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TITLE OF THE INVENTION 

Digital audio Si_gnal Coding and/or .decooing rrethod 

BACKGROUND OF THE INVENTION 

This invention relates to a high-efficiency method and apparatus for 

high-efficiency encoding of digital signals, such as digital audio signals, a 

high-efficiency decoding apparatus for decoding the encoded signals, and a 

recording medium for recording the encoded signals. 

There are a variety of known encoding techniques for encoding audio 

or speech signals with high efficiency. One example is transform coding, in 

which a frame of digital signals which represent an audio signal on the time 

axis is converted by an orthogonal transform into a block of spectral 

coefficients, which represent the audio signal on the frequency axis. Another 

example is sub-band coding, in which the frequency band of the audio signal 

is divided by a filter bank into a plurality of sub-bands, without forming the 

signal into frames along the time axis prior to coding. 

It is also known to combine the sub-band coding ap.d transform coding 

techniques by first dividing digital signals representing the audio signal into a 

plurality of frequency ranges by sub-band coding, and then transform coding 

each of the frequency ranges. 

One filter for dividing a frequency spectrum into a plurality of 

equal-width frequency ranges include the quadrature· mirror filter (QMF), 

discussed in R.E. Crochiere, "D~gital Coding of Speech in Sub-bands", 55 

Bell Syst. Tech J. No.8 (1976). With a QMF filter, the frequency spectrum 

of the signal is divided into two equal-width bands. Aliasing does not result 

when the frequency bands resulting from the division are subsequently 

combined together. 

"Polyphase Quadrature Filters- A New Subband Coding Technique", 

Joseph H. Rothweiler, ICASSP 83, Boston, also shows a technique of 

dividing the frequency spectrum of a signal into equal-width frequency bands. 

With· the present polyphase QMF, the frequency spectrum of the signals can 

be divided at a time into plural equal-width frequency bands. 
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A known ortho·gonal transform technique includes dividing the digital 

input audio signal into frames of a predetermined time duration, and 

processing the resulting frames using a discrete Fourier transform (DFT), 

discrete cosine transform (Den and modified DCT (MDCT) to convert the 

signal from the time axis to the frequency axis. Discussions on MDCT may 

be found in J.P. Princen and A.B. Bradley, "Subband Transform Coding 

Using Filter Bank Based on Time Domain Aliasing Cancellation", ICASSP 

1987. 

By quantizin~ the signals which have been divided into frequency 

bands, it becomes possible to control those bands which have been subjected 

to quantization noise. In particular, psychoacoustically more efficient coding 

may be realized by utilizing psychoacoustic "masking effects." In addition, if 

the signal components are normalized from band to band with the maximum 

value of the absolute values of the signal components, it becomes possible to 

more efficiently code the signal. 

One known technique uses sub bands to take advantage of the 

psychoacoustic characteristics of the human auditory system. Specifically, 

spectral coefficients representing an audio signal on the frequency ax.is are 

divided into a plurality of (e.g. 25) critical frequency bands. The width of 

the critical bands increase with increasing frequency. Either pre-set bit 

allocation or adaptive bit allocation is used for encoding the band-base data. 

Two known bit allocation techniques are now discussed. The first 

described in R. Zelinsli and P. ~foll, 11Adaptive Transform Coding of Speech 

Signals", IEEE Transactions of Acoustics, Speech, and Signal processing, vol. 

ASSP-25, No.4, August 1977, allocates bits to each band on the basis of the 

amplitude of at least one signal in that band. Application of this results in a 

flat quantization noise spectrum and minimizes the noisy energy. However, 

the noisy level perceived by the listener is not optimum because the ~echnique 

does not effectively exploit the psychoacoustic masking effect. 

The second bit allocation technique, described in M.A. Krassner, "The 

Critical Band Encoder- Digital Encoding of the Perceptual Requirements of 

the Auditory System", ICASSP 1980, employs a psychoaceustic masking 
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mechanism to determine a fixed bit allocation that produces the necessary 

signal-to-noisy ratio for each critical band. However, if the signal-to-noisy 

ratio of the system is measured using· a strongly tonal signal (e.g., a 1 kHz 

sine wave), the results are non-optimum because of the fixed allocation of 

bits among the critical bands. 

To overcome these problems, a high efficiency encoding apparatus has 

been proposed in which the total number of bits available for bit allocation is 

divided between a fixed bit allocation pattern, pre-set for each small block, 

and a block-based signal magnitude dependent bit allocation pattern. The 

particular allocation division depends upon a signal which is relevant. to the 

input signal, such that the smoother the signal spectrum, the higher becomes 

the division ratio for the fixed bit allocation pattern. 

. · .· With this technique, if the energy is concentrated in a particular 

spectral component, as in the case of a sine wave input, a larger number of 

bits are allocated to the block containing that particular spectral component. 

This significantly. improves the signal-to-noi_sy characteristics. Since the 

human auditory system is highly sensitive to a signal having acute spectral 

components, this technique may be employed for improving the 

signal-to-noisy ratio of not only measured values but also. to improve the 

quality of the sound as perceived by the listener. 

In addition to the above techniques, a variety of other techniques have 

been proposed, and the model simulating the human auditory system has been 

refined such that, if the encoding device is improved in its ability, the 

encoding may be achieved with higher efficiency in light of the human 

auditory system: 

The present Assignee has previously proposed in International Patent 

Application, International Application No.94/28633 (to which co-pending 

US Application SN 08/374518 and European Patent 0653846 correspond), an 

encoding method which separates acoustically crucial tonal components from 

spectral signals and encoding these crucial tonal components independently of 

the remaining spectral components. This enables effici~nt encoding of audio 
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signals with a high compression ratio, but without substantially acoustically 

deteriorating the audio signals. 

If DFT or DCT is utilized as the method for transforming the 

waveform signal into a spectral signal, and the transform is executed using a 

time block made up of M samples, M independent real- number samples are 

produced. Since a given block is usually overlapped by a total of Ml 

samples from both neighboring blocks, for reducing connection distortion 

between the time blocks, M real-number data are quantized and encoded in 

DFT or DCT for (M-Ml) samples. 

On the other hand, if the waveform signal is transformed into a 

spectral signal by MDCT, since M independent real-number data are 

produced from a 2M sample block which are overlapped by a total of M . 
samples from both neighboring blocks, M real-number data are quantized and 

encoded in MDCT for M samples. In a decoding device, the coded data from 

MDCT are inverse-transformed at each block to produce waveform elements 

which are summed together, to reconstruct the waveform signal. 

If the time block length for. transform is increased, the frequency 

resolution is also increased so that the energy is concentrated in a specified 

spectral component. For this reason, by employing MDCT in which transform 

is executed with a long· block length resulting from half-overlap With both 

neighboring blocks, and the number of the res~ting spectral signals is not 

increased as compared to the number of the original time samples, the 

encoding may be achieved with .high efficiency than with the use of DFT or 

OCT. The inter-block distortion of·the waveform signal may be.reduced by 

overlapping neighboring blocks with a long overlap· 1ength. 

For constructing an actual code string, it is sufficient to encode the 

quantization precision information and the normalization coefficient 

information with a pre-set number of bits for each respective band intended 

to be normalized and quantized, and then to encode the normalized and 

quantized spectral signals. 

In International Standard ISO/IEC 11172-3: 1993(E), a993 

(MPEG-audio standard), pages 16 and 47, there is disclosed a high-efficiency 
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encoding method in which the number of bits representing the _quantization 

step information differs from band to band. That is, fewer bits are used to 

represent th~ quantization precision information as frequency increases. 

It is also known to determine the quantization precision information in 

a decoder (from the normalization coefficient information) rather than directly 

encoding the quantization precision information. However, with this method, 

since the relation between the normalization precision information and the 

quantization precision information is predetermined it is not.feasible to later 

control quantization precision based upon a 111:ore advanced human auditory 

sense simulation model. If there is some latitude in the compression ratio to 

be realized, it becomes necessary to reset the relation between the 

normalization precision information and the quantization step information 

when the compression ratio is changed. 

