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TITLE OF THE INVENTION 

Digital Signal Processing Method and Apparatus, Digital Signal 

Decoding method and Apparatus, Digital Signal Transmission method 

and Recording Medium 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 

~ This invention relates to a method and apparatus for 

processing digital signals over a wide frequency range, such as 

digital audio signals, a method for transmitting digital signals, 

and . a recording medium. More particularly, it relates to a 

method and apparatus for processing digital si_gnals. a method for 

transmitting digital signals, and a recording medium, in which 

the frequency spectrum is divided into plural bands for a lower 

range one of which and for a higher range one of which straight 

PCM and high-efficiency.encoding are applied, respectively. 

2. Description of Related Art 

Recently, recording/reproduction of digital audio signals 

is employed extensively. In particular, standards for a compact 

disc (CD) or a digital audio tape recorder (DAT) have become. 

widespread as typical standards for recording/reproduction of 

digital audio signals. 

As for these standards for digital audio signals, since the 

sampling frequency for the compact disc is prescribed at 44.1 

kHz, the maximum reproducing fr~quency is 22.05 kHz. On the 

other hand, since the sampling frequency for a digital audio tape 
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recorder (DAT) is prescribed at 32 kHz, 44.1 kHz and 48 kHz, the 

maximum reproducing frequency is 16 kHz, 22.05 kHz and 24 kHz, 

respectively. 

Meanwhile, in the case of a sound source of folk music, such 

as gamran or yodel voice, there are contained significant amounts 

of frequency components exceeding the above-mentioned maximum 

repr._oducing frequency. Thus the above-mentioned sampling 

frequency of 44.1 kHz or 48 kHz is no longer sufficient insofar 

as the above-given folk music is concerned. 

On the other hand, a digital/analog (D/ A) converter has 

recently been improved in precision and has become able to handle:, 

signals of weaker strength. Thus the dynamic range on the order 

of 98 dB, obtained with the number of quantization bits for the 

CD, has become no longer sufficient. 

For combatting this problem, it may be contemplated to 

record signals improved in sound quality by increasing the 

sampling frequency or the number of quantization bits, that is 

the signals of broader bands or broader dynamic ranges, on a disc 

(recording medium) having the same size as the conventional CD. 

From the technical viewpoint, the signals improved in sound 

quality by increasing the sampling frequency or the number of 

quantization bits can be recorded on the disc (recording medium) 

of the conventional size (recording capacity) by reducing the 

track pitch of the disc or the laser light wavelength of the 

optical pickup. However, if the device configuration is modified 
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for increasing the recording capacity, it becomes impossible to 

maintain. interchangeability with the conventional recording 

media, while confusion is produced in the software market. 

For recording/reproducing the sound having the sampling 

frequency exceeding the maximum reproducing frequency without 

modifying the device or formats of the standards for conventional 

digital audio signals, that is without impairing compatibility 

with the conventional standards, it may be contemplated to 

provide such a signal processing method, recording/reproducing 

device or a recording medium in which the reproducing band for 

the CD is encoded with straight PCM and higher bands are encoded 

using high efficiency encoding, thereby recording the signals n. 

the usual recording frequency range for the compact disc. With 

such method or device, the usual PCM word is divided, for 

recording the signals in the usual recording range for the 

compact disc, so that the usual reproducing range is encoded with 

straight PCM and higher bands are encoded using high efficiency 

encoding. The encoded signals are recorded on the compact disc. 

In this case, the PCM word employed for the conventional 

reproducing range becomes naturally shorter in length than the 

conventional PCM word, so that the quantization noise is 

produced, thereby deteriorating the sound quality. 

In addition, when the usual reproducing range and the higher 

• range are encoded with straight PCM and with high-efficiency 

coding, respectively, and the encoded signals are recorded on the 
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compact disc, there is raised a problem as to how the usual PCM 

word is to be divided. That is, if the frequency spectrum of the 

dig~tal audio signals is divided as described above, some bands 

have allowance in recording capacity, while others do not, in 

dependence upon signals, such that, in the bands devoid of 

allowance in recording capacity, th~ quantization noise becomes. 

outs~anding because the number of quantization bits or the sub­

word length is diminished for compensating for scarcity in the 

recording capacity. 

OBJECT AND SUMMARY OF THE INVENTION 

It is therefore an object of the recording capacity to 

provide a digital signal processing method and apparatus, a 

digital signal decoding method and apparatus and a recording 

medium whereby generation of the quantization noise may be 

suppressed in a band configured for recording straight PCM data. 

It is a specific object of the present invention to provide 

a signal processing method and apparatus in which a usual 

straight PCM word is divided and the conventional band is 

recorded with straight PCM data with a shorter word length for 

reducing the resulting quantization noise. The signal processing 

method and apparatus herein contemplated are such method and 

apparatus in which the frequency spectrum of digital signals, 

such as broad band audio PCM signals, is divided into at least 

two sub-bands, using a band-splitting filter, such as QMF, or a 

low-pass filter (LPF), signals of at least one sub-band from the 
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lower range side are encoded with straight PCM, signals of at 

least one sub-band from the high range side are encoded with high 

efficiency encoding, such as entropy coding or non-linear 

quantization and in which_t~e usual straight PCM word is divided 

so that the usual band is recorded by a shorter word length by 

the straight PCM, for reducing the quantization noise. 

-. It is yet another object of the present invention to provide 

a digital signal processing method and apparatus and a recording 

medium capable of prohibiting the quantization noise from being 

locally apparent. 

In one aspect, the present invention provides a digital 

signal processing method for processing a signal obtained on 

splitting the entire frequency band of an input digital signal 

into a plurality of sub-bands, including the steps of dividing 

the entire frequency band of the input digital signal into a 

plurality of sub-bands, and.allocating sign.als of each sub-band 

to a plurality of sub-words divided from a word of the input 

digital signal. In the allocating step, the information for 

reducing the noise in at least one of the sub-bands is allocated 

to the sub-word different from the sub-word to which is allocated 

the signal of the sub-band whose noise is to be reduced. The 

recording medium according to the present invention is such a 

recording medium on which the signals have been recorded as 

described above. 

As the information for reducing the quantization noise, a 



---------· ---

6 
difference signal between straight PCM signals having the usual 

word length and the straight PCM signals with reduced word length 

may be employed. If a sub-word is allocated to this signal and 

recorded, the sound qua! i ty may be prohibited from becoming. 

deteriorated due to the quantization noise. However, if the 

difference signal is recorded as such, the information volume is 

not~changed from that in case the recording is done with the 

usual word length, so that signals in excess of the usual band 

cannot be recorded. Thus a region for recording signals in 

excess of the usual frequency range is maintained by taking. out 

only signal components thought to produce sound quality 

deterioration by exploiting psychoacoustic characteristics of the 

human hearing mechanism. These signal components are recorded 

by being allocated to a sub-word distinct from the signal in 

excess of the usual reproducing range or by being combined with 

the signal in excess of the usual reproducing range. The signal 

components producing signal quality deterioration cannot be 

recorded within the usual recording capacity if in the form of 

straight PCM. Thus the signal components are recorded after 

compressing the information volume by e.g., high-efficiency 

encoding. 

The above-described technique enables the noise of the band 

recorded by straight PCM to be perceptually reduced to realize 

the sound quality equivalent to that of the original PCM word. 

In another aspect, the present invention provides a digital 
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signal processing method for processing a signal obtained on 

splitting the entire frequency band of an input digital signal 

into a plurality of sub-bands, including the steps of forming a 

unit every plural words of the input digital signal, splitting 

the entire frequency of a signal from the unit forming step into 

a plurality of sub-bands from one unit to another, and allocating 

sign.als of at least one sub-band of each unit from the band 

splitting means to sub-words of plural uni ts, or allocating 

signals of at least one sub-band in each of plural units to one 

sub-word. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Fig.lA is a schematic block diagram showthg an arrangement 

of an encoder (recording side) embodying the present invention. 

Fig.lB is a schematic block diagram showing an arrangement 

of a decoder (reproducing side) embodying the present invention. 

Fig.2A is a diagramma.tic view for illustrating division of 

the resolution and the reproducing frequency range of the input 

signal into three or two sub-bands. 

Fig.2B is a diagrammatic view for illustrating division of 

the resolution and the reproducing frequency range of the input 

signal into three sub-bands. 

Fig.2C is a diagrammatic view for illustrating division of 

the resolution and the reproducing frequency range of the input 

signal into two sub-bands. 

Fig.3A is a diagrammatic view showing the constitution of 
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a block in a CD data format. 

Fig.3B is a diagrammatic view showing the constitution of 

a frame in a CD data format. 

Fig.3C is a diagrammatic view showing the constitution of 

a sub-code in a CD data format. 

Fig. 4 is a block view showing an embodiment of a reproducing 

band splitting portion of the encoder (recording side) in case 

of sp.litting the entire frequency into three sub-bands. 

Fig.5 is a block diagram showing an embodiment of a masking 

threshold value calculating circuit. 

Fig. 6 is a graph shoeing the Bark spectrum for each critical 

band. 

Fig. 7 is a graph showing a minimum audi bi 1 i ty curve obtained 

on synthesis and a masking spectrum. 

Fig.8 is a block view showing an embodiment of a 

reproducing band splitting portion of the encoder (recording 

side) in case of splitting the entiie frequency into three sub­

bands. 

Fig.9A illustrates 'band splitting by a poly-phase filter 

bank. 

Fig.9B illustrates band splitting by a poly-phase QMF. 

Fig.10 is a block diagram showing an embodiment of a 

reproducing band splitting portion of the encoder (recording 

side) in case of splitting the entire frequency into three sub­

bands. 
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Fig.llA illustrates the relation of allocation of sub-words 

and three sub-bands obtained on dividing a word of digital 

signals. 

Fig.llB illustrates the relation of allocation of sub-words 

and two sub-bands obtained on di vi ding a word of digital signals. 

Fig.12 is a block diagram showing a schematic arrangement 

of &ub-band encoding port ion of the encoder (recording side) 

shown in Fig.lA. 

Fig .13A shows a typical input signal and its frequency 

spectrum. 

Fig.13B shows another typical input signal and its frequency 

spectrum. 

Fig.14 is a graph illustrating typical block floating. 

Fig.15 illustrates a typical constitution of an encoding 

table for entropy coding. 

Fig.16 is a block diagram showing an embodiment of a sub­

band decoding portion of a decoder (reproducing side). 

Fig.17 is a . block view showing an embodiment of a 

reproducing copnection portion of a decoder (reproducing side) 

in case of splitting the entire frequency spectrum into three 

sub-bands. 

Fig.18 is a block view showing another embodiment of a 

reproducing connection portion of a decoder (reproducing side) 

in case of splitting the entire frequency spectrum into three 

sub-bands. 
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Fig.19 is a block view showing an embodiment of a 

reproducing connection portion of a decoder (reproducing side) 

in case of splitting the entire frequency spectrum into two sub­

bands. 

Fig. 20 illustrates schematics of an embodiment (system) 

embodying the present invention . 

. ,. Fig. 21 illustrates an embodiment of scalability of a 

reproducing band in a disc reproducing system. 

Fig.22 illustrates an embodiment of scalability of a 

reproducing band in a broadcasting (transmission system). 

Fig. 23A is a graph showing an example of bit allocation 

between temporally different units in case bit allocation in a 

recording method in which the entire frequency spectrum is 

divided into plural sub-bands. 

