest frequency band. 
With the arrangement just described, When the block of 

data derived from the spectral coefficients is added to the 
recording signal, the block of data derived from the block of 
spectral coef?cients consists of the quantiZed spectral 
coef?cients, a main Word length for each band, a main block 
?oating coef?cient for each band, a reserve Word length for 
each of a ?rst number of the loWer frequency bands, and a 
reserve block ?oating coefficient for each of a second 
number of loWer frequency bands. The second number of 
loWer frequency bands is less than the ?rst number of loWer 
frequency bands. 
With the method for processing audio signals according to 

the present invention, the block ?oating coef?cients for 
higher frequency bands, Which are less critical to the human 
sense of hearing, are not included in the recording signal 
tWice, Which increases the number of bits available for 
quantiZing the spectral coefficients. 

Also, only the Word lengths for loWer frequency bands are 
recorded tWice, so that bits that otherWise Would be allocated 
to the ?oating coef?cients may be allocated to quantiZing the 
spectral coef?cients. Further, by arranging the quantiZed 
spectral coef?cients in the recording signal beginning With 
loWer frequency spectral coefficients, the sound quality 
impairment resulting from the loss of higher frequency 
spectral coef?cients is reduced because of masking by the 
loWer frequency spectral coefficients. 

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 input signal is divided into 
frames comprising plural samples. Each frame of plural 
samples is transformed into a block of spectral coef?cients. 
The block of spectral coef?cients is divided into plural 
bands. The plural bands include a loWest frequency band, 
and a highest frequency band. Block ?oating parameters are 
generated. Block ?oating is applied to the spectral coef? 
cients in each band in response to a block ?oating parameter. 
The spectral coef?cients in each band are quantiZed With an 
adaptive number of bits to provide quantiZed spectral coef 
?cients in response to a block ?oating parameter. Zero bits 
are allocated to the spectral coef?cients in bands higher in 
frequency than a highest usable band. A block of data 
derived from the block of spectral coef?cients is added to the 
recording signal. The block of data derived from the block 
of spectral coef?cients consists of the quantiZed spectral 
coef?cients for each band up to the highest usable band, 
block ?oating parameters for each band up to the highest 
useable band, and data indicating the number of bands up to 
the highest usable band. 

If the higher frequency spectral coef?cients are not 
included in the recording signal because these signals make 
no perceptible contribution to the reproduced audio signal, 
the block ?oating parameters for the high frequency bands 
of the frame, i.e., the block ?oating coef?cient and the Word 
length, are not included in the recording signal. The bits thus 
saved are allocated to the main information at loWer 
frequencies, Which is crucial to the human sense of hearing. 
When block ?oating parameters are omitted from the 

recording signal, data is included in the recording signal 
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indicating the number of block ?oating parameters in the 
recording signal. The number of block ?oating parameters 
corresponds to the number of bands up to the highest useable 
band. 

According to the audio data compression method of the 
present invention, the block parameters for each band are 
included in the recording signal in each frame for those 
bands that need such parameters, i.e., for the bands up to the 
maximum useable band. Block ?oating parameters for the 
bands for Which the block ?oating parameters are 
unnecessary, i.e., 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 coef?cients in the main information. 

The invention also encompasses an apparatus to Which the 
methods of the invention are applied. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a diagrammatic vieW for illustrating the record 
ing signal produced by the method according to a ?rst aspect 
of the present invention. 

FIG. 2 is a diagrammatic vieW for illustrating the record 
ing signal produced by the method according to second and 
third aspects of the present invention. 

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

FIG. 4 is a block circuit diagram shoWing a practical 
arrangement of the orthogonal transform circuit of the data 
compressor. 

FIG. 5 is a block circuit diagram shoWing an arrangement 
of a complementary data expander. 

FIG. 6 is a block circuit diagram shoWing a practical 
arrangement of the orthogonal transform circuit of the 
expander. 

FIG. 7 is a ?oW chart for illustrating the block ?oating 
coef?cient reading sequence in the block ?oating coef?cient 
reading circuit in an expander according to the ?rst to sixth 
aspects of the invention. 

FIG. 8 is a ?oW chart for illustrating the Word length 
reading sequence in the Word length reading circuit in an 
expander according to the ?rst aspect of the invention. 

FIG. 9 is a ?oW chart for illustrating the Word length 
reading sequence in the Word length reading circuit in an 
expander according to the second and sixth aspects of the 
invention. 

FIG. 10 is a ?oW chart for illustrating the quantiZed 
spectral coef?cient reading sequence in the quantiZed spec 
tral coefficient reading circuit in an expander according to 
the ?rst through sixth aspects of the invention. 