To raise the compression ratio further, it is necessary not only to raise 

the encoding efficiency of the 11main information", made up of the normalized 

and re-quantized frequency components, but also to raise the encoding 

efficiency of the "subsidiary information", which includes the quantization 

precision information. 

However, ~ince the quantization step required for suppressing signal 

deterioration· in connection with the human auditory sense depends on the 

frequency component distribution of the input signal, there must be a 

sufficient degree of freedom to set the quantization step. In addition, there 

needs to be sufficient degree of .freedom to represent the quantization 

precision information with a variety of compression ratios and the 

corresponding sound quality. 

As for an encoding method, any optional encoding methods may be 

used insofar as the resulting code satisfies· the MPEG-audio standard. 

However, .it is desirable tha~ high efficiency encoding can be achieved with 

the respective encoding methods. 

SUMMARY OF THE INVENTION 
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The present invention provides a method and apparatu.s which encodes 

signals highly efficient so that the encoding efficiency not only of the main 

information, but also of the subsidiary information, may be increased and so 

that the subsidiary information may be represented in such a manner as to 

assure a sufficient degree of freedom to realize optimum encoding. 

The present invention further provides a method and apparat.us of high 

efficiency encoding whereby the resulting code meets the MPEG-audio 

standard and a high encoding efficiency may be achieved. 

It is yet another object of the present invention to provide a method 

and apparatus for decoding the signals encoded with the encoding method and 

apparatus and a transmission medium for transmission of encoded strings 

produced with the encoding method and apparatus. 

With the high-efficiency encoding method and apparatus of the 

present invention, a signal (whfoh may be digital) is transformed into 

frequency components. The frequency components are separated into first 

spectral components which consist only of signal components of a specified . , . 

band and encoded- along with the information specifying the band and second 

spectral components normalized and quantized every pre-set encoding unit 

and encoded along with the quantization precision information. The 

quantization precision information of the second spectral components is 

encoded with a smaller number of bits for the high-range side than for the 

low-range side. 

With the high-efficiency ~ncoding method and apparatus of the 

present invention, the output signal is· transformed into frequency . 

components, and part or all of the frequency components are normalized and 

quantized for each of pre-set encoding blocks. For quantization, the 

quantization precision information is encoded by selecting an associated 

quantization precision information code from among re-set quantization 

precision information selecting branches comprised of plural quantization 

precision information data associated with plural quantization precision 

information codes for each set of contiguous encoding blocks. The boundary 
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information specifying the. boundary of the sets of the contiguous _encoding 

blocks is also encoded. 

The first spectral components are tonal components in a specified 

frequency exhibiting signal energy· concentration. The encoding-block-based 

normalization and quantization is performed on the remaining frequency 

components separated from the tonal components in the specified frequency 

exhibiting signal energy concentration. 

The quantization precision information codes are selected from among 

pre-set quantization precision information selecting branches comprised of 

plural quantization precision information data associated with plural 

quantization precision information codes for each set of contiguous encoding 

blocks. The boundary information specifying the boundary of the sets of the 

contiguous encoding blocks is also encoded. The information specifying the 

quantization precision information selection branches is also encoded. The 

number of the quantization precision information data contained in the 

quantization precision information selection branches is smaller for th~ 

higher-range side. The transform into the frequency components is by 

processing including orthogonal transform. The input signals are audio 

signals. 

The high-efficiency decoding apparatus of the present invention 

decodes first spectral components made up only of frequency components of 

a .specified range encoded along with the band-specifying information, and 

the quantization precision inforqiation codes, the corresponding quantization 

precision information of which has been encoded with a smaller number of 

bits for a higher range than for a lower range, is decoded. The second 

spectral components, made up of the frequency components obtained on 

normalization and quantization every pre-set encoding block and encoding, 

are decoded based upon the quantization precision information decoded from 

the quantization precision information codes, and the first and second spectral 

components, thus decoded, are synthesized. 

The high ... efficiency decoding apparatus of the present invention 

decodes the encoded boundary information specifying the boundary of sets of 
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pre-set contiguous encoding blocks, and selects .associated quantization 

precision information data from among pre-set quantization precision 

information selecting branches comprised of plural quantization precision 

information data associated with plural quantization precision information 

codes for each set of contiguous encoding blocks, for decoding the 

quantization precision information codes encoded from the quantization 

precision information and for decoding signals made up of frequency 

components obtained on normalization and quantization every encoding block 

based upon the quantization precision information decoded from the 

quantization precision information codes followed by encoding. 

The first ·spectral components are tonal components in a specified 

frequency exhibiting signal energy concentration. The encoding-block-based 

normalization and quantization is performed on the remaining frequency 

components separated from the tot:ial components in the . specified frequency 

exhibiting signal energy concentration. 

The high-efficiency decoding apparatus of the present invention 
. . . 

decodes the encoded bpundary information specifying the boundary of sets of 

pre-set contiguous encoding bfocks and, for decoding the quantization 

precision information codes, selects the quantization precision information 

associated with the quantization precision information codes from among 

pre-set quantization precision information selecting branches comprised of 

plural quantization precision information data associated with plural 

quantization precision informati~n codes. The decoding apparatus also 

decodes the encoded information specifying the quantization pz:ecision 

information selection branches for each set of contiguous encoding blocks and 

specifies the quantization precision information selection branches for each 

set of the contiguous encoding blocks based upon the decoded specifying 

information. The number of the quantization precision information data 

contained in the quantization precision information selection branches is 

smaller for the higher-range side. 

The signals mad~ 'up of decoded frequen~y components are processed 

with inverse orthogonal transform. The input signals are audio signals. 

/ 
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The recording medium of the present invention comprises transmission 

media in general, and has recorded thereon signals encoded by the 

above-mentioned high-efficiency encoding method and apparatus of the 

present invention. 

According. to the present invention, the. tonal components, w~ich are 

acoustically crucial components, are separated from the spectrum and encoded 

independently of other spectral components. For encoding, the number of 

bits representing the high-range side quantization precision information is set 

so as to be smaller than ~e number of bits representing the low-range side 

quantization precision information, thereby increasing the coding efficiency. 

According to the present invention, the number of bits representing the 

quantization precision information is rendered variable from band to band, 

and the boundary information specifying the boundary of transition of the 

numbers of bits is encoded for realizing efilcient encoding with a wide 

degree of freedom conforming to characteristics of the input signals. 

BRIEF bESCRIPTION OF THE DRAWINGS 

Fig. 1 is a block circuit diagram which shows a basic arrangement of 

a high efficiency encoder according to the present invention. 

Fig. ~ is a block circuit diagram which shows an illustrative 

arrangement of the transform circuit of the Fig. 1 encoder. 

Fig. 3 is a block circuit diagi"am which shows a basic arrangement of 

a signal component ~ncoding cir~uit of the Fig. 1 encoder, in accordance with 

an embodiment of the present invention. 

Fig. 4 is a block circuit diagram which shows a basic arrangement of 

a high efficiency decoder according to the present invention. 

Fig. 5 is a block circuit diagram which shows an illustrative 

arrangement of an inverse transform circuit of the Fig. 4 decoder. 

Fig. 6 illustrates a construction of a codestring according to the 

present invention. 

Fig. 7 illustrates an example· of the construction of a codestring 

according to the present inventio~. 
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Fig. 8 illustrates another example of the construction of a codestring 

according to the present invention. 

Fig. 9 illustrates an encoding method according to the present 

invention. 

Fig. 10 illustrates an encoding method according to the present 

invention in more detail. 

Fig. 11 is a block circuit diagram showing an illustrative arrangement 

of first and second embodiments of the high efficiency encoder according to 

the present invention. 

Fig. 12 illustrates an example of the method for constructing a 
. . 

codestring according to a first embodiment. 

Fig. 13 is a flowchart showing the processing flow of"signal 

component separation in the first and second embodiments. 