Fig. 23C is a graph showing st i 11 another example of bit 

allocation between temporally different units in case bit 

allocation in a recording method in which the entire frequency 

spectrum is divided into plural sub~bands. 

Fig.24 is a block diagram showing another embodiment of an 

encoder (recording side) in case of splitting the entire 

frequency spectrum into two sub-bands. 

Fig.25A illustrates an illustrative example of word 

splitting in a time waveform and in the frequency spectrum. 

Fig.25B illustrates an illustrative example of word 

splitting in a time waveform and in the frequency spectrum. 

() 
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Fig.26A illustrates how the waveform data is divided during 

recording between the MSB side and the LSB side in one word of 

digit.al signals. 

Fig.26B illustrates how the recorded data is decoded during 

decoding as it is separated towards the low range and high range 

sides. 

"· Fig.27 is a block diagram showing still another embodiment 

of an encoder (recording side} in case of splitting the entire 

frequency spectrum into tow sub-bands. 

Fig.28 is a block diagram for illustrating the method for 

finding the number of allocated bits in a given unit from the 

number of bits required for a sub-band. 

Fig.29 is a block diagram showing a typical constitution of 

an encoder (recording side) employing the method of word division 

along time axis shown in Fig.24. 

Fig.30 is a block diagram showing a typical constitution of 

a decoder (reproducing side) employing the method of word 

division along time axis shown in Fig.24. 

Fig.31 is a block diagram showing a typical constitution of 

an encoder ( rec.ording side) employing the method of word di vision 

along frequency axis shown in Fig.27. 

Fig.31 is a block diagram showing a typical constitution of 

a decoder (reproducing side) employing the method of word 

division along frequency axis shown in Fig.27. 

DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS 
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Referring to the drawings, preferred embodiments of the 

presen~ invention will be explained in detail. 

Figs. lA and lB i 11 ustrate a schematic constitution of a 

digital signal recording/reproducing system embodying the present 

invention. That is, Fig. lA and Fig. lB illustrate an encoder 

(recording side) and a decoder (reproducing side), respectively. 

~To an input terminal of the encoder (r~cording side) shown 

in Fig.IA, digital signals, such as audio or acoustic signals, 

are entered. In the compact disc(CD), the sampling frequency is 

44.1 kHz, with the reproducing frequency range being 22.05 kHz, 

while the number of quantization bits is 16. The 

recording/reproducing device embodying the present invention 

manages signals having the sampling frequency of 88.2 kHz, with 

the reproducing frequency band being 44 .1 kHz, and with the 

number of quantization bits of 22. Since the signals have the 

volume of the information larger than that of the signals of the 

conventional CD, it is impossible to directly record straight PCM 

data. Thus, in accordance with the present invention, the input 

signal is divided into several regions or sub-bands for deriving 

managed signals, as shown for example in Fig.2A. 

Referring to Fig. 2A, the entire frequency range or the 

reproducing frequency range of the input signal or the managed 

signal is divided so that a reg ion SA contains a signal 

component having the frequency range of 0 to 22.05 kHz and the 

number of quantization bits of 14, a region s8 contains signal 
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component having the frequency range of 0 to 22. 05 kHz, . the 

number of quantization bits equal to a difference between 22 and 

the number for the region SA, and a region Sc contains a signal 

component having the frequency range of 22.05 kHz to 44.1 kHz and 

the number of quantization bits of 22. In dividing the entire 

frequency range· int bands AA and SB, the number of quantization 

bit{; for the band SA may be set to e.g., 12 or 13, while the 

number of quantization bits for the band s8 may be set so as to 

be equal to a difference between 22 and the number for the region 

As for the three regions SA, SB and Sc, each of these regions 

may be a sub-region to which is allocated each sub-word derived 

by dividing 16 bi ts into three portions, as shown in Fig. 2B. 

Alternatively, the r'egions s8 and Sc may be combined into one 

region and the region Sc is left to provide two regions to which 

are allocated two sub-words derived by dividing 16 bits into two 

portions, as shown in Fig.3C. 

In a compact disc (CD) format, each block is made up of 

frames FO to F97, totalling 98 frames, as shown in Fig.3A. Each 

frame is made up of a synchronization signal (SYNC), error 

correction codes (ECC} and left (L) and right (R) sound data, 

along with sub-codes, as shown in Fig.3B. Also, as shown in 

Fig.3C, each sub-code is made up of a reserved area of 2 bits and 

a use area of 6 bits. For realizing the high-efficiency encoding 

required for recording the sub-region in a pre-set sub-word, or 

0 
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exploiting the psychoacoustic characteristics or filtering for 

splitting the reproducing frequency band as described above, it 

is necessary to input a larger number of samples. Plural blocks, 

such as 4 to 8 blocks, are entered as one unit, in consideration 

of ease in data reading and real-time reproduction. 

This input signal· first enters a reproducing band division 

unit 1 shown in Fig.!. The input signal is divided into three 

sub-bands corresponding to the above regions SA• SB and Sc or into 

two sub-regions SA and SB + Sc. The latter division into two sub­

regions will be explained in detail by referring to Fig.4. 

In this figure, the input· signal of 0 to 44.1 kHz, obtained 

on sampling the input signal at an input terminal with the 

sampling frequency o·f 88. 2 kHz, is sent to a band-splitting 

fi 1 ter 5, such as a quadrature mirror f i 1 ter (QMF) as later 

explained. The band-splrtting filter 5 divides the frequency 

band into two equal portions and decimates the samples by one 

half. The input signal id divided by the band-splitting filter 

5, such as QMF, into a band (low-range band) of from 0 to 22.5 

kHz, and a band (high-range band) of from 22.05 to 44.l kHz. An 

output of the high-range band of 22.05 to 44.1 kHz is aliased to 

the low-rage band .. 

The technique of dividing the i'nput digital signal in to 

plural frequency bands is discussed in detail in R.E. Crochiere, 

"Digital Coding of Speech in Sub-bands", Bel 1 Sy st. Tech. J. , 

Vol.55, No.8 1976. The band-splitting filter is discussed in 
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Mark J.T. Smith and Thomas P. Barmwell, "Exact Reconstruction 

Techniques for Tree-Structured Sub band Coders", IEEE Trans. ASSP, 

Vol. ASSP-34 No.3, June 1986, pp.434 to 441. In the present 

embodiment, a conjugate quadrature filter (CQF) or a method of 

filter division into equal bandwidth as discussed in Joseph H. 

Rothweiler ICASSP 83, BOSTON, may also be employed. With the 
:lit 

CQF '"· the signal can be completely re-constructed using a non-

linear phase filter. With the polyphase quadrature filter, the 

signal can be divided at a time into plural bands of equal 

bandwidth. 

The high-range signal, obtained on band di vis ion by the 

band-split ting filter 5, is directly outputted by the reproducing 

band division unit 1 of Fig.lA as the signal for the region Sc· 

The low-range signal is supplied to a noise-shaping circuit 7. 

The noise-shaping circuit 7 performs the role of reducing 

perceptual effects of the quantization noise generated on 

converting the input low-range signal into data of shorter word 

length, as later explained, in order that perceptual 

deterioration of the sound quality in case of recording, 

reproduction and transmission with a limited word length will be 

prohibited as much as possible. A typical noise-reducing 

technique of modifying t~e spectrum of the quantization noise in 

conformity to psychoacoustic characteristics is described in 

Akagiri et al., US"Patent No.5,204,667, issued April 20, 1993. 

Although noise shaping is performed in the embodiment of 



16 
Fig.4 after band splitting by the band-splitting filter 5, it is 

possible to perform noise shaping for the entire frequency prior 

to band splitting. 

An output of the noise shaping circuit 7 enters a bit 

reduction circuit 10 which then converts the input data with the 

quantization number of bits of 22 into data on the order of 14 

bit~ by rounding off or truncation. For converting 22-bit data 

into 14-bit data, it suffices to reduce the number of bits by 8 

and hence to divide the data by 256. The resulting 14-bit data 

is outputted from the reproducing band dividing unit 1 of Fig.1 

as the signal of the sub-band of the region SA. 

The low-range signal from the band-splitting filter 5 also 

enters an adder 13 which then finds a difference between the data 

obtained by the band-splitting filter 5 and the data obtained by 

the bit reduction circuit 10. Since the data from the bit 

reduction circuit 10 is obtained by reducing the number of bits 

from 22 to 14, that is by 8, the sound quality is deteriorated 

in an amount corresponding to the difference. Thus a subcode is 

allocated to the difference and transmitted or recorded on the 

reproducing side to the low-range region. This difference is 

added on the reproducing side to the low-range region with the 

smaller number of bits for reducing the effect of the 

quantization noise resulting from reduction in the number of 

bits. 

However, since the volume of the sub-word that may be 
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allocated to the difference information as such is small, the 

information volume needs to be compressed in some way or other. 

If only the perceptually important information is taken out and 

only such information is recorded or transmitted, the information 

volume can be compressed efficiently. To this end, a low-range 

output of the band-split ting f i 1 ter 5 is entered to a fast 

Fou~ier transform (FFT) circuit 16. The FFT circuit performs 

windowing, such as with a Humming window, followed by FFT for 

transforming the time-domain waveform into spectral frequency-

domain signals. Although FFT is in need of the number of data 

equal to powers of 2, the number of data is not necessarily equal 

to powers of 2 since plural blocks are employed as input data. 

Thus, in the FFT circuit 16 of the instant embodiment, "O" is 

allocated in deficit portions of the input data for calculation. 

The spectral data obtained by the FFT circuit 16 enters a 

masking threshold value circuit 19 configured for calculating a 

masking. threshold value as later explained. The masking 

threshold value circuit 19 splits the frequency spectrum as found 

by the FFT circuit 16 into critical bands for calculating the 

allowable noise volume for each critical band by taking the so-

called masking effect into consideration. The cr·i ti cal bands 

mean the frequency bands divided from the audible frequency range 

in order to take into account psychoacoustic characteristics of 

the human aural sense. Thus, each critical band is the band of 

a narrow-band noise masking a pure tone having a frequency in the 
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vicinity of the frequency of the noise and the same intensity as 

the noise. The critical bands become broader with increasing 

frequency. The audible frequency range of from 1 to 22 kHz is 

divided into, for example, 25 critical bands. 

The construction of an embodiment of the masking threshold 

circuit 19 is now explained by· referring to Fig.5. 

In this figure, frequency-domain spectral data from the fast 

Fourier transform (FFT) circuit 16 is supplied to an input 

terminal. The data employed in the masking threshold value 

circuit 19 is the amplitude data as found along with the phase 

value based upon the real-number component and the imaginary 

number component of the FFT coefficient data. The fact that the 

acoustic sense of the human being is sensitive to the amplitude 

(level or intensity) on the frequency domain while being rather 

dull to the phase is herein taken into account. 

The input data on the frequency axis is sent to a circuit 

27 configured for calculating the signal power from one critical 

band to another. The peak values or mean values of the signal 

amplitudes may also be employed in place of the band-based signal 

power. The spectrum of the band-based sums, as an output of the 

signal power calculating circuit 2 7, is generally termed the Bark 

spectrum. The Bark spectrum SB on the critical band basis is 

shown in Fig.6, in which 12 critical bands Bl to B12 are shown 

for simplifying th~ drawing. 