FIG. 11 is a diagrammatic vieW for illustrating data 
recording according to a ?fth aspect of the present invention, 
in Which higher frequency spectral coef?cients are not 
recorded. 

FIG. 12 is a diagrammatic vieW for illustrating data 
recording according to a sixth aspect of the present 
invention, in Which higher frequency spectral coefficients 
are recorded. 

FIG. 13 is a ?oW chart for illustrating the processing by 
the data compressor. 

FIG. 14 is a ?oW chart for illustrating the processing by 
the data expander. 

FIG. 15 is a diagrammatic vieW for illustrating the record 
ing signal produced by a conventional data compressor. 
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6 
FIG. 16 is a diagrammatic vieW for illustrating the record 

ing signal produced by a conventional system in Which the 
number of block ?oating parameters is constant. 

FIG. 17 is a diagrammatic vieW for illustrating the record 
ing signal produced by a conventional system in Which the 
number of block ?oating coef?cients is variable. 

DETAILED DESCRIPTION OF THE 
INVENTION 

The preferred embodiments of the present invention Will 
noW be described in detail With reference to the draWings. 

In a ?rst aspect, the present invention provides a method 
for compressing a digital audio input signal comprising 
transforming a frame of the input audio signal TS in the time 
domain into plural spectral coef?cients SP in the frequency 
domain. The spectral coef?cients are divided into plural 
frequency bands, block ?oating is applied to each band, and 
the spectral coef?cients in each band are quantiZed by 
adaptive bit allocation. The quantiZed spectral coefficients 
QSP, the block ?oating coef?cient SF1, and the Word length 
WL1, for all the bands are recorded once. In addition, the 
block ?oating coef?cients 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 input 
signal is recorded. The main information shoWn in FIG. 1 is 
all the quantiZed spectral coef?cients in the block. 
Of the block ?oating parameters BF, the Word lengths 

WL1 and WL2 for all the bands in the block are recorded 
tWice, the block ?oating coef?cients SF1 for all the bands in 
the block are recorded once, and the block ?oating coef? 
cients SF2 for only the loWer frequency bands in the block 
are recorded a second time. 

The advantage of recording the block ?oating coef?cients 
SF2 for only the loWer frequency bands a second time Will 
noW be explained. Of the block ?oating parameters BF, the 
Word length WL represents the difference betWeen the block 
?oating coef?cient SF and the alloWable noise level deter 
mined for each band, taking account of masking. The Word 
length indicates information concerning adaptive bit alloca 
tion for quantiZing the spectral coef?cients SP, i.e., the 
number of bits used to quantiZe the spectral coef?cients in 
the recorded signal. As a result, if only one of the Word 
lengths WL for the block is lost, none of the quantiZed 
spectral coef?cients in the block folloWing the quantiZed 
spectral coef?cients QSP corresponding to the lost Word 
length WL can be read. On the other hand, if one of the block 
?oating coef?cients SF for a band of spectral coef?cients is 
lost, only the spectral coef?cients SP in the band correspond 
ing to the erroneous or lost block ?oating coef?cient SF 
cannot be restored. Consequently, the impairment of sound 
quality resulting from a lost block ?oating coef?cient is less 
than that resulting from the loss of a Word length. 

Further, as far as a human listener is concerned, loWer 
frequency audio signals represented by the loWer frequency 
spectral coef?cients SP, effectively mask higher frequency 
signals represented by higher frequency spectral coefficients 
SP. Consequently, the loss of higher frequency spectral 
coef?cients SP has a minimal effect on sound quality. 

Because of this, in the audio signal processing method 
according to the ?rst 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 ?oating parameters BF, the block ?oating coef?cients 
of only the loWer frequency bands are recorded tWice. An 
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overall improvement of sound quality can be achieved if the 
bits thus saved are allocated for quantiZing the spectral 
coef?cients more accurately. 

In the audio signal processing method according to the 
second aspect of the present invention, the quantized spec 
tral coef?cients QSP, are sequentially recorded beginning 
With the quantized spectral coef?cients in the loWest fre 
quency band, as shoWn by the arroWs in FIG. 2. Of the block 
?oating parameters BF, the Word length WL1 and block 
?oating coef?cient 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 ?oating 
coef?cients are not recorded a second time. Only the block 
?oating coef?cient SF1 is recorded. 

The third aspect of the present invention is a variation on 
the second aspect. In the third aspect, the block ?oating 
coef?cients SF2 for the loWer frequency bands are recorded 
a second time, as shoWn in FIG. 2. In addition, the number 
of bands for Which the Word length WL is recorded tWice is 
set to be larger than the number of bands for Which the block 
?oating coef?cient SF is recorded tWice. 