Fig. 14 is a block circuit diagram showing an illustrative arrangement 

of first and second embodiments of a high efficiency decoder according to 

the present invention. 

Fig. 15 illustrates a first illustrative example of a codestring 

arrangement in a second embodiment of the present invention. 

Fig. 16 illustrates a second illustrative eXa.mple of a codestring 

construction according to the second embodiment. 

Fig. 17 is a ~owchart which illustrates the processing flow for 

deciding the boundary in a quantization step information table in the second 

embodiment . 

. Fig. 18 . illustrates an example of a codestring construction in case of 

separating tonal and noisy components in the second embodiment. 

DETAILED DESCRIPTION 

The present invention is· now described in detail with reference to the 

figures. 

Fig. 1 is a block circuit diagram which shows a basic arrangement of 

a high-efficiency encoder according to an embodiment of the present 

invention. In the Fig. 1 encoder, a waveform signal (e.g., acoustic signals) is 
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provided to the encoder via an input terminal 10. A transform circuit 11 

converts the waveform signal into spectral components, which are provided to 

a signal component encoding circuit 12 for encoding. An output of the signal 

component encoding circuit 12 is provided to a c.odestring generating circuit 

13, which generates a codestring. The generated codestring is output from 

the encoder at an output terminal 14. From the output terminal 14, the 

codestring is provided to an error correction circuit or a modulation circuit 

(not shown), for transmission or for recording onto a recording medium 15, 

which may be an optical disc. 

Fig. 2 is a block circuit diagram which shows an illustrative 

arrangement of the transform circuit H. Referring to Fig. 2, waveform 

signals entering an input terminal 20 are split, by a band splitting filter 21, 

into two frequency pands. The bandwidths of the two frequency bands are 

each one-half the bandwidth of the waveform signals supplied to the input 

terminal 20. The signals of the two frequency bands are provided to 

respective forward orthogonal transform circuits 22, 23. The orthogonal 

transform circuits orthogonally transform the frequency band signals using a 

process such as MDCT. The resulting spectral components, from the 

orthogonal transform circuits 22, 23 are provided to respective output 
' 

terminals 24, 25 as the spectral components from the transform circuit 11 of 

Fig. 1. The spectral components are provided to the signal component 

encoding circuit 12 (Fig. 1). In Fig. 1, the spectral components of the two 

frequency bands from the foI'W8:fd transform circuits 22, 23 are provided as a 

single output of the transform circuit 11. 

In an alternate embodiment, of the Fig. 1 transform circuit, the input 

. signals may be directly transformed by MDCT into spectral components. In 

still further alternate embodiments, the input signals may be transformed by 

DFT or DCT. In a yet further alternate embodiment, the input signals may 

be split into band components by a band splitting filter alone. However, 

since the advantages of the high-efficiency encoding method of the present 

invention are most prominent when encoding signals exhibiting energy 

concentration in specified frequencies, the Fig. 2 embodiment, which can 
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produce numerous frequency components with a relatively small amount of 

the processing operations, is a preferable one for transforming waveform 

signals into frequency components. 

Fig. 3 shows an illustrative arrangement of the Fig. 1 signal 

component encoding circuit 12. Referring .to Fig .. 3, the spectral components 

supplied from the transform c~rcuit 11 via ap. input terminal 30, are 

normalized by a normalization circuit 31 from· band to band. The normalized 

spectral components are provided to a quantization circuit 33. The spectral 

components are also routed from the from the input terminal 30 to a 

quantization step decision circuit 32. The quantization step decision circuit 

32 calculates the number of quantization steps in the quantization circuit 33 

(i.e., the q~tiz.ation precision)-based upon the spectral components. The 

quantization circuit 33 quantizes the normalized spectral component signals in 

accordance with the number of quantization steps calculated by the 

quantization step decision circuit 32. In addition to the quantized normalized 

spectral component signals, the quantization circuit 33 outputs the 

normalization coefficient information ·and the quantization precision 

information codes to a terminal 34. The normalization coefficient 

information includes encoded data of the number of normalization 

coefficients used in the normalization circuit 31, and the quantization 

precision information codes includes encoded data of the number of 

quantization steps (information on the quantization precision) calculated by 

the quantization step decision circuit 32. The signals output from the output 

terminal 34 are routed to t!Je codestring generating circuit 13 of Fig. I. 

Fig. 4 is a block circuit diagram which shows a basic arrangement of 

a high effidency decoder for reproducing signals from the codestring 

generated by the Fig. 1 encoding circuit. Referring to Fig. 4, the codestring 

generated by the Fig. 1 encoder (which has either been transmitted or 

recorded on a recording medium) is provided to an input terminal 40. The 

codestring is provided to a codestring resolving circuit 41, where the encoded 

codes of the respective spectral components, the quantization step information 

and the normalization coefficient information are separated and extracted. 

··.;! .... 
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The encoded spectral components, quantization precision information and the 

normalization coefficient information, thus separated and extracted, are 

·provided to a signal component decoding circuit 42. The signal component 

decoding circuit 42 decodes the encoded quantization precision information 

and normalization coefficient information and, using the decoded quantization 

precision information and normalization coefficient information, decodes the 

encoded spectral components to restore the original spectral components. 

These original spectral components are provided to 'an inverse transform 

circuit 43, which inverse transforms them into waveform signals. The 

waveform signals are provided, via an output terminal 44, to downstream side 

circuitry which further processes the waverform signals. 

The recording medium may be, for example, a tape recording 

medium, an optical disc, a magneto-optical disc, a magnetic disc, a 

semiconductor memory or an IC card. The transmission medium may be, for 

example, an electric cable, an optical cable or electromagnetic radiation 

through the air. 

Fig. 5 is a block diagram which shows an illustrative arrangement of 

the Fig. 4 inverse orthogonal transform circuit 43, ~hich performs an inverse 

orthogonal transform operation that is the reverse of the transform operation 

performed by the Fig. 2 transform circuit. 

Referring to Fig. 5, the restored original spectral components (having 

been restored by the Fig. 4 signal component decoding circuit 42) are 

provided, via input termmals 50,_ 51, to inverse transform circuits 52, 53, 

respectively, to be inverse transformed. The signals of the respective 

frequency bands, have been inverse tra.nSformed by the inverse transform 

circuits 52,. 53, are routed to a band synthesizing filter 54 where they are 

band-synthesized. The band synthesized signal are then provi~ed to output 

terminal 5 5. 

Having described basic embodiments of a high efficiency encoder 

(Figs. 1-3) and a decoder (Figs. 4 and 5), a high efficiency encoding method 

and a high efficiency decoding method, in accordance with the present 

; . 
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invention. are now described. A conventional high efficiency encoding is 

first described by way of comparison. 

Fig. 6 shows an example of spectral components SP that wer.e 

obtained by transforming an input signal (e.g., by the Fig. 2 transform circuit 

11). In Fig. 6, the levels of absolute values of the spectral components 

obtained by MDCT are represented in terms of decibels (dB). Specifically, 

the transform circuit 11 transforms the signals of two frequency bands by 

band splitting one time block of the input signal with the Fig. 2 band splitting 

filter 21, and transforming the band split signal into, for example, 64 spectral 

components SP with the Fig. 2 transform circuits 22, 23. 

The spectral components SP are provided from the transform circuit 

11 to the Fig. 3 signal component encoding circuit 12. The signal component 

encoding circuit 12 groups the 64 spectral components SP for each of the two 

frequency bands, provided from the transform circuit 11, into sixteen 

sub-bands (or "encoding blocks") of narrower bandwidths U 1 to U8 as shown 

in Fig. 6. The spectral components SP of the respective encoding blocks ~e 

normalized by the Fig. 3 normalization circuit using normalization 

coefficients NLl to NL8 that are associated with the encoding blocks Ul to 

U8,.respectively. The normalized spee:tral components SP of the respective 

encoding blocks are then quantized by quantization circuit 33. The number 

of quantization steps (i.e., the quantization precision) are changed, by the 

quantization step decision circuit 32, from one encoding block to another 

depending upon the manner of ~stribution of the frequency components in 

the respective encoding blocks. Thus, deterioration in the sound quality is 

kept to a minimum while also allowing for acoustically efficient encoding. 

