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Description
Technical Field

[0001] The invention relates to audio encoding and decoding, and in particular, to an enhanced audio encoding/
decoding device and method based on a sensor model.

Background Art

[0002] In order to obtain Hi-Fi digital audio signals, the digital audio signals need to be audio encoded or audio
compressed for storage and transmission. The object of encoding the audio signals is to realize transparent representation
thereof by using as less number of bits as possible, for example, the originally input audio signals are almost the same
as the output audio signals after being encoded.

[0003] In early 1980s, CD came into existence, which reflects many advantages of representing the audio signals by
digits, such as high fidelity, large dynamic range and great robustness. However, all these advantages are achieved at
the cost of a very high data rate. For example, the sampling rate requested by the digitization of the stereo signal of CD
quality is 44.1kHz, and each sampling rate has to be uniformly quantized by 15 bits, thus the non-compressed data rate
reaches 1.41Mb/s which brings great inconvenience to the transmission and storage of data, and the transmission and
storage of data are limited by the bandwidth and cost especially in the situation of multimedia application and wireless
transmission application. In order to maintain high-quality audio signals, the data rate in new network and wireless
multimedia digital audio system must be reduced without damaging the quality of the audio. With respect to the problem
mentioned above, various audio compression techniques have been put forward that can both obtain high compression
ratio and generate hi-fi audio signals, among which the typical ones are the MPEG-1/-2/-4 technique of ISO/IEC, AC-
2/AC-3 technique of Dolby, ATRAC/MiniDisc/SDDS technique of Sony, and PAC/EPAC/MPAC technique of Lucent
Technologies, etc. The MPEG-2 AAC technique and the AC-3 technique of Dolby are described specifically below.
[0004] MPEG-1 and MPEG-2 BC techniques are high sound quality encoding technique mainly used for mono and
stereo audio signals. With the increasing demand in the multi-channel audio encoding that achieves high encoding
quality at relatively low code rate, since the MPEG-2 BC encoding technique gives emphasis to backward compatibility
with the MPEG-1 technique, it is impossible to realize high sound quality encoding of five sound channels at a code rate
lower than 540kbps. With respect to this shortage, the MPEG-2 AAC technique was put forward, which can realize a
high quality encoding of the five channel signals at a rate of 320kbps.

[0005] Fig. 1 is a block diagram of the MPEG-2 AAC encoder. Said encoder comprisesagaincontroller101, a filter
bank 102, atime-domain noise shaping module 103, an intensity/coupling module 104, a psychoacoustical model, a
second order backward adaptive predictor 105, a sum-difference stereo module 106, a bit allocation and quantization
encoding module 107, and a bit stream multiplexing module 108, wherein the bit allocation and quantization encoding
module 107 further comprises a compression ratio/distortion processing controller, a scale factor module, a non-uniform
quantizer, and an entropy encoding module.

[0006] Thefilter bank 102 uses a modified discrete cosine transformation (MDCT), whose resolution is signal-adaptive,
that is, an MDCT transformation of 2048 dots is used for the steady state signal, while a MDCT transformation of 256
dots is used for the transient state signal, thus for a signal sampled at 48kHz, the maximum frequency resolution is 23Hz
and the maximum time resolution is 2.6ms. Meanwhile, sine window and Kaiser-Bessel window can be used in the filter
bank 102, and the sine window is used when the harmonic wave interval of the input signal is less than 140Hz, while
the Kaiser-Bessel window is used when the strong component interval in the input signal is greater than 220Hz.
[0007] Audio signals enter the filter bank 102 through the gain controller 101, and are filtered according to the different
signals, then the time-domain noise shaping module 103 processes the frequency spectrum coefficients output by the
filter bank 102. The time-domain noise shaping technique performs linear prediction analysis on the frequency spectrum
coefficients in the frequency domain, then controls the shape of the quantized noise according to said analysis to thereby
control the pre-echo.