To this end, an output of the band-based energy calculating 
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circuit 27, that is each value of the spectral component SB, is 

transmitted to a convolution filter circuit 28. The convolution 

filter circuit 28 is made up of a plurality of delay elements for 

sequentially delaying input data, a plurality of multipliers, 

such as 25 multipliers associated with the respective bands, for 

multiplying outputs of the delay elements with filter 

coefficients or weighting functions, and an adder for finding the 

sum of the outputs of ·the respective multipliers. By such 

convolution, the sum of the. portions indicated by broken lines 

in Fig.6 is found. The maskirig means the phenomenon in which 

certain signals are masked by other signals and become inaudible 

due to psychoacoustic characteristics of the human auditory 

system. The masking effect may be classified into the time-. 

domain masking effect produced by the time-domain audio signals 

and concurrent masking effect produced by the frequency-domain 

signals. By this masking, any noise present in a masked portion 

becomes inaudible. In actual audio signals, the noise within the 

masked range is an allowable noise. 

By way of an illustrative example of multiplication 

coefficients or filter coefficients of the respective filters of 

the convolution filter circuit 23, if the coefficient of a 

multiplier M for an arbitrary band is 1, outputs of the delay 

elements are multiplied by coefficients 0.15, 0.0019, 0.0000086, 

0.4, 0.06 and 0.007 at the multipliers M-1,_ M-2, M-3, M+l, M+2 

and M+3, M being an arbitrary integer of from 1 to 25, for 
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performing convolution of the spectral components SB. 

An output of the convolution filter circuit 28 is 

transmitted to a subtracter 29 which is employed for finding a 

level a corresponding to the allowable noise level in the 

convolved region. Meanwhile, the allowable noise level o. is such 

a level which will give an allowable noise level for each of the 

critical bands by deconvolution as will be described 

subsequ~ntly. The subtracter 29 is supplied with an allowance 

function (a function representative of the masking level) for 

finding the level a. The level a is controlled by increasing or 

decreasing the allowance function. The allowance function is 

supplied from a (N - ai) fun ct ion generator 30 as wi 11 be 

explained subsequently. 

That is, the level a corresponding to the allowable noise 

level is found from the equation (1): 

o. = S (n - ai) ..••. ( 1) 

where i is the number accorded sequentially to the critical bands 

beginning from the lower side, n and ~ are constants where a > 

0 and S the intensity of the convolved Bark spectrum. In the 

equation (1), (n - ai) represents the allowance function. In the 

present embodiment, by setting so that n = 38 and a= 1, optimum 

encoding may be achieved without deterioration in the sound 

quality. 

The level o. is found in this manner and output data from the 

subtract or 29 is transmitted to a divider 31 for deconvo 1 ving the 
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level n in the convolved region. By this deconvolution, the 

masking spectrum is found from the level n. 

spectrum becomes the allowable noise level. 

This masking 

Although the 

deconvdlution necessitates complex operating steps, it is 

performed in the present embodiment in a simplified manner by 

using the divider 31 . 

... An output of the divider 31 is supplied to a synthesizer 32. 

The synthesizer synthesizes data representing the so-cal led 

minimum audibility curve RC supplied from a minimum audibility 

curve generating circuit 35 shown in Fig. 7 and the masking· 

spectrum MS. Fig.7 shows data representing the synthesiz~d 

minimum audibility curve RC and the masking spectrum MS. If, 

in the minimum audibility curve, the absolute noise level is 

lower than the minimum audibility curve RC, the noi~e becomes 

inaudible. The minimum audibility curve differs with the 

difference in the reproducing sound level even if coding is made 

in the same manner. However, since there is no marked difference 

in the manner of the music entering the 16-bit dynamic range in 

actual digital systems, it may be presumed that. if the 

quantization noise of the frequency range in the vicinity of 4 

kHz most perceptible to the ear is not heard, the quantization 

noise lower than the level of the minimum audibility curve is not 

heard in any other frequency range. Thus, if the recording/ 

reproducing device is employed so that the noise in the vicinity 

of 4 kHz is not heard, and the allowable noise level is to be 
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obtained by synthesizing the minimum audibility curve RC and the 

masking spectrum MS, the allowable noise level may be up to the 

level indicated by hatched lines in Fig. 7. In the present 

embodiment, the level of 4 kHz of the minimum audibility curve 

is matched to the minimum level corresponding to e.g., 20 bits. 

In Fig.7, the signal spectrum SS is also shown. 

"· An output of the synthesizer 32 enters an allowable noise 

correction circuit 33. The allowable noise correction circ~it 

33 corrects the allowable noise level in the output of the 

subtracter 28 based upon the information of the equal-loudness 

curve transmitted from a correction information outputting 

circuit 33. The equal-loudness curve is a characteristic curve 

concerning psychoacoustic characteristics of h~man aural sense, 

and is obtained by finding the sound pressures of the sound at 

the respective frequencies heard with the same loudness as the 

pure tone of 1 kHz and by connecting the sound pressures by a 

curve. It is also known as an equal loudness sensitivity curve. 

The equal-loudness curve also delineates a curve which is 

substantially the same as the minimum audibility curve RC shown 

in Fig. 7. With the equal-loudness curve, the sound in tl;le 

vicinity of 4 kHz is heard with the same loudness as the sound 

of 1 kHz, even although the sound pressure is decreased by 8 to 

10 dB from the sound of 1 kHz. Conversely, the sound in the 

vicinity of 10 kHz cannot be heard with the same loudness as the 

sound of 1 kHz unless the sound pressure is higher by about 15 
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dB than that of the sound of 1 kHz. Thus it may be seen that, 

in the allowable noise correct ion circuit 30, the allowable noise 

level preferably has frequency characteristics represented by a 

curve conforming to the equal-loudness curve. Thus it may be 

seen that correction of the allowable noise level in 

consideration of the equal-loudness curve is in conformity to 

psyc.hoacoustic characteristics of the human 8:Uditory system. The 

masked frequency rage, thus found, represents the perceptually 

redundant information so that the information can be 

correspondingly compressed. 

Returning to Fig.4, the difference informatio~ obtained by 

the adder ·13 is sent to a modified DCT (MDCT) circuit 63 which 

is a sort of an orthogonal transform circuit. In lieu of the 

MDCT, the above-mentioned fast Fourier transform (FFT) or 

discrete cosine transform (DCT) ina·y be employed as o~thogonal 

transform. Discussions on MDCT may be found in J.P. Princen and 

A.B. Bradley, Univ. of Surrey Royal Melbourne Inst. of Tech., 

"Subband/Transform Coding Using Fi 1 ter Bank Designs Based on Time 

Domain Aliasing Cancellation", ICASSP 1987. 

An output of the MDCT circuit 63 then enters a bit 

allocation circuit 24. The bit allocation circuit 24 cuts off 

psychoacoustically redundant portions of the MDCT coefficients 

or frequency components of the psychoacoust ical ly sensitive 

frequency region. This realizes information compression. For 

reducing the quantization noise as perceived by the hearer, the 
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bit allocation by the bit allocation circuit 24 is performed so 

that the frequency components in the perceptually more sensitive 

frequency region wi 11 be left in a larger quantity. The 

resulting output is outputted from the reproducing band dividing 

unit 1 of Fig.! as the signal of a sub-band associated with the 

region SB. 

- Referring to Fig.8, a modified embodim~nt of a reproducing 

band splitting portion of the encoder (recording side) in case 

of splitting the entire frequency into three sub-bands of SA, SB 

and Sc is explained. In the embodiment of Fig.4, MDCT is applied 

collectively to the signal of the sub-band SB which is to be 

" handled as frequency-domain data. In the embodiment of Fig.B, the 

signal from the adder 14 is divided by an analysis filter bank 

36 into finer bands, and only the perceptually required band is 

taken out from the masking spectrum as found on the sub-band 

basis, or the perceptually required spectral components are taken 

out on the sub-band basis, by a band selection/bit allocation 

circuit 37 for compressing the information volume. For division 

into finer bandwidth, a polyphase filter bank (PBF) shown in 

Fig.9A or multi-stage QMF sown in Fig.9B may also be employed. 

Discussion on the PBF may be £ound in A Tu tori and P. P. 

Varidynathan, "Multirate Digital Filters, Filter Banks, Polyphase 

Networks and Applications, Proc., of IEEE, vol.78, No.!, 1990. 

Referring to Fig .10, an embodiment of a reproducing band 

splitting portion of the encoder (recording side) in case of 
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splitting the entire frequency into two sub-bands, that is a 

region SA and SB+ Sc, is explained in detail. 

Referring to Fig.10, signal components not less than 22.05 

kHz are cut off by an LPF 38 having the cut-off frequency of 

22.05 kHz. The signal now containing only signal components not 

higher than 22.05 kHz is supplied to a noise shaping circuit 9 

for~reducing psychoacoustic effects of the quantization noise 

generated on conversion into data having shorter word length. 

The noise shaping circuit 9 diminishes the psychoacoustic effect 

of ·the quantizatio.n noise. Instead of performing the noise 

shaping on data transmitted through the LPF 38, the noise shaping 

may be performed on the entire frequency range and the resulting 

noise-shaped data may then be transmitted through the LPF 38. 

An output of the noise shaping circuit 9 enters a bit 

reduction circuit 12, as in the circuit shown in Fig.4. The bit 

reduction circuit 12 ~educes the number of input quantization 

bi ts of 22 to e.g., 14 by rounding off or truncation. The 

sampling frequency of an output obtained by the bit reduction 

circuit 12 is 88.2 kHz, which is the same as the input signal 

frequency and which is double the sampling frequency used for the 

CD player. Thus the output of the bit reduction circuit 12 

enters a down-sampling circuit 39. For producing an output of 

the sub-range SA, the down-sampling circuit 39 converts the 

sampling frequency from 88.2 kHz to 44.1 kHz as an output for the 

region SA~ There ar~ a variety of methods for down-sampling the 
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sampling frequency to one-half. However, since this signal 

contains only signal components not higher than 22.05 kHz which 

is one-half the Nyquist frequency of the sampling frequency of 

44.1 kHz, the signal can be simply decimated every other sample 

in order to effect down-sampling without generating aliasing 

distortion. The signal obtained by the down-sampling circuit 39 

becomes a sub-band output of the region SA •. 

An output of the bit reducing circuit 12 enters an adder 15 

which then calculates the difference between the input signal and 

an output of the bit reducing circuit 12. The difference becomes 

the signal of the sub-band combined from the regions SB and Sc· 

However, if the sub-word is accorded to the difference 

information itself, the bi ts fall in shortage because of the 

large information volume of the difference information. Thus the 

difference information needs to be compressed by some means or 

other. Thus, only the perceptually required portions are taken 

out by the bit allocation circuit 26 in the same way as in Fig.4 

so as to be used as an output of the reproducing band dividing 

unit 1. Thus, in the same way as in Fig.4, the signal obtained 

by the LPF 38 is fed to an FFT circuit 18 and the input signal 

is converted into frequency-domain data. The frequency-domain 

data is then supplied to the masking threshold circuit 21 which 

then finds the masking spectrum from the input signal. 

The difference information of the adder 15 is supplied to 

aMDCT circuit 23 which then converts the input difference signal 
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into frequency-domain data which is supplied to the bit 

allocation circuit 26. Using the masking curve as found by the 

masking threshold value circuit 21, the bit allocation circuit 

26 cuts off the frequency components as found by the MDCT circuit 

23, or the perceptually redundant portion of the MDCT 

coefficient, for compressing the informati.on. The resulting 

out-put becomes the signal of the sub-banq combined from the 

regions s 8 and Sc and is outputted from the reproducing band 

di vi ding unit 1. 