The bandwidths of the respective encoding blocks in the respective blocks are 

selected by the signal component coding circuit 12 to be narrower towards 

the low frequency ranges and broader towards the high frequency ranges. 

This enables generation of the quantization noisy to be controlled in keeping 

with psychoacoustic characteristics of the human auditory sense. 

The relation between the nuniber of quantization steps,' that is the 

quantization step information, and the quantization step information codes 

.;. : .... 
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generated by the codestring generating circuit 13 is explained with reference 

to Table I. 

TABLE 1 

number of bits of quantization step number of 
quantization precision . information ·code quantization steps 
information 

3 000 I 
001 3 
100 7 
011 15 
100 31 
IOf 63 
110 127 
111 255 

2 00 1 
01 3 
IO 7 
11 255 

1 0 1 
1 3 

Table 1 shows how the number of quantization steps, which varies 

from ·level 1 to level 255 may be represented in either 3 bits, 2 bits or 1 bit. 

Referring to Table I, if the qliantization step information codes are 

represented in three bits (from 11000" to 11 lll11), each corresponds to one of 

eight quantization step numbers of levels 1, 3, 7, 15, 31, 63, 127 and 255. 

On the other hand, if the quantization step information codes are represented 

in two bits (from "00" to "l l 11) each code corresponds to one o~ four 

quantization step numbers of levels 1, 3, 7 and 255. 

Finally, if the quantization step precision information codes are 

represented by only one bit ("O" and "l "), each code corresponds to one of 

. the quantization step numbers of levels 1 and 3. Quantization of a particular 

encoding block with the quantization step number of level 1 means that the 

spectral components SP in that ____ encoding block all have zero 

values. 

Conventionally, .the number of quantizing· steps used to encode U8 

would each be represented in the same number of bits. For example, Fig. 7 

~· '''I. 
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shows a codestring obtained by coding the quantization step numbers of the 

encoding blocks U 1 through U8 (quantization step information data q 1 

through q8, respectively) with 3-bit quantization step information codes using 

the conventional technique. On the other hand, in accordance with the 

invention, the number of quantizing steps used to encode each encoding block 

U 1 through U8 may be represented in unequal numbers of bits, fewer bits 

being employed where less encoding resolution is required. Fig. 8 shows a 

codestring obtained by coding the quantization step numbers of two 

low-range encoding blocks U 1 and U2 (quantization step information data q 1 

and q2) with 3-bit quantization step information codes and by coding the 

quantization step numbers of the remaining encoding blocks (quantization . 

step information data q3 to q8) with 2-bit quantization step information 

codes. 

In the codestrings of Figs. 7 and 8, the quantization step information 

codes are entered in a quantization precision information region (101 in the 

Fig. 7 codestring, 111 in the Fig. 8 codestring), while the encoded 

normalization coefficient information data and strings of normalized 

quantized spectral components are entered in a normalization coefficient 

information region (102 in the Fig. 7 codestring; 112 in the Fig. 8 codestring) 

and in a normalized and quantized frequency component string region (103 in 

the Fig. 7 codestring; 113 in the Fig. 8 codestring), respectively . 

. Generally, the human auditory sense is known to be less sensitive to 

high frequency signal componen~s than to low frequency range signal 

· components. Furthermore, in a majority of cases, the signal en~rgy is 

concentrated in the low frequency range. Thus, the number of quantization 

steps (quantization precision) need not be as high for the high frequency 

range as for the low frequency range. That is, encoding the high-range 

spectral components with quantization step information data in fewer bits has 

no deleterious effects on the sound later heard by the listener. 

Thus, as for the high-range spectral components, the quantization 
• 

precision information may be encoded with the information precision 

information codes represented·with a smaller number of bits (e.g., 2 bits vs. 3 
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bits for the low frequency range spectral components) thus improving the 

encoding efficiency, as shown in Fig. 8. 

However, referring to Fig. 9, there are occasions where tonal 

components with concentrated energy, shown at A and B, are present in a 

relatively high range encoding block, such as encoding blocks U6 or U7. 

· These tonal components are thus acoustically crucial components and must be 

encoded with sufficient quantization precision .. 

Using the number of quantization steps sh'own in Fig. 8 in which the 

quantization step information codes for the high range frequencies are all 

represented in two bits, quantization for encoding blocks having these tonal 

·components with concentrated energy may be made with the maximum 

number of steps (level 255) specified by the quantization step information 

code "I I'' (Table I). This, however, lowers the encoding efficiency since the 

spectral components in the same block are quantizecl with quantization 

precision which is higher than is necessary. 

Taking this into consideration, with the high-efficiency encoding 

method according to the first embodiment of th~ present invention, it is 

determined which spectral components are "tonal components" in need of 

high quantization precision, for assuring sound ·quality. In encoding the 

number of quantization steps (quantization precision information) for the 

other "non-tonal" components,_ the numbers of quantization steps are encoded 

with the quantization precision information codes represented with a smaller 

number of bits. 

Referring to Fig. 10, determining which spectral components are 

"tonal components," in need of high quantization precision and which are 

"non-tonal components," (i.e., noisy components), is discussed. 

The tonal components are those spectral components that exhibit 

concentrated energy distribution. In the present embodiment, 3 to 8 

frequency components exhibiting the highest concentrated energy distribution 

are separated out as being tonal components. 

Referring to Fig. I 0, the spectral components A 1, A2 and A3 in the 

encoding block U6 (indicated by broken lines) and the spectral components 
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Bl, B2 and 83 in the encoding block U7 (also indicated by broken lines) are 

the tonal components. It is apparent from Fig. I 0 that if the tonal 

components indicated by the broken lines are separated out, the absolute 

values of the remaining spectrai components in the encoding block which 

contain the tonal components is smaller, so that the normalization coefficients 

may be diminished. Thus, if lower quantization precision after normalization 

is used, the quantization noisy level which is subsequently generated is the 

same as would be generated when sufficient quantization precision is used 

(Fig. 9). 

In addition, for the encoding blocks that contain tonal components and 

for neighboring blocks, the masking effect of the tonal components is such 

that, even if the number of quantization steps for those encoding blocks is set 

to I so that the amplitude of all of the spectral components other than the 

tonal components is set to 0, there is only small deterioration in the sound 

quality ultimately perceived by the listener. 

Thus, by separating out the tonal components and by quantizing and 

encoding the remaining non-tonal spectral components, it becomes .possi~le to 

maintain lower quantization precision (smaller quantization step numbers) in 

encoding blocks that are in the vicinity of the encoding blocks that contain 

tonal components. Thus, for those encoding blocks, a smaller number of bits 

suffices for representing the quantization precision (number of quantization 

steps). In other words, it becomes possible to use quantization precision 

information codes that can be r~presented by a smaller number of bits. 

In a majority of cases, the tonal components are fundamental wave 

components and high harmonic components thereof which are attenuated at 

higher frequencies. Thus, for those high-range tonal components that have a 

high signal level, the frequency of the fundamental wave component is 

usually high enough that the high frequency range tonal components are 

significantly spaced apart from one another on the frequency axis. 

Thus, the tonal components on the high frequency end are easier to 

separate from the non-tonal components than the tonal.:.components on the 

low frequency end. In addition, taking into account the psychoacoustic 

., ... 
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characteristics of the human acoustic sense, the encoding block widths are 

selected to be broader on the high frequency range side, based upon the 

critical bandwidth. Thus it is more effective to separate the tonal components 

on the high frequency range side, for raising the encoding efficiency. 

The high efficiency encoder having the basic arrangement as shown in 

Fig. I · for carrying out the high efficiency encoding method of the present 

invention is explained in more detail with reference to Fig. 11. 

