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(57) ABSTRACT 

An apparatus and method of low bit rate encoding and repro 
ducing. The method includes transforming input audio sig 
nals in a time domain into spectral signals in a frequency 
domain, extracting important-spectrum components from the 
spectral signals in the frequency domain, and quantizing the 
important-spectrum components, extracting residual-spec 
trum components other than the important-spectrum compo 
nents from the spectral signals in the frequency domain, and 
calculating and quantizing a noise level of the residual-spec 
trum components, and encoding the quantized important 
spectrum components and the quantized noise level loss 
lessly, and outputting encoded bitstreams. 
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METHOD AND APPARATUS FOR LOW BIT 
RATE ENCOOING AND DECODING 

Matter enclosed in heavy brackets appears in the 
original patent but forms no part of this reissue specifica 
tion; matter printed in italics indicates the additions 
made by reissue; a claim printed with strikethrough indi 
cates that the claim was canceled, disclaimed, or held 
invalid by a prior post-patent action or proceeding. 

CROSS-REFERENCE TO RELATED 
APPLICATION 

This application claims the priority of Korean Patent 
Application No. 10-2004-0109267 filed on Dec. 21, 2004, in 
the Korean Intellectual Property Office, the disclosure of 
which is incorporated herein by reference. 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 
The present invention relates to methods and apparatuses 

for encoding and decoding, and more particularly, to methods 
and apparatuses for low bit rate encoding and decoding, 
which can efficiently compress data at a low bit rate while 
maintaining high Sound quality. 

2. Description of Related Art 
Information carrier waves are analog signals, which are 

continuous in time and amplitude. Accordingly, in order to 
represent the information, carrier waves in a discrete form, 
analog-to-digital (AWD) conversion is used. A/D conversion 
comprises two processes: discretion in time (sampling), and 
quantization of amplitude. Sampling is a process that converts 
time continuous signals into time discrete signals. Amplitude 
quantization is a process that defines the number of possible 
amplitudes of discrete signals. Namely, amplitude quantiza 
tion replaces input amplitude X(n) by y(n) within a limit of 
possible amplitude levels. 

Generally, digital data is obtained after sampling and 
amplitude quantization of analog signals. It is then stored in a 
recording/storage medium, Such as a compact disc (CD) or a 
digital audio tape (DAT), in pulse code modulation (PCM) 
format to be reproduced as needed. The PCM scheme for 
storage and reproduction helps to improve sound quality and 
to prevent degradation over time in comparison with any 
other analog scheme, but has a problem in the storage and 
communication of large amounts of data. 

To solve this problem of the PCM scheme, differential 
pulse code modulation (DPCM) and adaptive differential 
pulse code modulation (ADPCM) schemes have been devel 
oped. Using these schemes, attempts have been made to 
reduce the amount of digital audio data, however, their effi 
ciencies vary greatly depending on signal types. In the Mov 
ing Pictures Experts Group (MPEG)/audio scheme, which 
recently have been standardized by the International Standard 
Organization (ISO), or in the AC-2/AC-3 scheme, developed 
by Dolby Laboratories Inc., the human psychoacoustic model 
has been used to efficiently reduce the amount of data. 

In known audio data compression schemes, such as 
MPEG-1/audio, MPEG-2/audio, or AC-2/AC-3, signals in 
the time domain, which are grouped into blocks of a set size, 
are transformed into signals in the frequency domain. The 
transformed signals are then Subjected to Scalar quantization 
using the human psychoacoustic model. The scalar quantiza 
tion is simple, but not optimal, even when input samples are 
statistically independent, and it is certain to be at a great 
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2 
insufficiency when input samples are statistically dependent. 
To compensate for this, lossless compression encoding, Such 
as entropy encoding or another type of adaptive quantization, 
is incorporated into the encoding process. Consequently, 
audio data compression schemes become much more com 
plicated than those that only stores PCM data, and have bit 
streams containing not only quantized PCM data but also 
additional information for data compression. 
An MPEG/audio standardized scheme or an AC-2/AC-3 

scheme provides sound quality comparable to that of a com 
pact disc, at one-eighth to one-sixth of data of other known 
digital encoding methods, and at a bit rate of between 64 and 
384 kbps. Thus, the MPEG/audio standard is expected to play 
an important role in storing and communicating audio signals 
in multimedia systems, such as digital audio broadcasting 
(DAB), audio on demand (AOD), and Internet phones. 