The signal thus divided into two or three sub-bands is 

supplied to a sub-band encoding unit 2 shown in Fig. 1. The 

respective sub-barids are allocated by sub-word allocation to a 

sub-word divided from the PCM word. This sub-word is recorded 

on the compact disc. Referring to Fig.11, the number of 

quantization bits for CD is 16, that is each word is made up of 

16 bits, with the dynamic range being 98 dB. On the other hand, 

the value of each word is represented in two's complement, with 

the highest order bit being termed MSB (most significant bit) and 

the lowest order bit being termed the LSB (least significant 

bit). The sub-band of the region SA recorded with the straight 

PCM data is 14 bits/sample. so that the number of bits allocatable 

to the sub-band of the regions SB, Sc is 2 bits/sample. Referring 

to Figs.llA and llB, the sub-word has the sub-band of the region 

SA allocated to the MSB side, while having the sub-band of the 

regions SB and Sc allocated to the LSB side. This sub-word is 

• 
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transmitted or recorded on the compact disc. The sub-word 

allocated to the sub-band of the regions SB and Sc may be varied 

depending upon the information volume instead of being a.sub-word 

of fixed length. The sub-word allocated to each sub-word is 

outputted from the sub-band encoding unit 2. 

For the sub-band of the regions SB and SB, the information 

vo1.ume is compressed by exploiting the psychoacoustic 

characteristics of the human auditory system. However, since the 

information volume is excessively large for recording two bands 

in two bits, it is necessary to perform high-efficiency encoding 

on the sub-band signals for compressing the information volume 

as much as possible. 

Referring to Fig.12, an embodiment of the sub-band encoding 

unit 2 is explained in detail. 

The signals of the sub-bands SA, s8 and Sc from the 

reproducing band dividing unit 1 shown in Fig.lA are supplied to 

a sub-word allocating unit 40 which then allocates sub-words to 

signals of the respective sub-bands. The sub-word allocating 

unit 40 allocates a sub-word associated with the sub-band signals 

of the regions SA to a bitstream generating circuit 43, while 

allocating the sub-word ~ssociated with the sub-band signals of 

the regions s8 and Sc to the re-quantizer 41 and allocating the 

block length information and the sub-word allocation information 

to the sub-code generating circuit 44. 

The sub-band signal of the regions SB and Sc my be 
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difference signals or signals of a frequency range not lower than 

22.05 kHz. Therefore, a significant portion of the · 22 

quantization bits represents redundant bits. The information of 

the sub-band of the region Sc has an extremely low signal power 

and hence may be represented by a small number of bits on the 

order of eight bits, as may be seen from Figs.13A and 13B. If 

the~nput signal to the sub-band encoding unit 2 of Fig.I is the 

time-domain signal, as in the case of the output of the sub-band 

Sc, redundant bits are removed in the re-quantizer 41 so that 22-

bit sub-band signals of the regions SB, Sc will be represented by 

about eight bits. Since the sub-band signals of the region SA 

are of 14 bi ts, the difference signals between the 22-bi t 

original signals of the region s8 and the sub-band signals of 

the region SA may be represented by 8 bits. If the input signal 

to the sub-band coding unit 2 of Fig.1 is the frequency-domain 

data, as is the output of the sub-band of the region s8 of Fig.4, 

a sub-block is formed by plural samples by the re-quantizer 41 

and normalizat~on (block floating) is executed on the sub-block 

basis. At this time, the scale factor is obtained as a 

coefficient indicating to which extent the block floating has 

been performed. The size of the sub-block for block floating is 

selected to be smaller and larger with decreasing frequency and 

with increasing frequency, respectively, as shown in Fig.14. The 

reason is that signal changes are larger and smaller for the 

lower and higher ranges, respectively. The re-quantization by 
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rounding off is performed for reducing the quantization noise. 

If perceptually sensitive frequency components are re-quantized, 

re-quantization is performed with a larger number of re-

quantization bits for reducing the·quantization noise. 

The number of re-quantization bi ts and the scale factor 

obtained by the re-quantizer 41 are recorded by being allocated 

to ¥sually unused subcodes R to W of the CD format in separation 

from the sub-band data. These sub-band data are occasionally used 

as graphics data. 

Referring to Fig.3, each subcode has one byte per frame and 

784 bits per block {588 bits for R to W). 
e 

If each unit is made 

up of eight blocks, the usable sub-code areas R to W has 4704 

bits (2352 bits on the channel basis). 

An output of the re-quantizer 41 is supplied to an entropy 

encoding circuit 42 which then encodes the re-quantized data by 

techniques exemplified by e.g., Huffman encoding. The entropy 

encoding is· performed in accordance with an encoding table of 

allocating codes in association with the respective sample 

values. This table is formulated on the unit basis so that codes 

with shorter code lengths will be allocated to sample values 

having higher frequency of occurrence. The Huffman coding is 

described in detail in D.A. Huffman, ttA Method for Construction 

of Minimum Redundancy Codes", Proc. I.R.E., 40, p.1098 (1952). For 

entropy coding, the Lempel-Ziv encoding described in J.Ziv and 

A.Lempel, "A Univer.sal Algorithm for Sequential Data 



31 
Compression", IEEE Trans. on Inform.Theory Vol. IT-23, No.3, 

pp. 337 to 343, 1977, or the ar i thmet·ic coding, as described in 

F.Telinek, "Buffer Overflow in Variable Length Codi~g of Fixed 

Rate Sources", IEEE Trans. Inform. Theory, Vol. IT-14, pp. 490-501, 

1968, may be employed in lieu of the Huffman encoding. 

Similarly to the scale factors and the number of re-

quaptization bi ts, the encoding table is recorded by being 
0 

al located to the sub-codes R to W. In the above-described 

embodiments, the encoding table for entropy coding is formulated 

on the unit basis, and the encoding table is allocated to the 

sub-code. ~t is however possible to provide a code table ROM 

having a code table pre-stored therein on the encoder (recording 

·side) and on the decoder (reproducing side) . so that the code 

table will be read out therefrom in order to effect encoding and 

decoding. Several tables are provided in the code table ROM for 

each quantization bit so that an optimum table will be employed 

in dependence upon input signal distribution. The encoder 

(recording side) records the table number of the table employed 

for decoding by allocation to subcode and the decoder reads out 

the subcode for determining the code table and for effecting 

decoding using the code table, as shown for example in Fig.15. 

This method has such merits that, since there is no necessity of 

recording a large amount of encoding tables in the subcode, there 

is no risk of the capacity for the code table becoming depleted 

on reducing the size of the unit, and that, since the code is 
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only such code indicating which table has been employed, the 

subcode readout error is hardly produced. Since it is known from 

the information on the table used with which number of bits the 

high-rang_e data has been re-quantized, it is unnecessary to 

al locate and record ·the re-quantization bi ts in contradistinction 

from the embodiment shown in Fig.12. 

-. In the present embodiment, the unit block length is fixed. 

It is however possible to provide a variable unit block length 

and to effect encoding with the block length with the lowest 

entropy value as a unit length. This achieves a higher 

compression ratio. It is necessary in such case to transmit or 

record the unit length on the compact disc.· This data is 

recorded by being allocated in the sub-code. 

Al though the sub-bands of the regions Ss and Sc are 

compressed by entropy coding in the above-described embodiment, 

it is also possible to transmit or record the sub-bands of the 

regions s8 and Sc on the compact disc by non-linear quantization, 

such as linear predictive coding (LPC) or ADPCM or vector 

quantization or to encode the encoded data further by entropy 

coding. Discussions on the LPC may be found in Itakura and 

Saito, "Speech Analysis/Synthesis Transmission System by Most 

Likelihood Spectrum Estimation Method", Extended Abstract to the 

Society of Acoustics, pp.231, 1967, or in B.S. Atal and M.R. 

Schroeder, "Predictive Coding of Speech Signals" in Reports of 

6th Int. Conf. Acoust., C-5-4, 1968. There are al so many 
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literatures on calculation algorithms which are not specifically 

give herein. 

Straight PCM data of the sub-band of the region SA of the 

sub-word allocation. circuit 40 and the sub-word to which is 

allocated the high-efficiency code of the sub-band of the regions 

s8 and Sc from the entropy encoding circuit 42 are supplied to a 

bi t_stream generating circuit 43. The bi tstream generating circuit 

43 judges whether or not the encoding has been done in the total 

sub-word to which the sub-bands of the regions s8 and Sc have 

been allocated and routes the judgment information to the re­

quantizer 4 by way of buffer feedback. If the information that 

encoding cannot be done in the sub-word to which the sub-bands 

of the regions s8 and Sc have- been allocated is furnished by way 

of buffer feedback, the re-quantizer 41 effects re-quantization 

by reducing the number of re-quantization bits, while effecting 

re-encoding by increasing the compression efficiency. The 

encoding table is updated ~ach time so that encoding will be 

performed using an optimum table. If the number of re­

quantization bits is reduced in the re-quantizer 41, the 

quantization noise is increased, even although the compression 

efficiency is improved. 

The subcode generating circuit 44 generates the subcode from 

data including the encoding table, the number of re-quantization 

bits, scale factor, sub-word allocation information or the block 

length information. 
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In this manner, the subcode and the bi tstream of the 

generated waveform data are recorded on a recording medium, such 

as a compact disc, and/or transmitted on a transmission channel. 

The decoder (reproducing side) is now explained. 

The encoded bitstream is supplied to the sub-band decoding 

unit 3 of Fig.lB. Fig.16 shows an embodiment of the sub-band 

deco.ding unit 3. 

A sub-word resolution circuit 45 receives the sub-code and 

resolves it in order to take out the information required for 

decoding the bitstream such as the sub-code allocation 

information, number of re-quantization bits, scale factor or the 

"encodin·g table. 

A bitstream resolution circuit 46 receives the bitstream and 

takes out signals of the sub-bands of the regions SA, SB and Sc 

from the bi tstream based upon the sub-word allocation information 

obtained by the sub-word resolution circuit 45. Of these 

signals, the signals of the sub.-band of the region SA are 

straight PCM data and hence are directly outputted from the sub-

band decoding unit 3 of Fig.lB. 

The entropy decoding circuit 47 receives signals of the sub-

bands of the regions SB and Sc from the bitstream resolving 

circuit 46 and decodes the signals of the sub-bands SB and Sc 

using the code table obtained by the subcode resolving circuit 

45. 

The decoded data is supplied to a dequantizer 48. The 
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dequant i zer 48 dequant i zes the decoded data using the seal e 

factor and the number of re-quantization bits obtained in the 

sub-code resolving circuit 45 to derive signals of the sub-bands 

of the regions SB and Sc as outputs of the sub-band decoding unit 

3. 

The information of the three or two sub-bands, obtained in 

thi!! manner, is sent to the reproducing band synthesizing or 

connecting unit 4 for synthesis to the original sole band. 

Referring to Fig.17, the reproducing band connecting unit 

corresponding to the embodiment of the reproducing band dividing 

unit, in which the input signal is divided into three sub-bands, 

is explained in detail. 

In Fig.17, the input signal of the sub-band SB is supplied 

to an IMDCT circuit 49. Since the signal of the sub-band of the 

region SB supplied to the IMDCT circuit 49 is the frequency­

domain data, it is processed with IMDCT by the IMDCT circuit 49 

so as to be thereby restored to time-domain data. Discussions 

on the IMDCT are found in the above-given references to MDCT. 