[0008] The intensity/coupling module 104 is used for stereo encoding of the signal intensity. With respect to signals
of high frequency channel (greater than 2kHz), the sense of direction of audition is related to the change in the relevant
signal intensity (signal envelope), but is irrelevant to the waveform of the signal, that is, a constant envelope signal has
no influence on the sense of direction of audition. Therefore, this characteristic and the relevant information among
multiple sound channels can be utilized to combine several sound channels into one common sound channel to be
encoded, thereby forming the intensity/coupling technique.

[0009] The second order backward adaptive predictor 105 is used for removing the redundancy of the steady state
signal and improving the encoding efficiency. The sum-difference stereo (M/S) module 106 operates on sound channel
pairs. The sound channel pair refers to the two sound channels of the left-right sound channels or the left-right surround
sound channels in, for example, double sound channel signals or multiple sound channel signals. The M/S module 106
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achieves the effect of reducing code rate and improving encoding efficiency by means of the correlation between the
two sound channels in the sound channel pair. The bit allocation and quantization encoding module 107 is realized by
a nested loop, wherein the non-uniform quantizer performs lossy encoding, while the entropy encoding module performs
lossless encoding, thus removing redundancy and reducing correlation. The nested loop comprises inner layer loop and
outer layer loop, wherein the inner layer loop adjusts the step size of the non-uniform quantizer until the provided bits
are used up, and the outer layer loop estimates the encoding quality of signal by using the ratio between the quantized
noise and the masking threshold. Finally, the encoded signals are formed into an encoded audio stream through the bit
stream multiplexing module 108 to be output.

[0010] Under scalable sampling rate, four frequency bands of equal bandwidth are generated in the multi-phase filter
bank of four frequency channels (PQF) while inputting signals, each frequency band generating 256 frequency spectrum
coefficients using MDCT, resulting in altogether 1024 frequency spectrum coefficients. The gain controller 101 is used
in each frequency band. The high frequency PQF frequency band can be neglected in the decoder to obtain signals of
low sampling rate.

[0011] Fig. 2 is a schematic block diagram of the corresponding MPEG-2 AAC decoder. Said decoder comprises a
bit stream demultiplexing module 201, a lossless decodingmodule 202, an inverse quantizer 203, a scale factor module
204, a sum-difference stereo (M/S) module 205, a prediction module 206, an intensity/coupling module 207, a time-
domain noise shaping module 208, a filter bank 209 and a gain control module 210. The encoded audio stream is
demultiplexed by the bit stream demultiplexing module 201 to obtain the corresponding data stream and control stream.
Said signals are then decoded by the lossless decoding module 202 to obtain integer representation of the scale factors
and the quantized values of signal spectrum. The inverse quantizer 203 is a non-uniform quantizer bank realized by a
companding function, which is used for transforming the integer quantized values into a reconstruction spectrum. The
scale factor module in the encoder differentiates the current scale factors from the previous scale factors and performs
a Huffman encoding on the differences, so the scale factor module 204 in the decoder can obtain the corresponding
differences through Huffman decoding, from which the real scale factors can be recovered. The M/S module 205 converts
the sum-difference sound channel into a left-right sound channel under the control of the side information. Since the
second order backward adaptive predictor 105 is used in the encoder to remove the redundancy of the steady state
signal and improve the encoding efficiency, a prediction module 206 is used in the decoder for performing prediction
decoding. The intensity/coupling module 207 performs intensity/coupling decoding under the control of the side infor-
mation, then outputs to the time domain noise shaping module 208 to perform time domain noise shaping decoding,
and in the end integrated filtering is performed by the filter bank 209, which adopts an inverse modified discrete cosine
transformation (IMDCT) technique.

[0012] In the case of scalable sampling rate, the high frequency PQF frequency band of high frequency can be
neglected through the gain control module 210 so as to obtain signals of low sampling rate.

[0013] The MPEG-2 AAC encoding/decoding technique is suitable for audio signals of medium and high code rate,
but it has a poor encoding quality for low code rate or very low code rate audio signals; meanwhile, this encoding/
decoding technique involves a lot of encoding/decoding modules, so it is highly complex in implementation and is not
easy for real-time implementation.