Unfortunately, when encoding at low bit rate below 32 
kbps, the encoding method with only signal quantization 
lacks available bits to encode. Accordingly, there is a need to 
have an efficient method for low bit rate compression of audio 
signals that can maintain close-to-original Sound reproduc 
tion. 

BRIEF SUMMARY 

An aspect of the present invention provides a method and 
apparatus for low bit rate encoding and decoding, which 
provides efficient data compression and close-to-original 
Sound reproduction. 

According to an aspect of the present invention, there is 
provided an method of low bit rate encoding including trans 
forming input audio signals in a time domain into spectral 
signals in a frequency domain, extracting important-spectrum 
components from the spectral signals in the frequency 
domain, and quantizing the important-spectrum components, 
extracting residual-spectrum components other than the 
important-spectrum components from the spectral signals in 
the frequency domain, and calculating and quantizing a noise 
level of the residual-spectrum components, and encoding the 
quantized important-spectrum components and the quantized 
noise level losslessly, and outputting encoded bitstreams. 

According to another aspect of the present invention, there 
is provided an apparatus for low bit rate encoding including 
an important-spectrum component processing unit that 
extracts important-spectrum components from a spectral sig 
nal in a frequency domain and quantizes the important-spec 
trum components, a noise component processing unit that 
extracts residual-spectrum components other than the impor 
tant-spectrum components from the spectral signal in the 
frequency domain, and calculates and quantizes noise levels 
for the residual-spectrum components, and a lossless encod 
ing unit that encodes the important-spectrum components and 
the noise level losslessly, and outputs encoded bitstreams. 

According to still another aspect of the present invention, 
there is provided an method of low bit rate decoding including 
decoding input bitstreams into spectral signals losslessly, 
dequantizing quantized important-spectrum components of 
decoded spectral signals, dequantizing noise level of addi 
tional information of the decoded spectral signals to generate 
noise components, combining the dequantized important 
spectrum components and the noise components to be output 
as spectral signals in a frequency domain, and generating 
spectral signals in a time domain from the spectral signals in 
the frequency domain. 

According to still another aspect of the present invention, 
there is provided an apparatus for low bit rate decoding 
including a lossless decoding unit that decodes input bit 
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streams into spectral signals losslessly, an important-spec 
trum component dequantizing unit that dequantizes quan 
tized important-spectrum components of the decoded 
spectral signals, a noise component processing unit that 
dequantizes a noise level of additional information of the 
decoded spectral signals to generate noise components, a 
spectrum combining unit that combines the dequantized 
important-spectrum components and the noise components 
to be output as spectral signals in a frequency domain, and a 
signal generating unit that generates spectral signals in a time 
domain from the spectral signals in the frequency domain. 

According to still other aspects of the present invention, 
there are provided computer-readable storage media encoded 
with processing instructions for causing a processor to 
execute the above-described methods. 

Additional and/or other aspects and advantages of the 
present invention will be set forth in part in the description 
which follows and, in part, will be obvious from the descrip 
tion, or may be learned by practice of the invention. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The above and/or other aspects and advantages of the 
present invention will become apparent and more readily 
appreciated from the following detailed description, taken in 
conjunction with the accompanying drawings of which: 

FIG. 1 is a block diagram of an apparatus for low bit rate 
encoding, according to the present invention; 

FIG. 2 is a detailed block diagram of a noise component 
processing unit of FIG. 1; 

FIG. 3 is a flowchart illustrating a method for low bit rate 
encoding: 

FIG. 4 is a detailed flowchart illustrating operation S330 of 
FIG.3: 
FIGS.5A through 5D are exemplary signal spectrum plots 

resulting from the processing of a frequency signal, according 
to the present invention; 

FIG. 6 is a block diagram of an apparatus for low bit rate 
decoding, according to the present invention; and 

FIG. 7 is a flowchart illustrating a method for low bit rate 
decoding, according to the present invention. 

DETAILED DESCRIPTION OF EMBODIMENTS 

Reference will now be made in detail to embodiments of 
the present invention, examples of which are illustrated in the 
accompanying drawings, wherein like reference numerals 
refer to the like elements throughout. The embodiments are 
described below in order to explain the present invention by 
referring to the figures. 