The sub-band signals of the region SB from the IMDCT circuit 49 

are· supplied to a synthesizer 53. The sub-band signals of the 

region SA are also supplied to a synthesizer 53. Since the 

signal of the sub-band of the region SB is the difference signal 

between the original signal and the signal of the sub-band of the 

region SA, it is summed by the synthesizer 53 to the signal of 

the sub-band of the region SA by the synthesizer 53 to produce a 
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signal having the number of quantization bits of 22. The signal 

obtained by the synthesizer 53 and the signal of the sub-band of 

the region Sc are both supplied to a synthesizing f i 1 ter 51 which 

is typified by an inverse quadrature mirror filter (IQMF) 

synthesizing the low range and high iange signals ~ogether. This 

filter is an interpolation filter capable of synthesizing two 

sigpals reduced to one-half the original n~mb.er of samples by 

decimation for restoration to the original number of samples. 

Discussions on IQMF are found in the above~given references on 

the QMF. Although the filter other than the IQMF may be employed 

as the band synthesizing filter, an ICQF needs to be employed if 

the CQF is employed for band splitting since the band 

synthesizing filter is a c·ounterpart of the band splitting filter 

in the encoder. The resulting output is an output of the 

reproducing band connecting unit 4 and the overall system. 

Referring to Fig.18, the reproducing band connecting unit, 

as a counterpart unit of the reproducing band splitting unit 

configured for dividing the input signal into three sub-bands, 

is explained by referring to Fig.18. 

In the present embodiment, since the sub-band of the region 

SB is divided by PFB into finer bandwidth, a synthesis f i 1 ter 

bank 56 restores the bandwidth to the original bandwidth of the 

sub-band of the region SB. The synthesizing f i 1 ter bank is 

described in detai 1 in the references on the analysis f i 1 ter 

bank. The remaining portions of Fig.18 correspond to those of 
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Fig.17. 

Referring to Fig.19, the reproducing band connecting unit, 

which is a counterpart unit of the reproducing band dividing unit 

in which the regions SB, Sc are combined into a sub-band, that is 

in which the input signal is divided into two sub-bands 1 is 

explained in detail. 

In Fig.19, the signal of the sub-band, combined.from the 

input regions SB, Sc• is suppl i°ed to an IMDCT circuit 50. 

Similarly to the signal of the sub-band of the region SB of 

Fig.4, the signal of the sub-band combined from the regions SB, 

Sc is the frequency-domain data, the signal of the sub-band 

combined from the regions s8, Sc is restored by IMDCT into the 

time-domain data. The signal of the sub-band of the region SA is 

supplied to an up-sampling circuit 57. Since the sampling 

frequency of the signal of the sub-band of the region SA is down­

sampled to 44.1 kHz, which is one-half the sampling frequency of 

the original signal, the up-sampling circuit 57 up-samples the 

signal of the sub-band of the region SA to a double frequency, 

that is 88.2 kHz. Although there are a variety of methods for 

up-sampling to 88.2 kHz which is double the sampling frequency 

of 44.1 kHz, it suffices to insert "O".every other sample. The 

signal produced by the IMDCT circuit 50 and the signal obtained 

by the up-sampling circuit 57 are both supplied to the 

synthesizer 55. The synthesizer 55 synthesizes the signal 

produced by the IMDCT circuit 50 and the signal obtained by the 
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up-sampling circuit 5 7 to produce an output signal of the 

reproducing ·band connecting unit 4. 

In the above embodiment, since the processing-is executed 

on the unit basis, it is not possible with the readout velocity 

of the conventional recording medium to cope with the processing 

during reproduction thus producing time delay of data. For 

ove~coming this deficiency, data is read out at a velocity faster 

than the readout velocity with the conventional recording medium. 

For example, in the case of a compact disc, it is rotated at a 

velocity faster than the usual readout velocity" such as a 

velocity equal to double the usual readout velocity. The data 

read out from the disc is temporarily stored in a memory from 

which the data is read out sequentially and processed by way of 

reproduction. This not only eliminates tie ftelay of data but 

intensifies the effect of preventing sound skipping otherwise 

caused by vibrations. It is also possible with the use o~ an 

error correction code in which emphasis is put on the MSB side 

in which is recorded the low frequency range as the usual 

reproducing range to reduce readout errors of the usual 

reproducing range for preventing deterioration in the sound 

quality. 

The present invention is not limited to the above-described 

embodiment, but may also be applied to information transmission 

employing communication means or transmission medium, such as 

ISDN, or a recording medium, such as digital video or IC card. 
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In Fig.20, a signal processing device 61 divides the input music 

signals into low-range information signals, the region of the 

difference information as the low-range noise-reducing 

information and the high-range information signals, associated 

with the regions SA, SB and Sc, respectively, and records the 

information signals on a recording medium or transmits the 

infqrmation signals on a transmission route 62. The signals 

produced from the recording medium or the transmission route 62 

is reproduced or received by a signal processing device 63 which 

then outputs music signal.or the like. 

If the error correction code in which emphasis is put on the 

MSB side is used, the signal readout error of the conventional 

reproducing band may be reduced in case the transmission di stance 

is protracted during transmission to produce code er·rors. 

It is also possible to introduce the concept of scalability 

in which the reproducible sub-band may be selected depending upon 

the hardware scale and the transmission distance in the 

reproducing device. 

That is, if, in the embodiment shown in Fig.21, signals of 

the sub-bands of the three regions SA, Sa and Sc are recorded on 

the recording medium, such as a CD or a magneto-optical disc, the 

conventional CD reproducing system 62 is employed, it is possible 

for the conventional CD reproducing system 62 to reproduce 

signals of the sub-band of the region SA. If the disc· 

reproducing system 63 -capable of reproducing the region SB and 
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occasionally the sub-band Sc is used, it is possible with this 

disc reproducing system to reproduce signals of the sub-band of 

the regions SA and s8 or signals of the sub-band of the regions 

It is naturally possible with this disc reproducing 

system to reproduce only the signals of the sub-band of the 

' region SA. On the other hand, with the disc reproducing system 

64 qapable of reproducing the regions SB and s0 , it is possible 

to reproduce the signals of the sub-bands of the regions SA, Sa 

and Sc. It is naturally possible with this disc reproducing 

system to reproduce signals of the regions SA and Sa or signals 

of the regions s8 and Sc· 

With the embodiment of Fig.22, if the signals of the sub-

bands of the three regions SA, SB and Sc are transmitted from a 

broadcasting station 75, a reception area 66 near the station 65 

is capable of receiving signals of the sub-bands of the totality 

of the regions SA, s8 and Sc. On the other hand, a reception area 

67 further from the station 65 is capable of r,eceiving signals 

of the sub-bands of the regions SA and s8 or the sub-bands of 

the regions SA and Sc or, in the worst case, only the region SA. 

In the above explanation, it is assumed that the number of 

quantization bits is allocated to ~he frequency components of a 

signal at the same po int on the time axis. However, more 

efficient bit allocation may be achieved by considering bit 

allocation to other regions on the time axis. 

That is, since th~ signal is ~hanged with lapse of time, as 
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shown in Figs.23A, 23B and 23C, some recording regions; in which 

the high-range signals and the difference information as the low-

range noise reducing information, have ample bits, while other 

recording regions have only insufficient bi ts. For providing bit 

allocation as wasteless as possible, it is desirable to effect 

bit allocation between different units along the time axis. 

~. The method of recording, transmitting arl:d reproducing a sub­

word divided from a digital word by dividing the entire frequency 

range into plural sub-bands has been described above and is not 

recited for clarity. However, the problems are raised with the 

present method as to the procurement of the recording capacity 

of the high-range signals and the low-range difference 

information. 

Fig. 24 shows a method for calculating the bi ts of al location 

for efficient bit allocation to each sub-word. 

A digital signal, such as a speech or acoustic signal, is 

supplied to an input terminal 123. The sampling frequency for 

the compact disc is 44.1 kHz, while that for the present 

recording/reproducing device is 88.2 kHz. That is, the present 

recording/reproducing device is supplied with audio PDCM signals 

in a range of from 0 to 44.1 kHz. The digital signal entering 

the input terminal 123 is supplied to a unit slicing circuit 101. 

The CD format has the frame construction as shown in Fig.3. 

For entropy coding of high-range components, a larger number of 

samples is required as an input. Thus the unit slicing circuit 
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101 slices plural blocks, such as 48 blocks, as one unit, in 

consideration of real-time reproducing characteristics and for 

ease in data readout. 

This input signal is supplied to a band-splitting filter 105 

represented by the above QMF. The input signals entering the 

band-splitting filter 105 is slit by the QMF into the above-

mentjoned low iange 6f 0 to 22.05 kHz and the high range of from 

22.05 kHz to 44.1 kHz. The low-range signals and the high-range 

signals are fed to a parity calculating circuit 109 and to the 

entropy calculating circuit 120, respecti~ely. 

The processing of low-range and high-range signals is 

explained. 

The low-range signals are straight PCM data. Perceptually 

redundant signal components in the low-range signals are found 

and high-range signals are superimposed on these redundant signal 

components. The power calculating circuit 9 first calculates the 

power of the input low-range signals. There are two methods for 

word division. The first method is to divide the word in 

accordance with the sample-based power, as.shown in Fig.25A. The 

·second method is to divide the word on an average in accordance 

with the unit-based power, as shown in Fig. 25B. With these 

methods, the sample-based or unit-based power is found, and an 

allowance value specifying to which extent the white noise level 

is perceptually allowable, that is to which level deterioration 

caused by noise mixing is not perceived, is calculated. That is, 
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an output of the power calculating circuit 109 is supplied to the 

allowable noise calculating circuit 112, which then calculates 

the allowable noise in dependence upon the input power. The 

rela~ion of the input signal·power versus the allowable white 

noise is controlled by the allowable noise threshold value 

signal. The threshold signal is a signal supplied from a 

comparator 129 of Fig.28 and controls the allowable noise volume 

calculating circuit 112 for increasing the allowable noise level 

in case the number of usable bits is significantly smaller than 

the required number of bits. 

An output of the allowable noise volume calculating circuit 

112 is supplied to a usable number of bits calculating circuit 

ilB which then calculates the maximum allowable number of bits 

(word length) Ai, where i is a number of units, for which the 

·noise mixed into the LSB side of a word is not perceived by the 

hearer. The number of quantization bits for the compact disc is 

16, with the dynamic range being about 98 dB. For example, if 

the signal level is 0 dB (16 bit fullscale), and the white noise 

up to a maximum value of -74 dB is allowable, the noise up to 4 

bits is not audible to the hearer if 1 bit corresponds to about 

6 dB. Thus, as shown in Figs.26A and 26B, 12 bits and 4 bits are 

allocated to the MSB side and the LSB side of the 16-bit word 

length, respectively. This divides a word to be divided in the 

time dom~in into two portions. 

In the present embodiment, since the sub-word is found by 
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division of the time-domain signals, the number of usable bits 

is calculated in the time-domain signals. However, sub-word 

division may also be performed on the frequency-domain signals, 

as will be explained by referring to Fig.27. 

The low-range signals divided by the band-splitting filter 

106 are fed to an FFT circuit 124. For converting the time-

dom~n waveform signals into frequency-domain spectral signals, 

the FFT circuit 124 applies e,g., the Humming window to the 

input low-range signals before executing Fourier transform (FFT) . 