[0014] Fig. 3 is a schematic drawing of the structure of the encoder using the Dolby AC-3 technique, which comprises
a transient state signal detection module 301, a modified discrete cosine transformer filter MDCT 302, a frequency
spectrum envelope/index encoding module 303, a mantissa encoding module 304, a forward-backward adaptive sensing
model 305, a parameter bit allocation module 306, and a bit stream multiplexing module 307.

[0015] The audio signal is determined through the transient state signal detection module 301 to be either a steady
state signal or a transient state signal. Meanwhile, the time-domain data is mapped to the frequency-domain data through
the signal adaptive MDCT filter bank 302, wherein a long window of 512 dots is applied to the steady state signal, and
a pair of short windows are applied to the transient state signal.

[0016] Thefrequency spectrum envelope/index encoding module 303 encodes the index portion of the signal according
to the requirements of the code rate and frequency resolution in three modes, i.e. D15 encoding mode, D25 encoding
mode and D45 encoding mode. The AC-3 technique uses differential encoding for the spectrum envelope in frequency,
because an increment of £2 is needed at most, each increment representing a level change of 6dB. An absolute value
encoding is used for the first DC item, and differential encoding is used for the rest of the indexes. In D15 frequency
spectrum envelope index encoding, each index requires about 2.33 bits, and three differential groups are encoded in a
word length of 7 bits. The D15 encoding mode sacrifices the time resolution to provide refined frequency resolution.
Since only relative steady signals require refined frequency resolution, and the frequency spectrums of such signals are
kept relatively constant on many blocks, with respect to the steady state signals, D15 is transmitted occasionally, usually
the frequency spectrum envelope of every 6 sound blocks (one data frame) is transmitted at one time. When the signal
frequency spectrum is not steady, the frequency spectrum estimate needs to be frequently updated. The estimate is
encoded with lower frequency resolution generally using D25 and D45 encoding modes generally. The D25 encoding
mode provides the appropriate frequency resolution and time resolution, and differential encoding is performed in every
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other frequency coefficient, thus each index needs about 1.15 bits. If the frequency spectrum is steady on two to three
blocks but changes abruptly, the D25 encoding mode can be used. The D45 encoding mode performs differential
encoding in every three frequency coefficients, thus each index needs about 0.58 bit. The D45 encoding mode provides
very high time resolution but low frequency resolution, so it is generally used for encoding of transient state signals.
[0017] The forward-backward adaptive sensing model 305 is used for estimating the masking threshold of each frame
of signals, wherein the forward adaptive portion is only applied to the encoder to estimate a group of optimal sensing
model parameters through iterative loop under the restriction of the code rate, then said parameters are transferred to
the backward adaptive portion to estimate the masking threshold of each frame. The backward adaptive portion is applied
both to the encoder and the decoder.

[0018] The parameter bit allocation module 306 analyzes the frequency spectrum envelope of the audio signals
according to the masking rule to determine the number of bits allocated to each mantissa. Said module 306 performs
an overall bit allocation for all the sound channels by using a bit reservoir. When encoding in the mantissa encoding
module 304, bits are taken recurrently from the bit pool to be allocated to all sound channels. The quantization of the
mantissa is adjusted according to the number of bits that can be obtained. In order to realize compressed encoding, the
AC-3 encoder also uses the high frequency coupling technique, in which the high frequency portion of the coupled signal
is divided into 18 sub-frequency channels according to the critical bandwidth of human ear, then some of the sound
channels are selected to be coupled starting from a certain sub-band. Finally, AC-3 audio stream is formed through the
bit stream multiplexing module 307 to be output.