FIG. 1 is a block diagram illustrating an apparatus for low 
bit rate audio encoding, according to an embodiment of the 
present invention. The apparatus includes a signal transform 
ing unit 100, a psychoacoustic modeling unit 110, an impor 
tant-spectrum component processing unit 120, a noise com 
ponent processing unit 130, and a lossless encoding unit 140. 
The signal transforming unit 100 transforms audio signals 

in the time domain into spectral signals in the frequency 
domain. A modified discrete cosine transform (MDCT) can 
be applied to make the time-to-frequency transformation. In 
addition, certain frequency components are divided into sev 
eral sub-bands in the signal transforming unit 100. 
The psychoacoustic modeling unit 110 calculates encod 

ing bit-assignment information for each Sub-band created by 
the signal transforming unit 100 to remove perceptual redun 
dancy due to characteristics of the human auditory system. 
The psychoacoustic modeling unit 110 exploits human audi 
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4 
tory characteristics to omit information to which the human 
auditory system is insensitive, and assigns separate bits for 
each frequency to reduce the amount of coding. It calculates 
encoding bit-assignment information in the context of psy 
choacoustics, and outputs the calculated information to the 
important-spectrum component processing unit 120 and the 
noise component processing unit 130. 
The important-spectrum component processing unit 120 

extracts important-spectrum components from spectral sig 
nals in the frequency domain, output by the signal transform 
ing unit 100, and quantizes the important-spectrum compo 
nents. The important-spectrum component processing unit 
120 comprises an important-spectrum component extracting 
unit 121 and an important-spectrum component quantizing 
unit 122. The important-spectrum component extracting unit 
121 determines and extracts important spectrum components 
for each spectrum range. The important-spectrum component 
quantizing unit 122 quantizes the important spectrum com 
ponents extracted by the important-spectrum component 
extracting unit 121 at a bit rate according to the encoding 
bit-assignment information output by the psychoacoustic 
modeling unit 110. 
The noise component processing unit 130 extracts 

residual-spectrum components other than important-spec 
trum components, and calculates and quantizes a noise level 
for the residual-spectrum components. The noise component 
processing unit 130 will later be explained in more detail. 
The lossless encoding unit 140 receives quantized spectral 

signals from the important-spectrum component processing 
unit 120 and the noise component processing unit 130, loss 
lessly encodes the spectral signals, and outputs encoded bit 
streams. Lossless encoding, such as the Huffman coding and 
arithmetic coding can achieve efficient compression for 
encoding. 

FIG. 2 is a detailed block diagram of the noise component 
processing unit 130 of FIG.1. The noise component process 
ing unit 130 comprises a residual-spectrum component 
extracting unit 200, a noise level calculating unit 210, and a 
noise level quantizing unit 220. 

Referring to FIGS. 1 and 2, the residual-spectrum compo 
nent extracting unit 200 obtains the difference between the 
original spectrum signal and the important-spectrum compo 
nent signal extracted by the important-spectrum component 
extracting unit 121, to extract residual-spectrum components. 
The noise level calculating unit 210 divides the residual 
spectrum components into predetermined Sub-bands, and cal 
culates noise levels for each of the sub-bands. The noise level 
quantizing unit 220 quantizes noise levels at a bit rate accord 
ing to the encoding bit-assignment information from the psy 
choacoustic modeling unit 110. 

FIG. 3 is a flowchart that illustrates a method for low bit 
rate encoding according to an embodiment of the present 
invention. 

Referring to FIGS. 1 and 3, in operation S300, the signal 
transforming unit 100 transforms an audio signal in the time 
domain into a spectral signal in the frequency domain. MDCT 
can be applied for the time/frequency transformation. The 
signal transforming unit 110 then divides certain frequency 
components into sub-bands. FIG. 5A shows an MDCT spec 
trum X of a spectral signal in the frequency domain. 

In operation S310, the psychoacoustic modeling unit 110 
calculates encoding bit-assignment information to be 
assigned to each of the Sub-bands, in order to remove percep 
tual redundancy that occurs due to human auditory character 
istics. The psychoacoustic modeling unit 110 calculates the 
encoding bit-assignment information in terms of psychoa 
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coustics, thereby assigning more bits to higher auditory per 
ceptual frequencies and fewer bits to lower auditory percep 
tual frequencies. 