The FFT operation is carried out by inserting «o«s in a portion 

of the input low-range signal devoid of input data. 

An output of the FFT circuit 124 is supplied to the 

allowable·noise volume calculating circuit 14. The allowable 

noise volume calculating circuit 14 divides the spectrum as found 

by the FFT circuit 124 on the critical band basis and finds the 

allowable noise volume for each critical band for taking the so-

called masking effect into account. 

Similarly to the masking threshold value circuit 19 shown 

in Fig. 4, the allowable noise volume calculating circuit 114 

explained with reference to Figs.5 to 7 may be employed. 

The usable number of bi ts calculating circuit 119 calculates 

the maximum allowable number of bits Ai of a size corresponding 

to the allowable noise spectrum, that is the spectrum allocatable 

to the high frequency range. 

The high range signal processing obtained on band splitting 
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as shown in Fig.24 is explained. The high-range signals from the 

band-splitting filter 120 is supplied to an entropy calculating 

circuit 120. The entropy calculating circuit 120 calculates the 

entropy in each unit. The meaning of finding the entropy res ides 

in that the code length of the encoded signal can be estimated 

in case of carrying out entropy coding including Huffman coding 

thoqght to be among the most effective means for high-~ff iciency 

coding of the high-range signals. The entropy is calculated as 

follows: 

The entropy may be found by the following equation (2): 

m 
H= -E pilog2p i 

:J=1 

•.••. ( 2) 

after finding the probability of occurrence pi for the respective 

information source symbols of the information sources desired to 

be encoded. In the above equation, m is the number of 

information sources. When the entropy is found in this manner, 

the mean code le~gth L of the information source is given by the 

equation (3): 

Ls.H 

.•.. ( 3) 

For example, if there are 8-bi t data, and a signal in a . 
two's complement representation can assum~ values of from -128 

to 127, the probability of occurrence pi is found for a domain n. 
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The entropy is found by setting M=256 in the above equation (2). 

However, since the logarithmic calculations cannot be done for 

the probability of occurrence pi is zero. Thus, pilogpi is set to 

zero for calculations. 

The entropy thus found in the entropy calculating circuit 

120 is supplied to a required number of bits calculating circuit 

122._ The required number of bits calculating circuit 122 finds 

the total number of bits Ri required for recording high-range 

signals of the unit. The equation for finding the required 

number of bits Ri is: 

. Ri= [NxH1J 

....• ( 4) 

where [N] denotes the .minimum integer not small er than N. 

In this manner, the number of usable bi ts Ai and the 

required number of bits Ri are found over the entire units from 

one unit to another. The number of usable bi ts Ai and the 

required number of bits Ri are supplied to a usable number of 

bits summing circuit 127 and a required number of bits summing 

circuit 128, respectively. The usable number of bi ts summing 

circuit 127 and the required number of bits summing circuit 128 

calculate a sum SA of the numbers of usable bits Ai and a sum SR 

of the required numbers of bits Ri, respectively. 

The sums of the numbers of bits SA, SR, thus found by ~he 

usable number of bi ts summing circuit 127 and the required number 

of bits summing circuit 128, are supplied to a comparator 129 so 
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as to be compared to each other. If the sum SA of the usable 

numbers of bits is significantly smaller than the sum SR of the 

required numbers of bi ts, it is necessary to increase the 

allo~able rroise volume to increase the number of usable bits in 

order to increase the capacity for recording the high frequency 

range signals. The comparator i29 then generates a threshold 

value control signal and transmits the generated signal to an 
. 

allowable noise volume calculating circuit 113. The allowable 

noise volume calculating circuit 113 re-calculates the allowable 

noise volume based upon the threshoid value control signal 

transmitted thereto. Conversely, if the sum SA of the usable 

numbers of bits is significantly larger than the sum SR of the 

required numbers of bits, it is unnecessary to provide a larger 

capacity for high-range recording, so that, in such case, the 

allowable noise volume is dec.reased. Thus the comparator circuit 

1Z9 similarly generates a threshold value control signal which 

is sent to the allowable noise volume calculating circuit 113. 

The allowable noise volume calculating circuit re-calculates the 

allowable noise volume based upon the threshold value control 

signal supplied thereto. This processing, however, is not 

required if, for finding the usable number of bi ts, the allowable 

noise volume is diminished and gradually increased for not 
0 

increasing the sound quality deterioration in the low-range side 

as much as possible. 

The sum of the numbers of bits SR as found by the required 
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number of bits summing circuit 128 is supplied to a required bit 

number ratio calculating circuit 130. The required bit number 

ratio calculating circuit 130 calculates, from the SR value, the 

ratios of the numbers of bi ts that carr be allocated to respective 

units by the following equation (5): 

-. 
.. ..• ( 5) 

The bit number ratio RRi as found by the required bit number 

ratio calculating circuit 130 and an output of the comparator 

circuit 129 (sum of the numbers of required bits SA) are supplied 

to a bit allocation calculating circuit 131, which then 

calculates the allocated bit number for the unit from the SA and 

RRi values in accordance with the following equation (6): 

•.••. ( 6) 

The allocated bit number ASi as found by the bit allocation 

calculating circuit 131 is utilized as an upper limit of the bit 

number sum in each unit on high efficiency encoding the high-

range signals. 

The threshold value control signal, the number of usable 

bits Ai and the bit allocation number AS1, thus found, need to be 

recorded on the recording me di um so as to be used for word 

splitting for recording/repr.oduction. These signals are al located 

to and recorded on the subcodes R to W which, while being 
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occasionally used as graphics data, are usually not used n the 

format. 

Although the block length of each unit is made variable in 

the instant embodiment, the block length of each unit may be made 

variable if the unvoiced portion persists. In such case, more 

efficient recording may be realized by such encoding in which a 

blo~k length with the lowest entropy is set so as to be a unit 

length. In this case, the unit length needs to be recorded and 

transmitted by being allocated within sub-code. 

The above explanation has been made in connection with the 

processing of high-range signals obtained on band-splitting the 

time-domain signals. shown in Fig.24. The processing of Fig.27 

of high-range signals obtained on band-splitting the frequency­

domain signals may be made in a similar manner an"d hence is not 

described for clarity. 

An embodiment of an encoder (recording side) and a decoder 

(reproducing side} employing splitting along time axis,. as shown 

in Fig.24, and an embodiment of an encoder (recording side) and 

a decoder (reproducing side) employing splitting along frequency 

axis, as shown in Fig.27, will now be explained. In these 

embodiments, the input signal is divided into two bands, namely 

a low-range band and a high-range band. 

Fig. 29 is a block diagram showing an embodiment of an 

encoder (recording side) employing splitting along time axis, 

while Fig. 30 is a block diagram showing an embodiment of an 
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decoder (reproducing side) employing splitting along time axis. 

First. the encoder (recording side) is explained by referring to 

Fig.29. 

In this figure. an input signal is supplied to a unit 

slicing circuit 103, which then s lie es several blocks as one 

unit. An output of the unit slicing circuit 103 is supplied to 

a b~nd-splitting filter 107. The band-splitting filter 107 is 

comprised of e.g., QMFs for splitting the input signal into low-

range signals and high-range signals. 

The low-rahge signals from the band-split ting f i 1 ter 107 are 

sequentially supplied to a power calculating circuit 110 and an 

allowable noise volume calculating circuit 115. The processing 

of the low-range signals obtained on band splitting is similar 

to the processing described in connection witH Fig.24. That is, 

the power calculating circuit 110 calculates the power of the 

input low-range signals. An output of the power calculating 

circuit 110 is supplied to the allowable noise volume calculating 

circuit 115 which then calculates the allowable noise volume 

based upon the power found by the power calculating circuit 110. 

The power calculating circuit 115 accordingly decides at which 

point a digital word is to be divided. The allowable noise 

volume calculating circuit 115 is controlled by a threshold value 

control signal previously found as illustrated in Figs.24 and 28. 

On the other hand, the high-range signals from the band-

splitting filter 107 are supplied to a re-quantization circuit 
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132. Since the high-range signals are generally lower in signal 

level than the row-range signals, the re-quantization circuit 132 

re-quantizes the input high-range signals with a number of bits 

smaller than 16, which is the number for the compact disc, such 

as 8 bits, for diminishing the information volume of the straight 

PCM data. The number of re-quantization bits is allocated to a 

suQ.code which is usually not in use. The re-quantized data from 

the re-quantization circui~ 132 is supplied to an entropy 

encoding circuit 34, which then encodes the re-quantization bits 

by encoding techniques such as Huffman coding. The entropy coding 

is done based upon the code table adapted for allocating codes 

associated with respective sample values. With this code table, 

formulated on the unit basis, the frequency of occurrence of 

respective samples in each unit is calculated and a code of 

shorter length is allocated to a sample value having a higher 

frequency of occurrence. The code table is allocated in 

separation from waveform data, to a sub-code in the CD format 

which is usually not in use. The encoded data from the entropy 

encoding circuit 134 is supplied to a total bit number 

calculating circuit 136. The total bit number calculating 

circuit 136 calculates to which number of bits the high-range 

signals have been compressed by entropy encoding. 

To a bit re-allocation circuit 138 are supplied low-range 

signals from the band-?plitting filter 107 (straight PCM data), 

an output of the allowable noise volume calcul~ting circuit 115, 
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encoded data from the entropy encoding circuit 134, an output of 

the total bit number calculating circuit 136 and the number of 

allocated bits. The bit re-allocation circuit 138 splits a low­

range word based upon the allowable noise volume from the 

allowable noise volume calculating circuit 115 and allocates the 

high-range data to the LSB side of the word. At this time, the 

bi~ re-allocation circuit 138 confirms the recording capacity 

based upon the total bit number and the al located bit number 

previously found as described in connection with Figs.24 and 28. 

If the total bit number exceeds the allocated bit number 

(overflow), all encoded data cannot be allocated. Thus the bit 

re-allocation circuit 138 carries over the overflowing encoded 

data to the next unit. Thus the bit re-allocation circuit 38 

is occasionally fed with encoded data of· the previous unit. If 

the total bit number is lesser than the allocated bit number 

(underflow), there is allowance in the allocation capacity. In 

such case, a recording judgment circuit 140 occasionally accepts 

encoded data from the next unit. That is, the recording 

judgment circuit 140 temporarily stores input data in a buffer 

and adds the data from the next unit from the bit re-allocation 

circuit 140 to the stored data for outputting the resulting data 

as waveform data. 

The allocation bit number, threshold value control signal, 

encoding table or the re-quantization data are supplied to a 

subcode generating circuit, which is not shown in Fig.29 but is 
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shown in Fig.12, so as to be allocated to a pre-set subcode area. 

If the limit number of bi ts allocatable to the low frequency 

range is reached, the encoder (recording side} outputs the data 

for recording on the compact disc. 

The decoder (reproducing side) is explained by referring to 

Fig.30. 