Referring to Fig. 11, waveform signals, such as analog acoustic 

signals, are provided at an input terminal 60. These acoustic signals are 

transformed into spectral components by a transform circuit 61 which may be 

similar to the transform circuits shown in Figs. I and 2. These spectral 

components are provided to a signal component separating circuit 62 which is 

provided within the signal component encoding circuit 12 of Fig. 1. 

The signal component separating circuit 62 .separates the spectral 

components into tonal components, which exhibit steep spectral distribution 

and other ~pectral components, which are noisy components that exhibit flat 

spectral distribution. That is, the signal component separating circuit 62 

separates the spectral components supplied thereto into tonal components 

made up of a pre-set smaller number (e.g., 3 to 8) spectral components that 

exhibit concentrated energy distribution and the remaining noisy components. 

The tonal comP,onents and the noisy components are transmitted to the tonal 

component encoding circuit 63 and to the noisy component encoding circuit 

64, respectively. 

The tonal component encoding. circuit 63 and the noisy component 

encoding circuit 64 have the same basic construction as the corresponding 

circuits shown in Fig. 3, and they perform the above-mentioned normalization 

and quantization on the tonal components and on the noisy components 

respectively supplied thereto. However, the tonal component encoding circuit 

63 processes only the tonal components, while the noisy component encoding 

circuit 64 processes the noisy .components after separation of the tonal 

components. Since the absolute values of the remaining spectral ~mponents 

in the encoding block ·which contained the tonal components are relatively 

,. · ... 
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smaller than the absolute values of the tonal components themselves, a 

smaller value normalization coefficient may be employed for ·these encoding 

blocks. 

It is to be understood that the term !'noisy components" are spectral 

components which may or may not be representative or' "noise". (such as 

quantization noise. or thermal noise) but, rather, may consist solely of lower 

energy spectral components. 

On the other hand, if low quantization preCision after normalization is 

used for each encoding block (i.e., a smaller number of quantization steps is 

used), the quantization noisy which is subsequently produced may be 

maintained at the same 1eve1 as. that when the tonal components have not 

been separated but a higher quantization precision is employed. Thus, the 

noisy component encoding circuit 64 uses coarse quantization precision after 

normalization in each encoding block. 

In addition, in the encoding blocks neighboring to the encoding blocks 

containing the to.nal ·components, the masking effect of the tonal components 

is such that the signal is perceived as being scarcely deteriorated by the 

liste.ner. Thus the noisy .component encoding circuit 64 ·sets to 1 the number 

of quantization steps of these neighboring encoding blocks, ·while setting the 

amplitudes of these noisy components. to 0. 

Thus, in the high efficiency encoding method arid apparatus of the 

first embodiment shown in Fig. 11, since the tonal components are separated 

and the remaining spectral components (i.e., the noisy comporients) other than 

the separated tonal components are quantized and encoded encoding block by 

encoding block, it becomes possible to maintain a coarse quantization 

precision in the encoding blocks that are in the vicinity of encoding blocks 

that contain tonal components and, hence, to use quantization step 

information codes represented by a smaller number of bits. That is, with the 

high efficiency encoding method and apparatus of the first embodiment, it 

becomes possible to maintain a high degree of freedom in controlling · 

·quantization precision and to achieve efficient encoding while the number of 

~ . ,, 
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bits representing the quantization precision information is maintained at a 

relatively low value. 

The tonal component encoding circuit 63 and the noisy component 

encoding circuit 64, in addition to providing the respective quantized spectral 

components to a codestring generating circuit 65, also provide the respective 

encoded normalization coefficient information and quantization precision 

information data to the codestring generating.circuit 65. The codestring 

generating circuit 65 is identical, or similar to, the Fig. I codestring 

generating circuit 13. 

The codestring generating circuit 65 generates the codestring shown in 

Fig. 12 from the above-mentioned signals supplied thereto. That is, the 

codestring genera~ing circuit 65 arrays, at a leading end for each block, both 

the tonal component information 121 obtained from encoding the separated 

tonal components and the information specifying the band(s) of the tonal 

components. The noisy component information obtained from encoding the 

remaining noisy components are arrayed next. In particular, the encoded 

noisy component information includes the quantization step information codes 

122 (ql to q8) for each encoding block; the normalization coefficient 

information 123 (nl to n8) for each encoding block; and a string 124 of the 

normalized and quantized spectral components. 

In the example of Fig. 12, the quanti,zation step information codes q 1 

and q2, for the Fig. 10 low-range encoding blocks Ul and U2, respectively, 

are each represented by 3 bits. The quantization step information codes q3 to 

q8, for the remaining Fig. 10 encoding blocks U3 to U8, respectively, are 

each represent~d by 1 bit. 

The tonal component information 121 includes band specifying 

information which specifies from which band the tonal componep.ts came; the 

number of bands having tonal components. For each band having tonal 

components, the tonal component information 121 includes the encoded 

quantization step information and normalization coefficient information. For 

each respective tonal component within the band, the tonal component 

., 
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information 121 includes normalized quantized frequency component 

information obtained when normalizing and quantizing the tonal components. 

Taking the example of Fig. I 0, since there is at least one tonal 

component in each of the encoding blocks U6 and U7, the number of tonal 

component information data is 2. The number of the tonal component 

information data is followed by the quantization step information qA; the 

normalization coefficient informa~ion nA; and the band-specifying 

information 1 A pertaining to the encoding block .06. Then follows the 

normalized and quantized frequency component information data SAi, SA2 

and SA3, for each of the three spectral components A 1, A2 and A3 which are 

the tonal components in the encoding block U6. 

Similarly, for the encoding block U7, the tonal component information 

121 includes the quantization step information qB; the normalization 

coefficient information nB; and the band-specifying information lB pertaining 

to the encoding block U7. Then follows the normalized and quantized 

frequency component information SBl, SB2 and SB3, for each of the three 

spectral components Bl, B2 and B3 which are the tonal components in the 

encoding block U7. 

The band-specifying information may be, for ~xample, merely the 

smallest spectral component number. 

A process by which the signal component separating circuit 62 (Fig. 

11) may separate the tonal components from the spectral components is 

explained with reference to Fig._ 13. In Fig. 13, I ~enotes the "number" of a 

particular spectral component. This may be, e.g., a separate serial number 

assigned to each frequency component as counted from the low frequency 

side. N denotes the total number of spectral components and P and R denote 

pre-set coefficients. 

In general, a tonal component is a spectral component which meets 

the following conditions. First, the absolute value of the spectral component 

is locally larger than the remaining spectral components in the encoding 

block. Second, the spectral component is larger than a pre-set fraction of the 

absolute value of the largest spectral component in the encoding block. 

\ .. :,,; 
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Third, the energy sum of the spectral component and neighboring components 

(e.g., both spectral components which neighbor it) is larger than a pre-set 

fraction of the energy in the encoding block: In addition, the neighboring 

spectral components are also deemed to be tonal components. · 

The width of each pre-set band which is to be used as a basis for 

comparison of the ration of energy distribution (i.e., the encoding block) may 

be selected to be narrower for lower frequency ranges and wider for higher 

frequency ranges. Such a selection is in general consistent with the 

bandwidth of critical bands previously described. That is, particular encoding 

bands may be determined in accordance with the psychoacoustic properties of 

the human auditory sense as discussed above. 

Referring still to Fig. 13, at step SI, the absolute ·maximum value of 

spectral components in a time block, termed the maximum spectral absolute 

value, is set to AO. The value of AO is a preset parameter. At step S2, the 

number I ·of the spectral component is initialized to one. 

At the next step, S3, the variable A is set to be the absolute value of 

the I-th spectral comp~nent I. At step S4, it is determined wheth~r or not the 

spectral absolute .value A is the locally maximum absolute spectral value by 

comparing it to the absolute value of the other spectral components of the 

encoding block. If the result of the determination at step 84 is NO (that is, if 

it is determined that the spectral absolute value A is not the locally maximum 

absolute spectral value), the program skips to step SIO. If the result of 

judgment at step S4 is YES, the.program transfers to step S5. 