In operation S320, the important-spectrum component 
processing unit 120 extracts important-spectrum components 
from the spectral signal in the frequency domain output by the 
signal transforming unit 100 and quantizes the important 
spectrum components. FIG. 5B shows spectrum Y of the 
important-spectrum components extracted from the MDCT 
spectrum X of FIG. 5A. Here a predetermined range of spec 
trum components around the important-spectrum compo 
nents are all set to “0”. Magnitudes, naround, of one-sided 
range of spectrum components to be set to “0” are shown in 
Table 1. 

TABLE 1. 

Frame length Magnitude of one-sided range of spectrum components 
(nLenFrame) around important-spectrum components (nAround) 

2048 1 
1536 
128O 
1024 
768 
576 
512 
320 
128 

In operation S330, the noise component processing unit 
130 extracts residual-spectrum components other than the 
important-spectrum components from the spectral signal in 
the frequency domain, calculates noise levels for the residual 
spectrum components, and quantizes the noise levels. Opera 
tion S330 will later be explained in more detail. 

In operation S340, the lossless encoding unit 140 receives 
the quantized spectral signal from the important-spectrum 
component processing unit 120 and the noise component 
processing unit 140 losslessly encodes the quantized spectral 
signal, and output encoded bitstreams in hierarchical format. 
The encoded bitstream comprises quantized data of the 
important-spectrum components and additional noise level 
information. 

FIG. 4 is a flowchart that illustrates operation S330 in more 
detail, which will be explained in combination with FIGS. 1 
and 2. 

Referring to FIGS. 1, 2, and 4, in operation S400, the 
residual-spectrum component extracting unit 200 obtains a 
difference between the original spectrum signal and the 
important-spectrum component signal extracted from the 
important-spectrum component extracting unit 121, to extract 
the residual-spectrum components. FIG. 5C shows residual 
spectrum Z that resulted from excluding important-spectrum 
Y in FIG. 5B from original spectrum X in FIG. 5A. 

In operation S410, the noise level calculating unit 210 
divides the residual-spectrum components into predeter 
mined Sub-bands and calculates noise levels for various mag 
nitudes of noise for each of the sub-bands. 
The magnitudes of noise can be obtained by performing 

linear prediction analysis for each of the sub-bands. The 
linear prediction analysis is performed by using methods such 
as a well-known autocorrelation method, a covariance 
method, the Durbin's method, etc. Through linear prediction 
analysis, noise components for the current frame can be esti 
mated. If it is estimated that there are more noise components 
than tone components in the current frame, the magnitude of 
the noise is transmitted as it is. Otherwise, if it is estimated 
that there are less noise components than there are tone com 
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6 
ponents in the current frame, the magnitude of the noise is 
reduced prior to being transmitted. In addition, in the case of 
a small window where noise components are abruptly chang 
ing, the magnitude of the noise is further reduced before being 
transmitted. 
The noise level can be obtained by the following equation: 

aNoise=VEnergy/nCountFreqxdNoisexol. (1) 

where, Energy is the energy of the Sub-band, nCountFreq is 
the number of non-Zero spectrum components, dNoise is the 
calculated magnitude of the noise for the Sub-band, and C. is a 
perceptual weight constant determined by the noise charac 
teristics. C. is selected to be Smaller (e.g., 0.3) for a temporary 
noise (where data is transformed using a short window), and 
C. is selected to be greater (e.g., 0.7) for a constant noise. Such 
as white noise (where data is transformed using a long win 
dow). 

In operation S420, the noise level quantizing unit 220 
quantizes the noise levelata bitrate according to the encoding 
bit-assignment information input by the psychoacoustic 
modeling unit 110. 