-. The waveform data is supplied to the power calculating 

circuit 112 which then calculates the signal power of the input 

waveform data on the sample basis or unit basis if the data has 

been recorded on the sample basis or on the unit basis, 

re~pectively. The power calculating circuit 112 calculates how 

many bits on the LSB side have been expended during recording for 

the high-range signals. The allocation bit number, threshold 

value control signal, encoding' table and the number of re­

quantization bits are Tesolved from the sub-code by a sub-code 

resolving circuit which is not shown in Fig.30 but is shown in 

Fig.16. A word splitting circuit 142 splits a word with the 

number of bi ts found responsive to the power from the power 

calculating circuit 112. A MSB side word and a LSB side word, 

produced on word splitting, are used as low-range side data and 

as high-range side data, respectively. The low-range data of the 

split word is directly sent· as 16-bi t straight PCM data to the 

band-synthesis filter 44. The LSB portion of the low-range data, 

P.mployed for the high range side on word splitting, is stuffed 

with zeros, as shown in Fig. 26. Alternatively, 1 in ear 
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interpolation or in terpo lat ion by a digital filter is applied for 

approximation to original signals for diminishing sound quality 

deterioration in the low range side. The high-range side signals 

are supplied to an allocation check circuit 146. The allocation 

check circuit 146 checks from the allocated bit number if encoded 

data in the current unit is or is not containeq in the previous 

unit and/or in the succeeding unit or if the encoded data of the 

previous unit and/or the succeeding unit is or is not contained 

in the current unit. The encoded data is fed to an entropy 

decoding circuit 148. The entropy decoding circuit 148 reads out 

the encoded table recorded in the subcode at the time of entropy 

encoding and decodes the encoded data into straight PCM data. If, 

from the results of check by the allocation check circuit 146, 

the encoded data of the current unit is contained in the previous 

unit and/or the succeeding unit, required encoded data is 

supplied from the allocation check circuit to the entropy 

decoding circuit 148. That is, if the encoded data of the 

current unit is contained in the previous unit, the encoded data 

of the current unit, contained in the previous unit, is 

temporarily stored in the allocation check circuit 146 so that 

the stored data will be supplied to and decoded by the entropy 

decoding circuit 148 when the data is to be in use in the entropy 

decoding circuit 148. On the other hand, if encoded data of the 

current unit is contained in the succeeding unit, the encoded 

data of the current unit is temporarily stored in the entropy 



55 
decoding circuit 148, so that, when the encoded data of the 

current unit, contained in the succeeding unit, is supplied from 

the allocation check cir~uit 146 to the entropy decoding circuit 

148, the entropy decoding circuit 148 decodes the encoded ·data. 

If the encoded data of the current unit is contained in both the 

previous and succeeding units, both of the above operations are 

executed simultaneously. 

The decoded data from the entropy decoding circuit 148 are 

supplied to an amplifier 150. Since the straight PCM data, 

decoded by the entropy decoding circuit 148, is the re-quantized 

data, it is smalle~ in amplitude than the original data. Thus the 

amplifier 150 de-quantizes the decoded data, based upon the 

number of re-quantization bi ts allocated to the sub-code for 

restoring 16-bit data which is then supplied to the band-

synthesizing filter 44. The band-synthesizing filter 44 is 

exemplified by an IQMF and synthesizes the low and high range 

signals together. This filter is an interpolation filter and 

synthesizes signals containing one-half number of samples as a 

result of decimation in order to restore the original number of 

samples. Although a filter other than an IQMF may be employed 

as the band-synthesizing filter, it is necessary to use the IQMF 

if the QMF is used for band splitting since the band synthesizing 

filter is to be a counterpart of the band-splitting filter. 

In the embodiments of Figs. 29 and 30, the encoding tab le for 

entropy coding is formulated from.unit to unit and allocated to 
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a subcode. Alternatively, the encoding table is previously stored 

in each of ROMs laid in store on the recording and reproducing 

sides so that the encoding table is read from these ROMs for 

encoding and decoding. This alternative method is advantageous 

in that there is no necessity of recording a large number of the 

encoding tables in the subcode, the capacity for the encoding 

ta~le scarcely falls in shortage on reducing the unit size and 

subcode readout error is not likely to be produced since only the 

code specifying the table employed is allocated to the subcode. 

In addition, since the number of bits used for re-quantization 

of high-range data may be known from the information as to which 

encoding table has been used, there is no necessity of recording 

the number of re-quantization bits in contradistinction from the 

embodiments shown in Figs.29 and 30. 

An embodiment employing splitting along the frequency axis 

shown in Fig.27 is explained. 

Fig. 31 is a block diagram showing an embodiment of an 

encoder (recording side) employing splitting along the frequency 

axis, and Fig.32 s a block diagram showing an embodiment of an 

decoder (reproducing side) employing splitting along the 

frequency axis. 

In Figs.31 and 32, showing the encoder (recording side) and 

the decoder (reproducing side), respectively, the fo !lowing 

portions differ from those shown in Figs. 29 and 30, with the 

remaining portions being similar to those of Figs.29 and 30. In 
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the encoder (recording side), the low-range signals from a band-

splitting filter 108 are supplied to a FFT circuit 125 which then 

converts the low-range signals into spectral signals on the 

frequency axis. An allowable noise volume calculating circuit 

116 splits the frequency spectrum into critical bands and 

calculates the allowable noise volume from one critical band to 

another. Ultimately, data from the recording judgment circuit 

is supplied to an IFFT circuit 152 which then transforms the 

frequency-domain data into time-domain waveform data. In the 

decoder (reproducing side), the input signal is converted into 

spectral signals on the frequency axis by the FFT circuit 126 

upstream of a word-splitting circuit 143. The allowable noise 

volume is found by an allowable noise volume calculating circuit 

117. The word splitting circuit 143 splits the frequency 

spectrum from the FFT circuit 126 into words. On the other hand, 

the frequency-domain data is converted into time-domain waveform 

data by an IFFT circuit 152 upstream of the band synthesizing 

circuit. 

The instant embodiment differs from the embodiment of 

Figs. 29 and 30 and is otherwise similar thereto so that the 

common portions are not explained herein for clarity. However, 

if FFT is to be performed in the instant embodiment, data zero 

is stuffed if the unit length is not up to 2n and redundant data 

needs to be cut off on the occasion of IFFT. 

Although entropy coding is to be performed as a method for 
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information compression of high-range signals, recording can also 

be made by linear predictive coding (LPC). The linear predictive 

coding (LPC) is based upon the concept that the speech waveform 

is related with past several samples and states that a sample 

value of a discrete time-domain samples of the speech s1, $2 
' 

... at a certain time point is a linear coupling of past R data 

and may be approximated by 

...•. ( 7) 

where the coupling coefficient ak is a linear prediction 

coefficient, R is a·number of orders of prediction and an error 

en between a real value and an approximate value is a prediction 

residual. If prediction by LPC is successful, the residual power 

becomes small so that transmission may be made with a low bit 

rate. For decoding, if a filter by linear prediction 

coefficients is generated and the residual is entered, the 

original waveform may be restored by the following equation (8): 

..... ( 8) 

As a method for allocating high-range s~gnals, non-linear 

quantization inclusive of ADPCM, vector quantization or a method 

consisting in finding perceptual information on the frequency 
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axis for finding masking or the like for achieving high 

efficiency encoding may also be used in addition to entropy 

coding or LPC. The codes obtained by the above methods may 

further be encoded by entropy coding. 

In any of the above embodiments, processing is executed on 

the unit basis and hence cannot be coped with if the readout 

speed with a conventional recording medium for reproduction is 

used, thus producing data time delay. For solving this, data is 

read out at a rate faster than the conventional readout velocity 

for the recording medium. In the case of a compact disc, it is 

rotated at double the usual readout velocity for reading out the 

data. The data thus read out from the disc is processed at the 

same time as it is reproduced. 

Although the above description has been made with reference 

to the compact disc, the present invention may be applied to a 

digital audio package medium for DAT or a transmission system, 

such as broadcasting. In addition, the present invention may be 

utilized not only for audio signals but also for vide signals. 

It is seen from above that the digital signal processing 

method according to the present invention is such a method in 

which the entire frequency band of the input digital signal is 

split into plural sub-bands which are allocated to plural sub-

words divided from a word of the input digital signal, and in 

which the information for diminishing the noise in at least one 

of the sub-bands is allocated to a sub-word allocated to a sub-
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band other than the sub-band whose noise is to be reduced. Thus 

it becomes possible to reduce the noise in the sub-band to be 

recorded or transmitted in order to realize the sound· quality 

proper to the word length of the original signal. Thus it 

becomes possible to compress the information volume in its 

entirety to record the information for the high range while 

ma~~taining the quality of the low-range signals. 

That is, in accordance with the present invention, the 

quantization noise generated by allocating the usual reproducing 

band to straight PCM signals with a word length shorter than the 

usual straight PCM word resulting from splitting the usual 

straight PCM word is to be reduced. As the information for 

reducing the quantization noise, the difference between the 

straight PCM signal having the conventional word length and the 

straight PCM signal having the reduced word length may be 

employed. 

Thus, by allocating a sub-word to this difference signal, 

it becomes possible to prohibit deterioration of the signal 

quality in the quantization noise. However, recording the 

difference signal itself is in no way different from recording 

the conventional word length insofar as the information volume 

is concerned, so that it becomes impossible to record signals in 

excess of the usual bandwidth. 

If the input digital signal is an audio signal, the 

psychoacoustic characteristics of the human auditory system are 
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exploited in order to take out only the signal components thought 

to deteriorate the signal quality for securing an area for 

recording the s~gnals in excess of the usual band. These signal 

components are recorded by allocating a sub-word separate from 

the signal in excess of the usual band or by combining the signal 

components with the signals in excess of the usual reproducing 

band. For recording, the signal portion of the straight PCM 

data, taken out by exploiting the psychoacoustic characteristics 

and thought to affect the sound quality, cannot be recorded 

within the conventional recording capacity, so that it is 

compressed in signal volume by high efficiency encoding prior to 

recording. 

Thus it is possible with the above method to reduce the 

noise in the band portion recorded with the straight PCM signals 

to realize the sound quality equivalent to that achieved with the 

original PCM word. Thus it becomes possible to record the high-

range information as well as to maintain the sound quality for 

the low-range side. 

Thus, in accqrdance with the present invention, the signal 

having a band twice the reproducing band may be reproduced while 

the recording capacity of the conventional recording medium is 

maintained. By splitting the frequency spectrum and by 

recording the low-range portion with straight PCM signals, the 

usual reproducing band can be reproduced with a conventional 

reproducing device, while it is unnecessary to provide separate 
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recording media for the conventional reproducing device and the 
inventive reprodu?ing device. If, with the conventional 
reproducing device, data is read out from the recording medium 
for taking out the bitstream, the high-range portion may be 
reproduced by addition only of the signal processing portion 
processed of the reproducing device of the present invention. 

The present invention is not to be limited to the 
illustrative embodiments described since the prasent invention 
may be modified in many respects within the purport of the 
invention as defined by the appended claims. 
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WHAT IS CLAIMED IS: 

1. A digital signal processing method for processing a signal 

obtained on spl i t·t ing the entire frequency band of an input 

digital signal into a plurality of sub-bands, comprising the 

steps of: 

dividing the entire frequency band of the input digital 

signal into a plurality of sub-bands; and 

allocating signals of each sub-band to a plurality of sub-

words divided from a word of the input digital signal; 

wherein, in said allocating step, the information for 

reducing the noise in at least one of the sub-bands is allocated 

to the sub-word different from the sub-word to which is allocated 

the signal of the sub-band whose noise is to be reduced. 

2. The digital signal processing method as claimed in claim 1 

wherein, in said allocating step, the information for r~ducing 

the noise as well as the signal of the sub-band other than the 

sub-band whose noise is to be reduced is allocated to the sub-

word to which is allocated the signal of the sub-band other than 

the sub-word whose noise is to be reduced. 