At step SS, it is determined whether A/AO> P. That is, it is 

determined if the spectral absolute value A is larger than the absolute 

maximum value of spectral components in the encoding block, by a pre-set 

value P .. If the result of the step SS determination is NO, the program· skips 

to step SI 0. ]f the result of the step S5 determination judgment is YES, the 

program transfers to step S6. 

At step 86, the energy sum of the spectral components neighboring 

the spectral component I (which has been determined to have the locally 

';> :." 
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maximum absolute spectral value) is found and assigned to the variable X. 

This energy sum X is termed the neighboring spectral energy value. 

At step S7, the total energy value in the encoding block containing the 

spectral component I and the neighboring spectral components is determined 

and assigned to the variable. This total energy value Y is termed the energy 

value of the pre-set band. 

At the next step SS, it is determined whether XJY > R, that is whether 

the energy sum x of the spectral component corresponding to the locally 

maximum absolute spectral value and the neighboring spectral components is 

larger than the total energy Y of the pre-set band (encoding block) containing 

these frequency componen,ts by a preset ratio R If the result of the step SS 

determination is NO, the program skips to step S 10. If the result of the step 

88 determination is YES, the program transfers to step 89. 

At step 89, th~ spectral component I and the neighboring spectral 

components are registered as being tonal components. 

At the next step SI 0, it is determined whether all of the spectral 

components of the encoding block have been inspected by determining 

whether the serial number I of the spectral component is equal to the total 

number N of the spectral components. If the result of the step SI 0 

determin,ation is NO, the number I is incremented by 1. The program then 

reverts to step S3. On the other hand, if the result of the step S 10 

determination is YES, the processing of the tonal components in the encoding 

block is terminated. T~e progrcµn then processes the tonal components of the 

next encoding block. 

Fig. 14 illustrates, in greater detail, a particular embodiment of the 

Fig. 4 high efficiency decoder. The Fig. 14 high efficiency decoder 

performing decoding which is the reverse of the encoding performed by the 

Fig. 11 high efficiency encoder. 

Referring to Fig. 14, the Fig. 12 codestring, generated by the Fig. 11 

high efficiency encoder and either transmitted or recorded on a re(:ording 

medium, is supplied to an input terminal 70. A codestring resolving circuit 

71 resolves the codestring into the encoded tonal component information and 

. ' 
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the other noisy component information. The encoded tonal component 

information and the other noisy component information are provided from the 

codestring resolving circuit 71 to a tonal component decoding circuit 72 and 

to a noisy component decoding circuit 73, respectively. 

The tonal compon~nt decoding circuit 72 and the noisy component 

decoding circuit 73 each decode the encoded quantization precision portion 

and the normalization coefficient portion of the respective provided encoded 

information. Using the decoded quantization precision information and the 

normalization coefficient information, the decoding circuits 72, 73 process the 

normalized and quantized frequency component portions of the provided 

information by executing a decoding operation which is the reverse of the 

encoding operation performed by the Fig. 11 encoder. Both the tonal 

component decoding circuit 72 and the noisy component decoding circuit 73 

contain therein a table corresponding to Table I (quantization step 

information selection branches) so that the quantization step information 

number can be determined by selecting from the table the quantization step 

information number associated with the quantization step information code. 

The decoded tonal components and noisy components are provided to a 

synthesizing circuit 74, where the decoded tonal components and noisy 

components are synthesized by a synthesizing operation which is the reverse 

of the separating operation performed by the Fig. 11 signal component 

separating circuit 62. That is, the synthesis circuit 7 4 synthesizes the decoded 

tonal components and noisy components to reconstruct the spectral 

components of the encoding block as they were prior to separation by the 

signal separating circuit 62 (Fig. 10). 

With reference again to Fig. 14, the synthesized output of the 
synthesizing circuit 74 is provided to the inverse· transform circuit 75, which 

is similar to ~e Figs. 4 and 5 inverse transform circuits, to inverse transform 

the synthesized output into waveform signals. The waveform signals are 

provided to an output terminal 76. 

Although an embodiment of the invention in which the tonal 

components and the noisy components are synthesized together by the 
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synthesizing circuit 74 and inverse transformed by the inverse transform 

circuit 75 is shown in Fig. 14, it is also possible to first inverse transform the 

tonal and noisy components and, then, to subsequently synthesize the inverse 

transformed tonal and noisy components. The process of inverse transform 

and synthesis may also be carried out simultaneously instead of separately 

performing the two operations. 

A second embodiment of the high efficiency encoding according to 

the present invention now discussed. With the high efficiency encoding 

method according the second embodiment of the present invention, the 

method of representation in which the numbers of quantization steps 

(quantization precision information) are encoded to the quantization precision 

information codes is as shown in Table 2: 

TABLE 2 

quantization numbers of bits quantization step numbers of 
step information of quantization information quantization 
table selection step information codes steps 
codes 

00 3 000 1 
001 3 
010 7 
011 15 
1°00 31 
101 63 
110 127 
111 255 

01 2 00 1 
01 3 
10 7 
11 255 

10 1 0 1 
1 3 

In Table 2, similar to Table 1, the quantization step information codes 

are represented by either 3 bits, 2 bits or 1 bit, as .indicated by the 

quantization precision information table selection codes. 

\ -· 
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With the second embodiment, input signals may be efficiently encoded 

by varying the boundary of transition of the numbers of bits of the 

quantization step information codes. 

Fig. 15 shows an illustrative example of a codestring generated by the 

high efficiency encoding method in accordance with the second embodiment. 

As can be seen with reference to Table 2, the quantization step information 

codes from "000" to 111 for the low frequency range encoding blocks, are 

associated with the qu~tization step information table selection code "00" of 

Table 2. The quantization step information codes "00" to 11 l l 11, for the high 

frequency range encoding blocks, are associated with the quantization step 

information table selection code 1101 11 of Table 2. 

Referring now to Fig. 15, quantization step informati9n table 

boundary information 151 is arrayed at the leading end of the Fig. 15 table. 

This information specifies the transition boundary of the numbers of bits of 

quantization step information codes. 

That is, in the Fig. 15 example of the second embodiment, 3 bits and 

2 bits are afforded to the quantization step information codes for the 

low-range encoding blocks and for the high-range encoding blocks, 

respectively. It is optional as to where the transition from three bits (for low 

range) and two bits (for low range) occurs. For this reason, the boundary 

between the low-range encoding blocks and the high-range encoding blocks is 

specified by the quantization step information table bouridary information 

151. Although it may be envisaged to set the respective quantization step 

information data 152 to a fixed length, such as 3 bits, in place of using the 

boundary information, this would require as many as 6 redundant bits for 

eight encoding blocks. By contrast, if the quantization step information table 

boundary information 151 is used, only 3 bits are required. Thus difference 

becomes more pronounced in actual application· where there are a larger 

number of encoding blocks. 

Thus, with the second embodiment, it becomes possible to encode the 

Fig. 6 spectral components with sufficiei:it sound quality while minimizing the 

quantity of subsidiary information required to represent the quantization 
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precision (number of quantization steps) in the quantization step information 

codes. 

Thus, with the second embodiment, it is sufficient to set the value of 

the quantization step information table boundary information 151 of Fig. 15 

to 7 instead of 2 (the quantization step information table boundary 

information = 7) and to select the quantization precision information codes 

from the quantization step information table associated with the quantization 
' 

step information selection code of "00" in Table 2. This provides a necessary 

and sufficient quantization precision to be selected for the encoding blocks 

U6 and U7 of Fig. 9. 

Fig. 16 shows a codestring of a second example generated by the 

second embodiment high efficiency encoding method. 

With the codestrin_g of the Fig. 16 example, a quantization step 

information table selection code 162, set to "01 ", is arrayed after the a 

quantization step information table boundary informat~on 161. In general, it 

is possible to select the associated quantization step information table (00 to 

11) of Table 2. 