FIG. 6 is a block diagram of a low bit rate decoding appa 
ratus according to an embodiment of the present invention. 
The apparatus comprises a lossless decoding unit 600, an 
important-spectrum component dequantizing unit 610, a 
noise level processing unit 620, a spectrum component com 
bining unit 630, and a signal generating unit 640. 
The lossless decoding unit 600 losslessly decodes received 

bitstreams, and outputs spectral signals to the important 
spectrum component dequantizing unit 610 and the nose level 
processing unit 620. More specifically, the lossless decoding 
unit 600 extracts data and additional information from bit 
streams in hierarchical format. 
The important-spectrum component dequantizing unit 610 

dequantizes important-spectrum components of the decoded 
spectral signal. 
The noise level processing unit 620 comprises a noise level 

dequantizing unit 621 that dequantizes the noise level in the 
decoded spectral signal, and a noise component generating 
unit 622 that generates a noise component from the dequan 
tized noise level for the remaining range other than the pre 
determined range for the important-spectrum component. 
The spectrum component combining unit 630 combines 

the dequantized important-spectrum components and the 
noise components to be output as a spectral signal in the 
frequency domain. 
The signal generation unit 640 generates an audio signal in 

the time domain from the spectral signal in the frequency 
domain. 

FIG. 7 is a flowchart that illustrates a method of low bit rate 
decoding according to an embodiment of the present inven 
tion, which will now be explained in combination with FIG. 6. 

Referring to FIGS. 6 and 7, in operation S700, the lossless 
decoding unit 600 performs the opposite procedure of the 
lossless encoding unit 140 on the received encoded bitstream, 
resulting in a decoded spectral signal to be output to the 
important-spectrum component dequantizing unit 610 and 
the noise level processing unit 620. More specifically, the 
lossless decoding unit 600 extracts quantized data and addi 
tional information from the bitstream in hierarchical format. 
Lossless decoding is achieved by either arithmetic decoding 
or Huffman decoding. 

In operation S710, the important-spectrum component 
dequantizing unit 610 dequantizes the important-spectrum 
components of the quantized data of the decoded spectral 
signal. 
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In operation S720, the noise level processing unit 620 
dequantizes the noise level of the additional information from 
the decoded spectral signal to generate noise components. 
The noise level dequantizing unit 621 then dequantizes the 
noise level of the decoded spectral signal, and the noise com 
ponent generating unit 622 generates noise components for 
the remaining range other than a predetermined range 
around for the important-spectrum component. 
In operation S730, the spectrum component combining 

unit 630 combines the dequantized important-spectrum com 
ponents and the noise components to output as spectral sig 
nals in the frequency domain. FIG. 5D shows a signal spec 
trum resulting from the combination of important-spectrum 
components and noise components. As shown in FIG. 5D, 
noise components are significantly reduced compared to the 
original spectrum signal of FIG. 5A. 

In operation S740, the signal generating unit 640 generates 
audio signals in the time domain from the spectral signals in 
the frequency domain. 

It is possible for the methods of low bit rate encoding and 
decoding, according to the above-described embodiments of 
the present invention to be implemented as a computer pro 
gram. Codes and code segments constituting the computer 
program may readily be inferred by those skilled in the art. 
The computer programs may be recorded on computer-read 
able media and read and executed by computers. Such com 
puter-readable media include all kinds of storage devices, 
such as ROM, RAM, CD-ROM, magnetic tape, floppy discs, 
optical data storage devices, etc. The computer-readable 
media may be distributed to computer systems connected to a 
network, and codes on the distributed computer-readable 
media may be stored and executed in a decentralized fashion. 

According to the above-described embodiments of the 
present invention, by separately encoding important-spec 
trum components and noise components of an audio signal, 
efficient data compression and high fidelity to the original 
Sound can be achieved. 

Although a few embodiments of the present invention have 
been shown and described, the present invention is not limited 
to the described embodiments. Instead, it would be appreci 
ated by those skilled in the art that changes may be made to 
these embodiments without departing from the principles and 
spirit of the invention, the scope of which is defined by the 
claims and their equivalents. 

What is claimed is: 
1. A method of low bit rate encoding comprising: 
transforming input audio signals in a time domain into 

spectral signals in a frequency domain; 
extracting spectrum components from the spectral signals 

in the frequency domain, and quantizing the spectrum 
components based on a psychoacoustic analysis of the 
spectral signals; 

extracting residual-spectrum components other than the 
spectrum components from the spectral signals in the 
frequency domain, and calculating and quantizing a 
noise level corresponding to noise components of the 
residual-spectrum components based on the psychoa 
coustic analysis of the spectral signals; and 

encoding the quantized spectrum components and the 
quantized noise level losslessly, without the noise com 
ponents, and outputting encoded bitstreams. 