[0019] Fig. 4 is a schematic drawing of the flow of decoding using Dolby AC-3. First, the bit stream that is encoded
by AC-3 encoder is input, and data frame synchronization and error code detection are performed on the bit stream. If
a data error code is detected, error code covering or muting processing is performed. Then the bit stream is de-packaged
to obtain the primary information and the side information, and then index decoding is performed thereon. When per-
forming index decoding, two pieces of side information are needed, one is the number of packaged indexes, the other
is the index strategy that is adopted, such as D15, D25 or D45 mode. The decoded index and the bit allocation side
information again perform the bit allocation to indicate the number of bits used by each packaged mantissa, thereby
obtaining a group of bit allocation pointers, each corresponding to an encoded mantissa. The bit allocation pointers point
out the quantizer for the mantissa and the number of bits occupied by each mantissa in the code stream. The single
encoded mantissa value is de-quantized to be transformed into a de-quantized value, and the mantissa that occupies
zero bit is recovered to zero or is replaced by a random jitter value under the control of the jitter mark. Then the de-
coupling operation is carried out, which recovers the high frequency portion of the coupled sound channel, including the
index and the mantissa, from the common coupling sound channel and the coupling factor. When using the 2/0 mode
to encode at the encoding terminal, a matrix processing is used for a certain sub-band, then at the decoding terminal,
the sum and difference sound channel value of said sub-band should be converted into the left-right sound channel
value through matrix recovery. The code stream includes the dynamic range control value of each audio block. A dynamic
range compression is performed on said value to change the amplitude of the coefficients, including index and mantissa.
The frequency-domain coefficients are inversely transformed into time-domain samples, then the time-domain samples
are processed by adding window, and adjacent blocks are superposed to reconstruct the PCM audio signal. When the
number of sound channels decoded and output is less than the number of sound channels in the encoded bit stream,
a down-mixing processing should be performed on the audio signal to finally output the PCM stream.

[0020] The Dolby AC-3 encoding technique is mainly for high bit rate signals of multi-channel surround sound, but
when the encoding bit rate of 5.1 sound channel is lower than 384kbps, the encoding effect is bad; besides, the encoding
efficiency of stereo of mono and double sound channels is also low.

[0021] Insummary, the existing encoding and decoding techniques cannot ensure the encoding and decoding quality
of audio signals of very low code rate, low code rate and high code rate and of signals of mono and dual channels, and
the implementation thereof is complex.

Summary of Invention

[0022] The technical problem to be solved by this invention is to provide an enhanced audio encoding/decoding device
and method so as to overcome the low encoding efficiency and poor encoding quality with respect to the low code rate
audio signals in the prior art.

[0023] The enhanced audio encoding device of the invention comprises a psychoacoustical analyzing module, a time-
frequency mapping module, a quantization and entropy encoding module, a bit-stream multiplexing module, a signal
characteristic analyzing module and a multi-resolution analyzing module. The signal characteristic analyzing module is
configured to analyze the signal type of the input audio signal and output it to the psychoacoustical analyzing module
and time-frequency mapping module, and to output the information of the result of signal type analysis to the bit-stream
multiplexing module; the psychoacoustical analyzing module is configured to calculate a masking threshold and a signal-
to-masking ratio of the audio signal, and output them to said quantization and entropy encoding module; the time-



10

15

20

25

30

35

40

45

50

55

EP 1873 753 A1

frequency mapping module is configured to convert the time-domain audio signal into frequency-domain coefficients
and output them to the multi-resolution analyzing module; the multi-resolution analyzing module is configured to perform
a multi-resolution analysis on the frequency-domain coefficients of signals of a fast varying type based on the signal
type analysis result output from the signal characteristic analyzing module, and to output them to the quantization and
entropy encoding module; the quantization and entropy encoding module is configured to perform quantization and
entropy encoding on the frequency-domain coefficients under the control of the signal-to-masking ratio as output from
the psychoacoustical analyzing module and output them to the bit-streammultiplexing module; and the bit-stream mul-
tiplexing module is configured to multiplex the received data to form audio encoding code stream.