The low-range side quantization step information table selection code 

"00" may be arranged ahead of the quantization step information table 

boundary information 161 in. order to permit selection of the quantization step 

information table (000 to 111) of Table 2. 

Although only· one quantization step information table boundary (the 

boundary in the frequency dom~ of transition of the number of bits of the 

quantization step information) is pr.ovided in the illustrative examples of Figs. 

15 and 16, two or more boundaty information data may be provided and, in 

addition, may be varied from encoding block to enc~ding block. If the 
. ' . 

boundary information data is to be varied from block to.block, it.is sufficient 

if the boundary information data is encoded and arrayed at the leading end of 

ihe codestring for each encoding block. 

The high efficiency encoding method in accordance with the second 

embodiment of the present invention is now explained with reference to Fig. 
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I 7, which shows the processing ·flow for determining the quantization 

precision information table boundary M. 

The position M of the quantjzation step information table boundary is 

determined with particular reference to the principle that a smaller number of 

bits is required to represent the quantization step information of a particular 

encoding block if the energy of the encoding block is lowered by separating 

out the tonal components (as in the first embodiment). The processing of 

Fig. 17 determines the extent of low-range encoding blocks with which the 

quantization precision information table may be employed. 

Referring to Fig. I 7, the position M of the quantization step 

information table boundary is initializeQ., at step S 101, to 8 corresponding to 

the high-range side encoding block. At the n_ext step S 102, the energy value 

·of the encoding block of the number corresponding to the position M is 

determined and this value is given to EO(M). At step 8103, the energy value 

of the tonal component in the encoding block of the number corresponding to 

the position Mis determined and this value is given to El(M). 

At step S104, El(M)/EO(M) is compared to a pre-set coefficient T 

(El(M)/EO(M) > T?). If the result of the comparison of step S104 is YES, 

the program transfers to step S105. 

At step S105, Mis decremented by 1. The program then transfers to 

step S 106. If, at step S 106, M is equal to 0. If not, the program reverts to 

step S102. 

If the result of decision ~t step S 104 is NO, or if the result of decision 

at step S 106 is YES, the Fig. 17 processing comes to a close. Then, the next 

time block is processed. 

Fig. 18 shows a third example codestring generated by thei second 

embodiment of the high efficiency encoding method, for a situation where the 

tonal components have been separated. 

With the Fig. 18 codestring, the tonal component information 181 is . 
similar to that of the Fig. 12 tonal component information 121. The tonal 

component information 181, obtained by encoding the separated tonal 

components, is arrayed first for each block. · The tonal component 
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information 181 is followe~ by the quantization precision information table 

boundary information 182 and the noisy component information 183 and 184, 

obtained by encoding the noisy components. Again, this is similar to the 

noisy component information 122 and 123 of Fig. 12. For the low frequency 

side, the noisy component information obtained by encoding the noisy 

components is quantized for each encoding block with the nm::nber of 

quantization steps that corresponds to the quantization step information code 

selected from the section of the quantization precision information table that 

corresponds to the quantization step information table selection codes "00" of 

Table 2. For the high range side, the noisy components are quantized with 

the number of quantization steps that corresponds to the quantization step 

information code selected from the section of the quantization precision 

information table that corresponds to the quantization step information table 

selection codes "1 O" of Table 2. 

The above-described high efficiency encoding method of the second 

embodiment, if encoding is carried out by a method conforming to the ability 

of the encoder, efficient coding may be achieved in a manner suited to the 

respective cases. In effect, the encoding after separation of tonal components 

is favorable in realizing efficient encoding. However, with the present 

second embodiment, the amount of processing is larger than with encoding 

without preliminarily separating the tonal components. Thus, with an encoder 

with limited processing capability, it is difficult to effect the encoding after 

separating the tonal componentS. over the entire range. It suffices in such case 

to set the number of bits of the quantization step information codes for each 

encoding block to a larger value up to a relatively higher frequency range or 

over the entire frequency range for assuring a broader latitude of selection of 

the number of quantization steps that can be selected for each encoding 

block. 

On the other hand, if encoding is to be carried out using an encoder 

having a high processing capacity, it becomes possible to extract the tonal 

components from a broader range, for example, from the entire frequency 

range, ~d hence to decrease the number of quantization steps in a majority 

t 
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of encoding blocks in the high frequency range, thus enabling the number of 

bits of the quantization precision information codes representing the number 

of quantization steps to be set to a smaller value. 

A high efficiency encoder in accordance with the second embodiment 

may be basically similar to the Fig. 11 encoding in accordance with the first 

embodiment. The method used to separate the tonal ·Components may be the 

. same as that shown in the Fig. 13 flow chart. Table 2 is stored in the noisy 

component encoding circuit 64 of Fig. 11. The ,quantization precision 

information table boundary information and the quantization step table 

selection codes are generated and .provided by the quantization step decision 

circuit 33 within the noisy component encoding circuit 64 (Fig. 3). 

The corresponding decoder is also basically the same as the Fig. 14 

decoder. That is, the high efficiency decoder of the second embodiment first 

decodes the encoded quantization step information and the encoded 

normalization coefficient information. The decoder then processes the 

normalized and quantized frequency component information using the 

decoded quantization precision information and the normalization coefficient 

information. The noisy component decoding circuit 73 of the· present second· 

embodiment stores therein a table corresponding to Table 2 (quantization step 

information selection branches) and decodes the quantization step information 

codes by selecting the quantization step information associated with the. 

quantization step information codes. 

It is seen from the foregping that, with the use of. the high efficiency 

encoding method and apparatus of the second embodiment, the quantization . 
precision (number of quantization steps) for a particular encoding block is 

chosen depending upon the frequency distribution of input signals and the 

capability of the processing device, thu5 enabling high efficiency encoding of 

input signals. 

With ·the above-described first and second embodiments of the present 

invention, ·the signals encoded are those filtered by a band splitting filter 

before being orthogonal-transformed by MDCT in the transform circuits of 

Figs. 1 and 11, and the signals being decoded are those inverse 

·• .. 
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orthogonal-transformed by an inverse MDCT (IMDCT) circuit (i.e., band 

synthesized) before being filtered by a band-synthesizing filter. However, it 

is possible to carry out MDCT or IMDCT directly without employing the 

band- splitting filter or the band-synthesizing filter. It is also possible to 

employ DFT or DCT. in place of MDCT described above. 

Moreover, it is also possible to carry out the band splitting and band 

synthesis solely with a band-splitting filter and a band-synthesizing filter, 
' respectively, without resorting to orthogonal transform. The encoding block 

may be a sole band, split using a band-splitting filter, or plural bands, 

obtained by grouping several bands together. The tonal components may be 

comprised of plural samples, within a sole band, or plural bands split using a 

band-splitting filter. However, it is preferred, for efficient application of the 

present invention, to use MDCT for orthogonal transform and to construct the 

encoding blocks after transforming the input signal into a large number of 

spectral components (spectra signals). 

In the above description, encoding is· carried out after separating the 

spectral components into tonal components and other components (noisy 

components). However, the present invention may be applied even if the 

separated and encoded components are not the tonal components in which the 

signal energy is concentrated in specified frequency ranges. However, the 

present invention may be applied most effectively by separating the tonal 

components, since it is the tonal oomponents that must in need of 

quantization precision. 

Although the foregoing description has been with reference to the 

encoding of acoustic signals, the present invention may also be applied to 

other signals, such as picture signals, which exhibit a sharp spectral 

distribution. Acoustic signals are most in neec.i of high precision encoding 

since these signals generally have a sharp spectral distribution .. The 

high-range side components of the acoustic signals do not require high 

quantization precision as compared to the low range side components, and the 

acoustically efficient encoding. may be achieved by separating the tonal 

components before encoding. 

. . 
:.\ 



33 

The present method rn:ay also be applied to signals which are to be 

transmitted rather than being recorded on a recording medium. 