2. The method of claim 1, wherein the quantizing of the 
spectrum components based on the psychoacoustic analysis 
of the spectral signals comprises: 

modeling the audio signal in the time domain in a context 
of human perceptual auditory characteristics, prior to 
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8 
extracting the spectrum components from the spectral 
signal in the frequency domain, and quantizing the spec 
trum components, 

wherein a perceptually important component is selected 
using the modelling result, and the spectrum compo 
nents and noise level are quantized up to the number of 
bits assigned according to the encoding bit-assignment 
information. 

3. The method of claim 1, wherein the extracted spectrum 
components are obtained by Zeroing a predetermined range of 
spectrum components around the spectrum components. 

4. The method of claim 1, wherein the extracting residual 
spectrum components other than the spectrum components 
from the spectral signal in the frequency domain, and calcu 
lating and quantizing a noise level of the residual-spectrum 
components comprises: 

extracting residual-spectrum components other than the 
spectrum components from the spectral signal in the 
frequency domain; 

dividing the residual-spectrum components into Sub 
bands, and calculating noise levels for a magnitude of a 
noise of each of the sub-bands; and 

quantizing the calculated noise levels. 
5. The method of claim 4, wherein the magnitude of the 

noise is obtained by estimating an extent of the noise accord 
ing to a linear expectation analysis. 

6. The method of claim 4, wherein the noise level, anoise, 
is calculated by: 

aNoise=VEnergy/ncountFreqxdNoisexo, and 

wherein Energy is the energy of the sub-band, nCountFreq 
is a number of non-zero spectrum components, dNoise is 
a calculated magnitude of the noise for the Sub-band, and 
C. is a perceptual weight constant determined by noise 
characteristics. 

7. An apparatus for low bit rate encoding, comprising: 
a spectrum component processing unit that extracts spec 

trum components from a spectral signal in a frequency 
domain and quantizes the spectrum components; 

a psychoacoustic modeling unit performing a psychoa 
coustic analysis of the spectral signals; 

a noise component processing unit that extracts residual 
spectrum components other than the spectrum compo 
nents from the spectral signal in the frequency domain, 
and calculates and quantizes noise levels corresponding 
to noise components of the residual-spectrum compo 
nents based on the psychoacoustic analysis performed 
by the psychoacoustic modeling unit; and 

a lossless encoding unit that losslessly encodes the spec 
trum components and the noise level, without the noise 
components and outputs encoded bitstreams. 

8. The apparatus of claim 7, further comprising: 
the psychoacoustic modeling unit that models an input 

audio signal in a time domain by human perceptual 
auditory characteristics, and calculates encoding bit-as 
signment information, 

wherein the spectrum component processing unit and the 
noise component processing unit quantize the spectrum 
components and the noise level, respectively, up to the 
number of bits assigned according to the encoding bit 
assignment information. 

9. The apparatus of claim 7, wherein the noise component 
processing unit comprises: 

a residual-spectrum component extracting unit that 
extracts residual-spectrum components other than the 
spectrum components from the spectral signal in the 
frequency domain; 
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a noise level calculation unit that divides the residual 
spectrum components into Sub-bands, and calculates 
noise levels for magnitudes of noise of the Sub-bands; 
and 

a noise level quantizing unit that quantizes the noise level. 
10. A computer-readable storage medium encoded with 

processing instructions for causing a processor to execute a 
method of low bit rate encoding, the method comprising: 

transforming an input audio signal from the time domainto 
the frequency domain; 

extracting spectrum components from a spectral signal in a 
frequency domain, and quantizing the spectrum compo 
nents based on a psychoacoustic analysis of the spectral 
signals: 

extracting residual-spectrum components other than the 
spectrum components from the spectral signal in the 
frequency domain, and calculating and quantizing a 
noise level corresponding to noise components of the 
residual-spectrum components based on the psychoa 
coustic analysis of the spectral signals; and 

encoding the quantized spectrum components and the 
quantized noise level losslessly, without the noise com 
ponents, and outputting encoded bitstreams. 