[0024] The enhanced audio decoding device of the invention comprises a bit-stream demultiplexing module, an entropy
decoding module, an inverse quantizer bank, a frequency-time mapping module, and a multi-resolution integration
module. The bit-stream demultiplexing module is configured to demultiplex the compressed audio data stream and
output the corresponding data signals and control signals to the entropy decoding module and the multi-resolution
integration module; the entropy decoding module is configured to decode said signals, recover the quantized values of
the spectrum so as to output them to the inverse quantizer bank; the inverse quantizer bank is configured to reconstruct
the inverse quantization spectrum and output it to the multi-resolution integration module, the multi-resolution integration
module is configured to perform multi-resolution integration on the inverse quantization spectrum and to output it to the
frequency-time mapping module; and the frequency-time mapping module is configured to perform a frequency-time
mapping on the spectrum coefficients to output the time-domain audio signals.

[0025] Theinvention is applicable to the Hi-Fi compression encoding of audio signals with the configuration of multiple
sampling rates and sound channels, and it supports audio signals with the sampling range of 8kHz to 192kHz. Meanwhile,
it supports all possible sound channel configurations and supports audio encoding/decoding with a wide range of target
code rate.

Description of Drawings
[0026]

Fig. 1 is a block diagram of the MPEG-2 AAC encoder;

Fig. 2 is a block diagram of the MPEG-2 AAC decoder;

Fig. 3 is a schematic drawing of the structure of the encoder using the Dolby AC-3 technique;

Fig. 4 is a schematic drawing of the decoding flow using the Dolby AC-3 technique;

Fig. 5 is a schematic drawing of the structure of the encoding device according to the present invention;

Fig. 6 is a schematic drawing of the filtering structure using wavelet transformation of Harr wavelet basis;

Fig. 7 is a schematic drawing of the time-frequency division obtained by using wavelet transformation of Harr wavelet
basis;

Fig. 8 is a schematic drawing of the structure of the decoding device according to the present invention;

Fig. 9 is a schematic drawing of the structure of embodiment one of the encoding device according to the present
invention;

Fig. 10 is a schematic drawing of the structure of embodiment one of the decoding device according to the present
invention;

Fig. 11 is a schematic drawing of the structure of embodiment two of the encoding device according to the present
invention;

Fig. 12 is a schematic drawing of the structure of embodiment two of the decoding device according to the present
invention;

Fig. 13 is a schematic drawing of the structure of embodiment three of the encoding device according to the present
invention;

Fig. 14 is a schematic drawing of the structure of embodiment three of the decoding device according to the present
invention;

Fig. 15 is a schematic drawing of the structure of embodiment four of the encoding device according to the present
invention;

Fig. 16 is a schematic drawing of the structure of embodiment four of the decoding device according to the present
invention;

Fig. 17 is a schematic drawing of the structure of embodiment five of the encoding device according to the present
invention;

Fig. 18 is a schematic drawing of the structure of embodiment five of the decoding device according to the present
invention;

Fig. 19 is a schematic drawing of the structure of embodiment six of the encoding device according to the present
invention;
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Fig. 20 is a schematic drawing of the structure of embodiment six of the decoding device according to the present
invention;

Fig. 21 is a schematic drawing of the structure of embodiment seven of the encoding device according to the present
invention; Fig. 22 is a schematic drawing of the structure of embodiment seven of the decoding device according
to the present invention.

Preferred Embodiments

[0027] Figs. 1-4 are the schematic drawings of the structures of the encoders of the prior art, which have been
introduced in the background art, so they will not be elaborated herein.

[0028] It has to be noted that to facilitate a convenient and clear description of the present invention, the following
specific embodiments of the encoding device and decoding device are described in a corresponding manner, but it is
not necessary that the encoding device and the decoding device must be of one-to-one correspondence.