The advantages of the methods according to the second 
and third aspects of the invention Will noW be explained. As 
in the ?rst aspect, as far as a human listener is concerned, 
loWer frequency audio signals represented by the loWer 
frequency spectral coef?cients SP, effectively mask higher 
frequency signals represented by higher frequency spectral 
coef?cients SP. Consequently if higher frequency spectral 
coef?cients SP are lost, the impairment of sound quality is 
small. 

Of the block ?oating parameters BF, the Word length WL 
represents the difference between the block ?oating coef? 
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 coef?cients SP, i.e., the number of bits used 
to quantiZe the spectral coef?cients in the recorded signal. 
As a result, if only one of the Word lengths WL for the block 
is lost, none of the quantiZed spectral coefficients in the 
recorded signal folloWing the spectral coef?cients SP cor 
responding to the lost Word length WL can be read. 
However, if the quantiZed spectral coefficients QSP are 
recorded sequentially, beginning With the loWest frequency 
band, as in the second aspect of the invention, the quantiZed 
spectral coef?cients 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 coef?cients mask the defects in the expanded signal 
resulting from the unexpanded higher frequency spectral 
coef?cients. 

If a block ?oating coef?cient SF is destroyed, only the 
spectral coef?cients in the band corresponding to the lost 
block ?oating coef?cient [canznot] cannot be restored, so 
that impairment of sound quality is less than if the Word 
length WL of the band is destroyed. 

It is seen from above that, in the second embodiment, in 
Which the quantiZed spectral coef?cients QSP are sequen 
tially recorded, beginning With the loWest frequency band, 
With regard to the block ?oating parameters BF, only the 
Word lengths WL for the loWer frequency bands are recorded 
a second time, and the block ?oating coefficients SF are 
recorded only once. This minimiZes the impairment of sound 
quality caused by the loss of higher frequency spectral 
coef?cients. On the other hand, sound quality is improved by 
allocating the bits saved by not recording the block ?oating 
coef?cients SF a second time for quantiZing the spectral 
coef?cients SP. 
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In the third aspect, the block ?oating coefficient SF is also 

recorded tWice, and the number of bands for Which the Word 
length WL is recorded tWice is set to be larger than the 
number of bands for Which the block ?oating coef?cient SF 
is recorded tWice. As a result, if a block ?oating coef?cient 
SF is lost, only the spectral coef?cients in the band corre 
sponding to lost block ?oating coefficient SF cannot be 
restored. Consequently, the sound quality is impaired less 
than When the Word length WL for the block is 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 in the above-mentioned audio signal 
processing system. In the data compressor shoWn in FIG. 3, 
a digital audio input signal in the time domain TS is supplied 
to the input terminal 1, and is divided into frames consisting 
of plural samples. Each frame is transformed into a block of 
spectral coef?cients in the frequency domain. The block of 
spectral coef?cients is divided into plural bands, preferably 
into 25 critical bands, and the spectral coefficients in each 
band are processed With block ?oating and are quantiZed 
With an adaptive number of bits. The resulting quantiZed 
spectral coef?cients QSP, are recorded, and the block ?oat 
ing coef?cient SF and the Word length WL for each band are 
recorded as block ?oating parameters BF, at least some of 
them tWice. 

In the arrangement shoWn in FIG. 3, a digital audio input 
signal in the time domain is divided by a band-dividing ?lter 
into plural frequency ranges, and the resulting frequency 
range signals are transformed into spectral coef?cients in the 
frequency domain by modi?ed discrete cosine transform 
(MDCT). The resulting spectral coefficients are compressed 
by adaptive bit allocation. 

The input signal TS is transformed into spectral coef? 
cients SP by the orthogonal transform circuit 11, Which 
preferably uses an MDCT. The orthogonal transform circuit 
11 divides the input signal TS into 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 is divided into 
three frequency ranges. The frames of the frequency range 
signals may be differently subdivided into time-domain 
blocks having a different block length in each frequency 
range. 
The spectral coef?cients 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 coefficients 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 ?oat 
ing to normaliZe the spectral coef?cients SP in each band and 
then quantiZes the resulting normaliZed signal With adaptive 
numbers of bits, taking account of masking. 
The block ?oating coefficients SF used by the quantiZa 

tion circuit 15 to perform block ?oating are supplied from a 
block ?oating coefficient calculating circuit 13. The block 
?oating coefficient calculating circuit 13 receives each block 
of spectral coef?cients SP resulting from the transform of 
each frame of the frequency range signal, and provides a 
block ?oating coefficient for each band. 

Each block of spectral coef?cients SP is also supplied to 
the alloWable noise level calculating circuit 17 for deter 










