11. A method of low bit rate decoding, comprising: 
decoding input bitstreams into spectral signals losslessly 
lossless-decoding, performed by at least one processor, 
a bitstream to obtain quantized spectrum components; 

dequantizing the quantized spectrum components of 
decoded spectral signals, Surrounded by spectrum com 
ponents during an encoding of the input bitstream that 
were quantized to Zero within the encoding: 

dequantizing a noise level of additional information of the 
decoded spectral signals and a subband from the bit 
stream in order to obtain a dequantized noise level 

generating a respective noise components component, 
using the dequantized noise level, for residue each 
spectrum components component set to zero other than 
the each spectrum components component set to 
non-zero; and 

generating spectral signals in a frequency domain using 
the dequantized replacing each of spectrum compo 
nents and the components set to zero with its respective 
noise components component; and 

generating a digital audio signal, based on the replacing 
and the spectrum component set to non-zero of the sub 
band for audio reproduction, 

wherein in the replacing, a frequency range of spectrum 
components set to zero around the spectrum component 
set to non-zero for which their noise components are to 
be replaced is determined based on a frame length. 

12. The method of claim 11, wherein the dequantizing the 
noise level of additional information of the decoded spectral 
signals to generate generating the noise components Com 
ponent, comprises: 

dequantizing the noise level of the additional information 
of the decoded spectral signals; and 

generating the respective noise components component 
from the noise level excluding a predetermined range 
around the spectrum components. 

13. An apparatus for low bit rate decoding, comprising: 
a lossless decoding unit implemented by a processor that 

decodes input bitstreams into spectral signals loss 
lessly lossless-decodes a bitstream to obtain quantized 
spectrum components; 

a spectrum component dequantizing unit implemented by 
the processor that dequantizes the quantized spectrum 
components of the decoded spectral signals, Sur 
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10 
rounded by spectrum components during an encoding of 
the input bitstream that were quantized to Zero within the 
encoding: 

a noise component processing unit implemented by the 
processor that dequantizes a noise level of additional 
information of the decoded spectral signals a subband 
from the bitstream in Order to obtain a dequantized noise 
level and generates a respective noise components 
component using the dequantized noise level, for resi 
due each spectrum components component set to zero 
other than the each spectrum components component 
Set to non-zero; 

a spectrum combining unit implemented by the processor 
that combines replaces each of the dequantized spec 
trum components and the components set to zero with 
its respective noise components component to be out 
put as a spectral signals signal in a frequency domain; 
and 

a signal generating unit implemented by the processor that 
generates spectral signals in a time domain from the 
spectral signals in the frequency domain a digital audio 
signal, based on the replacing and the spectrum compo 
ment set to non-zero of the subband for audio reproduc 
tion, 

wherein in the replacing, a frequency range of spectrum 
components set to zero around the spectrum component 
set to non-zero for which their noise components are to 
be replaced is determined based on a frame length. 

14. The apparatus of claim 13, wherein the noise compo 
nent processing unit comprises: 

a noise level dequantizing unit that dequantizes the noise 
level of the additional information of the decoded spec 
tral signals; and 

a noise component generating unit implemented by the 
processor that generates components the respective 
noise component from the dequantized noise level for 
a range excluding the range of the spectrum compo 
nentS. 

15. A non-transitory computer-readable storage medium 
encoded with processing instructions for causing a processor 
to execute a method of low bit rate decoding, comprising: 

decoding input bitstreams into spectral signals losslessly 
lossless-decoding, performed by at least one processor, 
a bitstream to obtain quantized spectrum components; 

dequantizing the quantized spectrum components of 
decoded spectral signals, Surrounded by spectrum com 
ponents during an encoding of the input bitstream that 
were quantized to Zero within the encoding: 

dequantizing a noise level of additional information of the 
decoded spectral signals and a subband from the bit 
stream in order to obtain a dequantized noise level 

generating a respective noise components component, 
using the dequantized noise level, for each spectrum 
components component set to zero other than the 
each spectrum components quantized component set 
to non-zero; and 

generating spectral signals in a frequency domain using 
the dequantized replacing each of spectrum compo 
nents and the set to zero with its respective noise com 
ponents component, and 

generating a digital audio signal, based on the replacing 
and the spectrum component set to non-zero of the sub 
band for audio reproduction, 

wherein in the replacing, a frequency range of spectrum 
components set to zero around the spectrum component 
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set to non-zero for which their noise components are to 
be replaced is determined based on a frame length. 
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