[0029] As shown in Fig. 5, the audio encoding device of the present invention comprises a signal characteristic
analyzing module 50, a psychoacoustical analyzing module 51, a time-frequency mapping module 52, a multi-resolution
analyzing module 53, a quantization and entropy encoding module 54, and a bit-stream multiplexing module 55. The
signal characteristic analyzing module 50 is configured to analyze the signal type of the input audio signal and output
the audio signal to the psychoacoustical analyzing module 51 and time-frequency mapping module 52, and to output
the result of signal type analysis to the bit-stream multiplexing module 55; the psychoacoustical analyzing module 51
is configured to calculate a masking threshold and a signal-to-masking ratio of the input audio signal, and output them
to the quantization and entropy encoding module 54; the time-frequency mapping module 52 is configured to convert
the time-domain audio signal into frequency-domain coefficients and output them to the multi-resolution analyzing module
53; the multi-resolution analyzing module 53 is configured to perform a multi-resolution analysis on the frequency-domain
coefficients of signal of a fast varying type based on the signal type analysis result output from the psychoacoustical
analyzing module 51, and to output them to the quantization and entropy encoding module 54; the quantization and
entropy encoding module 54 is configured to perform quantization and entropy encoding on the frequency-domain
coefficients under the control of the signal-to-masking ratio output from the psychoacoustical analyzing module 51 and
output them to the bit-stream multiplexing module 55; and the bit-stream multiplexing module 55 is configured to multiplex
the received data to form audio encoding code stream.

[0030] The digital audio signal is analyzed as to the signal type in the signal characteristic analyzing module 50, and
the type information of the audio signal is output to the bit stream multiplexing module 55; meanwhile, the audio signal
is output to the psychoacoustical analyzing module 51 and the time-frequency mapping module 52. On the one hand,
the masking threshold and the signal-to-masking ratio of this frame of audio signal are calculated in the psychoacoustical
analyzing module 51, and the signal-to-masking ratio is transmitted as a control signal to the quantization and entropy
encoding module 54, and on the other hand, the time-domain audio signal is converted into frequency-domain coefficients
through the time-frequency mapping module 52; the multi-resolution analyzing module 53 performs a multi-resolution
analysis of the frequency-domain coefficients of the fast varying type signals so as to increase the time resolution of the
fast varying type signals and to output the result to the quantization and entropy encoding module 54; under the control
of the signal-to-masking ratio output from the psychoacoustical analyzing module 51, quantization and entropy encoding
are performed in the quantization and entropy encoding module 54, then the encoded data and control signal are
multiplexed in the bit-stream multiplexing module 55 to form a code stream of enhanced audio encoding.

[0031] The modules that compose said audio encoding device will be described below in detail.

[0032] The signal characteristic analyzing module 50 is configured to analyze the signal type of the input audio signal
and output the type information of the audio signal to the bit-stream multiplexing module 55, and to output the audio
signal to the psychoacoustical analyzing module 51 and time-frequency mapping module 52 at the same time.

[0033] The signal characteristic analyzing module 50 determines if the signal is a slowly varying signal or a fast varying
signal by analyzing the forward and backward masking effects based on the adaptive threshold and waveform prediction.
If the signal is of a fast varying type, the relevant parameter information of the abrupt component is then calculated,
such as the location where the abrupt signal occurs and the intensity of the abrupt signal, etc.

[0034] The psychoacoustical analyzing module 51 is mainly configured to calculate a masking threshold, a signal-to-
masking ratio and a sensing entropy of the input audio signal. The number of bits needed for the transparent encoding
of the current signal frame can be dynamically analyzed based on the sensing entropy calculated by the psychoacoustical
analyzing module 51, thereby adjusting the bit allocation among frames. The psychoacoustical analyzing module 51
outputs the signal-to-masking ratio of each sub-band to the quantization and entropy encoding module 54 to control it.
[0035] The time-frequency mapping module 52 is configured to convert the audio signal from a time-domain signal
into frequency-domain coefficients, and itis formed of afilter bank which can be specifically discrete Fourier transformation
(DFT) filter bank, discrete cosine transformation (DCT) filter bank, modified discrete cosine transformation (MDCT) filter
bank, cosine modulated filter bank, or wavelet transformation filter bank, etc. The frequency-domain coefficients obtained
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from the time-frequency mapping is output to the quantization and entropy encoding module 54 to be quantized and
encoded.