3. The digital signal processing method as claimed in claim 2 

wherein, in said allocating step, the ratio of bit allocation of 

the information for reducing the noise in said sub-word to the 

signal of the sub-band other than the sub-band whose noise is to 

be reduced is fixed. 

4. The digital signal processing method as claimed in claim 2 
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wherein, in said allocating step, the ratio of bit allocation of 

the information for reducing the noise in said sub-word to the 

signal of the sub-band other than the sub-band whose noise is to 

be reduced is variable. 

5. The digital signal processing method as claimed in claim 1 

wherein, in said allocating step, the number of bits of 

allocation for said sub-words is variable. 

6. The digital signal processing method as claimed in claim 5 

wherein, in said allocating step, the bit allocation is 

dynamically made in dependence upon the sub-band information and 

the information for reducing the noise. 

7. The digital signal processing method as claimed in claim 5 

wherein, in said allocating step, a plurality of words of the 

input .digital signal are grouped into a block and the bit 

allocation is made variable from block to block. 

8. The digital signal processing method as claimed in claim 1 

wherein, in said allocating step, the block is variable in length 

in dependence upon the sub-band information and the information 

for reducing the noise. 

9. The digital signal processing method as claimed in claim 1 

wherein the difference information is obtained from the' signal 

of the sub-band whose noise is to be reduced and a signal of a 

straight PCM bit rate higher than that of the signal of the band 

whose noise is to be reduced. 

10 The digital signal processing method as claimed in claim 1 
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wherein the difference information between the signal higher than 

the straight PCM bit rate in the signal of the sub-band whose 

noise is to be reduced and the signal other than the band whose 

noise is to be reduced is obtained and wherein, in said 

allocating step, the difference information is allocated to a 

sub-word different from a sub-word to which is allocated the 

signal of the band whose noise is to be reduced. 

11. The digital signal processing method as claimed in claim 10 

herein the difference information is encoded by high-efficiency 

encoding for reducing the information volume of the difference 

information. 

12 The digital signal processing method as claimed in claim 11 

wherein the difference information is encoded by exploiting the 

perceptual information for reducing the information volume of the, 

difference information. 

13. The digital signal processing method as claimed in claim 11 

wherein the difference information is encoded by entropy encoding 

for reducing the information volume of the difference information 

for obtaining the variable bit rate information. 

14. The digital signal processing method as claimed in claim 11 

wherein the difference information is encoded by linear 

predictive coding for reducing the information volume of the 

difference information for obtaining the fixed bit rate 

information. 

15. A method for decoding a signal split into a plurality pf 
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sub-oands into a digital signal comprising the steps of: 

splitting, from each sub-word, a signal of at least one sub-

band whose noise is to be reduced and the information for 

reducing the noise in the sub-band whose noise is to be reduced; 

and 

combining the information for reducing the noise and the 

signal of the sub-band whose noise is to be reduced for obtaining 

the digital signal whose noise has been reduced. 

16. A digital signal processing apparatus for processing a 

signal obtained on splitting the entire frequency band of an 

input digital signal into a plurality of sub-bands, comprising: 

band-splitting means for splitting the entire frequency band 

of the input digital signal into a plurality of sub-bands; and 

sub-band encoding means for allocating the information for 

reducing the· noise of at least one sub-band from the band 

splitting means to a sub-code different from the sub-code to 

which is allocated the signal of the sub-band to which is 

allocated the signal of the sub-band whose noise is to be 

reduced. 

17. The digital signal processing apparatus as claimed in claim 

16 further comprising difference information generating means for 

producing the difference information from the straigl';lt PCM signal 

of at least one of a plurality of sub-bands split by said band-

splitting means· and straight PCM signals of reduced -word length 

of said sub-band for producing the information for reducing the 
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noise. 

18. The digital signal processing apparatus as claimed in claim 

16 further comprising high-efficiency encoding means for encoding 

the difference information for reducing the information volume 

of the difference information. 

19. T'he digital signal processing apparatus as claimed in claim 

16 further comprising means for generat_ing the information 

indicating perceptually redundant components, and means for 

compressing the difference information based upon the information 

from said generating means for reducing the information volume 

of said difference information. 

20. The digital signal processing apparatus as claimed in claim 

16 further comprising means for encoding the difference 

in format ion by entropy encoding for re due ing the information 

volume of the difference information for obtaining the variable 

bit rate information. 

21. The digital signal processing apparatus as claimed in claim 

16 further comprising means for encoding the difference 

information by linear predictive coding for reducing the 

information volume of the difference information for obtaining 

the variable bit rate information. 

22. A digital signal processing apparatus for processing a 

signal obtained on splitting the entire· frequency band of an 

input digital signal into a plurality of sub-bands, comprising: 

band-splitting means for splitting the entire frequency band 



- --- ----- ---------

I lllf Ill llllf f llllf 11111111111 
* C L M S * 

68 
of the input digital signal into a plurality of sub-bands; 

sub-band encoding means for allocating signals of respective 

sub-bands to at least two sub-words, that is a first sub-word and 

a second sub-word, obtained on dividing a word of the input 

digital signal; 

wherein said sub-band encoding means allocates the signal 

of the sub-band whose noise is to be reduced to said first sub-

word while allocating the information for reducing the noise in 

the signal of the sub-band allocated to a pre-set sub-word to a 

sub-word different from said second sub-word. 

23. The digital signal processing apparatus as claimed in claim 

22 wherein said sub-band encoding means allocates the signal of 

the sub-band whose noise is to be reduced to said first sub-word 

disposed on the MSB side of the word while allocating the 

information for reducing the noise in the signal of the sub-band 

allocated to said first sub-word to a sub-code disposed on the 

LSB side of the word. 

24. A digital signal decoding apparatus for decoding a digital 

signal from a signal split into a plurality of sub-bands, 

comprising: 

means for splitting from a sub-word a signal of at least 

one sub-band whose noise is to be reduced and the information for 

reducing the noise in said at least one sub-band; and 

means for synthesizing the information for reducing the 

noise and the signal of the sub-band whose noise is to be 
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reduced. 

25. A recording medium having recorded therein signals produced 

by a digital signal processing method designed for processing an 

input digi ta! signal so that respective sub-band signals obtained 

on splitting the entire frequency band of an input digital signal 

into a plurality of sub-bands will be allocated to a plurality 

of sub-words split from a word of the input digital signal; 
-. 

wherein 

the information for reducing the noise in at least one of 

said sub-bands is allocated to a sub-word to which said sub-band 

is allocated. 

26. A digital signal transmitting method for transmitting a 

signal obtained on splitting the entire frequency band of an 

input digital signal into a plurality of sub-bands, comprising 

the steps of: 

splitting the entire frequency band of the input digital 

signal into a plurality of sub-bands; and 

allocating signals of each sub-band to a plurality of sub-

words split from a word of the input digital signal; 

wherein, in said allocating step, the information for 

reducing the noise in at least one of the sub-bands is allocated 

to a pre-set sub-word different from the sub-word to which has 

been allocated the signal of the sub-band whose noise is to be 

reduced; and wherein the signal of said at least one sub-band 

whose noise is to be reduced and the information for reducing the 
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noise in said at least one sub-band are transmitted. 

27. A digital signal processing method for processing a signal 

obtained on splitting the en tire frequency band of an input 

digital signal into a plurality of sub-bands, comprising the 

steps of: 

forming a unit every plural words of the input digital 

signal; 

splitting the entire frequency of a s i"gnal from said unit 

forming step into a plurality of sub-bands from .one Unit to 

another; and 

allocating signals of at least one sub-band of each unit 

from said band splitting means to sub-words of plural units, or 

allocating signals of at least one sub-band in each of plural 

units to one sub-word. 

28. The digital signal processing method as claimed in claim 27 

wherein, in said allocating step, the information for reducing 

the noise in at least one sub-band is allocated to sub-words of 

plural units or the information for reducing the noise of at 

least one sub-band in plural units is allocated to one sub-word. 

29. The digital signal processing method as claimed in claim 27 

wherein, in said allocating step, the sub-word length information 

in each sub-band is received and the sub-word length in each sub-

band is fixedly allocated based upon the sub-word length 

information. 

30. The digital signal processing method as claimed in claim 27 
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wherein, in said allocating step, the sub-word length information 

in each sub-band is received and the sub-word length in each sub-

band is variably allocated based upon the sub-word length 

information. 

31. The digital signal processing method as claimed in claim 27 

wherein said sub-word length information received in said 

allocating step is the information obtained on inc re as ing or 

decreasing the sub-word length allocated to a given sub-band in 

each unit when the sum of sub-word lengths required for a given 

sub-band in each unit is significantly smaller or larger than the 

sum of the sub-words allocated to said sub-band. 

32. The digital signal processing method as claimed in claim 27 

wherein, in said allocating step, a sub-word is allocated to a 

sub-band of each unit based upon the sub-word length required for 

each sub-band previously found in all units. 

33. A digital signal processing apparatus for processing a 

signal obtained on splitting the entire frequency band of an 

input digital signal into a plurality of sub-bands, comprising: 

means for forming a unit every plural words of the input 

digital signal; 

means for splitting the entire frequency of a signal from 

said unit forming means into a plurality of sub-bands; and 

means for allocating signals of at least one sub-band from 

said sub-band splitting means to sub-words of plural units, or 

allocating signals of at least one sub-band in each of plural 
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units to one sub-word. 

34. The digital signal processing apparatus as claimed in claim 

33 wherein said allocating means allocates the information for 

reducing the noise in at least one sub-band to sub-words of 

plural units or allocates the information for reducing the noise 

of at least one sub-band in plural units to 0 one sub-word. 

35. A digital signal processing apparatus for processing a 

signal obtained on slitting the entire frequency band of an input 

digital signal into a plurality of sub-bands, comprising: 

means for forming a unit every plural words of the input 

digital signal; 

means for splitting the entire frequency band of a signal 

from said unit forming means into at least low-range signals and 

high-range signals; 

means for encoding said high-range signals with high-

efficiency encoding for reducing the information volume of said 

high-range signals for reducing the noise in said low-range 

signals; and 

means for allocating the information from said high 

efficiency encoding means for reducing the noise in said low-

range signals to sub-words of plural units or allocating the 

information from said high efficiency encoding means for reducing 

the noise in said low-range signals in plural units to a sole 

sub-word. 

36. A recording medium having recorded therein signals produced 
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by a digital signal processing method designed for processing an 

input digital signal so that respective sub-band signals obtained 

on splitting the entire frequency band of an input digital signal 

into a plurality of sub-bands for each of units formed by plural 

words of the input digital signal wi 11 be al located to a 
. . 

plurality of sub-words split from a word of the input digital 

signal; 

wherein, when the signals of said sub-bands are allocated 

on the unit basis, signals of at least one sub-band are allocated 

to sub-words of plural units or signals of at least one sub-band 

in each of plural units are allocated to one sub-word. 

37. A digital signal transmitting method for transmitting a 

signal obtained on processing a signal obtained in turn on 

splitting the entire frequency band of an input digital signal 

into a plurality of sub-bands, comprising the steps of: 

forming a unit every plural words of the input digital 

signal; 

dividing the entire frequency of a signal from said unit 

forming step into a plurality of sub-bands from one unit to 

another; and 

allocating signals of at least one sub-band of each unit 

from said band splitting means to sub-words of plural units, or 

allocating signals of at least one sub-band in each of plural 

units to one sub-word. 