It is seen from above that, with the encoding methods and apparatus 

of the present invention, it is possible to maintain a degree of freedom for 

controlling the quantization precision, while the number or bits representing 

the quantization step information can be maintained at a sufficiently low 

level, thus assuring high efficiency encoding. Moreover. with the encoding 

methods and apparatus of the present invention, it' is possible to encode the 

quantization step information efficiently, with dependence upon the frequency 

distribution of the inp1,1t signal or the capability of the encoder, thus realizing 

highly efficient encoding of input signals. 

Thus it is possible with· the high efficiency decoding method and 

apparatus of the present invention to produce optimum decoded signals, while 

effective utilizing the transmission capacity of a transmission or the recording 

capacity of a recording medium. 

.s • ;,. 
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* C l M S * 

WHAT IS CLAIMED IS: 

1. An encoding method for compression encoding of a digital 

signal, comprising the steps of: 

transforming the digital signals into ·spectral components; · 

blocking said spectral components into encoding blocks each having at 

least two spectral components; 

for at least one of said encoding blocks, separating said blocked 

spectral components into first spectral components made up of specified 

samples and second spectral components excluding said first spectral 

components; 

normalizing and, with a quantization precision, quantizing at least said 

first spectral components, for at least one encoding block from which said 

first spectral components are derived; and 

encoding information indicating the quantization precision and the 

normalized and quantized first spectral components. 

2. The encoding method of claim 1, wherein the quantization 

precision with which first spectral components in higher frequency range 

encoding blocks are quantized is lower than the quantization precision With 

which first spectral components in ·a lower frequency range encoding blocks 

are quantized. 

3. The encoding method of claim 1, wherein the information 

indicating the quantization precision indicates one of a plurality of 

quantization precision values to be selected for an encoding block. 

4. The encoding method of claim 2, further comprising the step 

of: 

generating boundary information indicating at least one boundary of 

quantization precision information. 
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5. The encoding method of claim 4, wherein said boundary 

information specifies a number of low frequency range encoding blocks to be 

quantized using a same quantization precision value. 

6. The encoding method of claim 1, wherein said first spectral 

components are tonal components made up of a group of spectral components 

having an energy level higher than an average energy level of all the spectral 

components within the encoding block. 

7. The encoding method of claim 1, wherein said second spectral 

components are tonal components made up of a group of spectral components 

having an energy level higher than an average energy level of all the spectral 

components within the encoding block. 

8. An encoding apparatus for compression encoding of a digital 

signal, comprising: 

means for transforming the digital signals into spectral components; 

means for blocking said spectral components into encoding blocks 

each having at least two spectral components; 

means, for at least one of said encoding blocks, for separating said 

blocked spectral components into first spectral components made up of 

specified samples and second spectral components excluding said first spectral 

components; 

means for normalizing and quanti:Zing at least said first spectral 

components, for at least one encoding block from which said first spectral 

components are derived, with a quantization precision; and 

means for encoding information indicating the quantization precision 

and the normalized and quantized first spectral components. 

9. The encoding apparatus of claim· 8, wherein the quaritization 

precision with which first spectral components in higher frequency range 

encoding blocks are quantized by said means for normalizing and quantizing 
• 
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is lower than the quantization precision with which first spectral components 

in a lower frequency range .encoding blocks are quantized by said means for 

normalizing and quantizing. 

I 0. The encoding apparatus of claim 8, wherein the information 

indicating the quantization precision indicates one of a plurality of 

quantization precision values to be selected for quantizing an encoding block. 

11. The encoding apparatus of claim 9, further comprising: 

means for generating boundary information indicating at least one 

bound8.ry of quantization precision information. 

12. The encoding apparatus of claim 11, wherein said boundary 

information specifies a number of low frequency range encoding blocks to be 

quantized by said means for normalizing and quantizing using a same 

quantization precision value. 

13. The encoding apparatus of claim 8, wherein said first spectral 

components are tonal components made up of a g~oup of spectral components 

having an energy level higher than an average energy level of all the spectral 

components within the encoding block. 

14. The· encoding apparatus of claim 8, wherein said second 

spectral components are tonal components made up of a group of spectral 

components having an energy level higher than an average energy level of all 

the spectral components within the encoding block. 

15. A decoding method for decoding encoded digital signals 

wherein encoded first spectral components and encoded second spectral 

components are derived from a same encoding block, the method comprising: 

decoding the encoded first spectral components; 

decoding the encoded second spectral components; and 
• 
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synthesizing the decoded first and second spectral components. 

16. The decoding method of claim 15, wherein the encoded second 

spectral components are decoded based upon information indicating a 

quantization precisioi:i of the encoded second spectral components, the 

information indicating the quantization precision denoting one of a plurality 

of quantization precision values from one encoding block to another, and the 

information which indicates the quantization precision is specified with a 

smaller number of bits for high frequency range encoding block than for low 

frequency range encoding blocks. 

17. The decoding method of claim 16, further comprising the step 

of: 

detecting boundary information which indicates a boundary of 

quantization precision values, and wherein the encoded second spectral 

components are decoded utilizing the detected boundary information. 

18. The decodi:ng method of claim 17, wherein said boundary 

information specifies a number of low frequency range blocks having a same 

quantization precision value. 

19. The decoding method of claim 15, wherein said first spectral 

components are tonal components made up of a group of spectral components 

having an energy level higher than an average energy level of all the spectral 

components in the encoding block. 

20. The decoding method of claim 15, wherein said first spectral 

components are tonal components made up of a group of spectral components 

having an energy level. higher than an average energy level of all the spectral 

components in the encoding block. 

\ ·• 
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21. The decoding method of claim 15, further comprising the step 

of: 

selecting one of a plurality of quantization precision values based 

upon the information indicating the quantization precision. 

22. A decoding apparatus for decoding encoded digital signals 

wherein encoded first spectral components and encoded second spectral 

components are derived from a same encoding block, the apparatus 

comprising: 

first decoding means for decoding the encoded first spectral 

components; 

second decoding means for decoding the encoded second spectral 

components; and 

means for synthesizing the decoded first and second spectral 

components. 

23. The decoding apparatus of claim 22, wherein the second 

decoding means decodes the encoded second spectral components based upon 

information indicating a quantization precision of the encoded second spectral 

components, the information indicating the quantization precision denoting 

one of a plurality. of q~tization precision values from one encoding block to 

another, and the· information which indicates the quantization precision is 

specified with a smaller number of bits for high frequency range encoding 

block than for low frequency range encoding blocks. 

24. The decoding apparatus of claim 23, further comprising: 

means for detecting boundary information which indicates a boundary 

of quantization precision values, and wherein the second decoding means 

further comprises means for utilizing the detected boundary information . 

. , 
... \ 
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25. The decoding apparatus of claim 24, wherein said boundary 

information specifies to the second decoding means a number of low 

frequency range blocks having a same quantization precision value. 

26. The decoding apparatus of claim 22, wherein said first spectral 

components are tonal components made up of a group of spectral components 

.having an energy level higher than an average energy level of all the spectral 

components in the encoding block. 

27. The decoding apparatus of claim 22, wherein said first spectral 

components are tonal componentS made up of a group of spectral components 

having an energy level higher than an average energy level of all the spectral 

components in the encoding block. 

28. · The decoding apparatus of claim 22, further comprising: 

means for selecting one of a plurality of quantization precision values 

based upon the information indicating the quantization precision. 

29. A recording medium having recorded thereon signals· generated 

by. a method for encoding of digital signals, the recorded encoded signals 

operative to control decoding of said recorded encoded signals by a decoding 

apparatus, the encoded signals being generated by a method comprising the 

steps of: 

transforming the digital signals into spectral components; 

blocking said spectral components into encoding blocks ·each having at 

least two spectral components; 

for at least one of said encoding blocks, separating said blocked 

spectral components into first spectral components made up of specified 

samples and second spectral components excluding said first spectral 

components; 

.\ 
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normalizing and quantizing at least said first spectral component~, for 

at least one encoding block from which said first spectral components are 

derived, with a quantization precision; and 

encoding information indicating the quantization precision and the 

normalized and quantized first spectral components. 
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