[0036] With respect to signals of a fast varying type, in order to effectively overcome the pre-echo produced during
the encoding and to improve the encoding quality, the encoding device of the present invention increases the time
resolution for the encoded fast varying signals by means of the multi-resolution analyzing module 53. The frequency-
domain coefficients output from the time-frequency mapping module 52 are input to the multi-resolution analyzing module
53. If the signal is of a fast varying type, a frequency-domain wavelet transformation or frequency-domain modified
discrete cosine transformation (MDCT) is performed to obtain the multi-resolution representation for the frequency-
domain coefficients to be output to the quantization and entropy encoding module 54; if the signal is of a slowly varying
type, the frequency-domain coefficients are directly output to the quantization and entropy encoding module 54 without
being processed.

[0037] The multi-resolution analyzing module 53 comprises a frequency-domain coefficient transformation module
and a reorganization module, wherein the frequency-domain coefficient transformation module is used for transforming
the frequency-domain coefficients into time-frequency plane coefficients; and the reorganization module is used for
reorganizing the time-frequency plane coefficients according to a certain rule. The frequency-domain coefficients trans-
formation module can use the filter bank of frequency-domain wavelet transformation, the filter bank of frequency-domain
MDCT transformation, etc.

[0038] The quantization and entropy encoding module 54 further comprises a non-linear quantizer bank and an
encoder, wherein the quantizer can be either a scalar quantizer or a vector quantizer. The vector quantizer can be further
divided into the two categories of memoryless vector quantizer and memory vector quantizer. As for the memoryless
vector quantizer, each input vector is separately quantized independent of the previous vectors; while the memory vector
quantizer quantizes a vector taking into account the previous vectors, i.e. using the correlation among the vectors. Main
memoryless vector quantizers include full searching vector quantizer, tree searching vector quantizer, multi-stage vector
quantizer, gain/waveform vector quantizer and separate mean value vector quantizer; and the main memory vector
quantizers include prediction vector quantizer and finite state vector quantizer.

[0039] If the scalar quantizer is used, the non-linear quantizer bank further comprises M sub-band quantizers. In each
sub-band quantizer, the scale factor is mainly used to perform the quantization, specifically, all the frequency-domain
coefficients of the sub-band of M scale factor are non-linearly compressed, then the frequency-domain coefficients of
said sub-band is quantized by using the scale factors to obtain the quantization spectrum represented by an integer to
be output to the encoder, The first scale factor in each frame of signal output to the bit-stream multiplexing module 55
as the common scale factor to be , and the rest of the scale factors are output to the encoder after differential processing
with respect to their respective preceding scale factors.

[0040] The scale factors in said step are constantly varying values, which are adjusted according to the bit allocation
strategy. The present invention provides an overall sensing bit allocation strategy with the minimum distortion, details
are as follows:

[0041] First, each sub-band quantizer is initialized to select an appropriate scale factor, so that the quantization values
of the spectrum coefficients of all the sub-bands is zero. The quantization noise of each sub-band at this time equals to
the energy value thereof, and the noise-to-masking ratio NMR of each sub-band equals to its signal-to-masking ratio
SMR. The number of bit consumed by the quantization is zero, and the number of remaining bits B, equals to the number
of target bits B.

[0042] Second, the sub-band with the largest noise-to-masking ratio NMR is searched. If the noise-to-masking ratio
NMR is not more than 1, the scale factor remains unchanged and the allocation result is output, thus ending the bit
allocation; otherwise, the scale factor of the corresponding sub-band quantizer is reduced by one unit, then the number
of bits AB,(Q;) that needs to be added for said sub-band is calculated. If the number of remaining bits of said sub-band
Bi=AB{(Q)), the madification of said scale factor is confirmed and the number of remaining bits B; is subtracted by AB;
(Q)) to recalculate the noise masking ratio NMR of said sub-band, then continue searching for the sub-band with the
largest noise-to-masking ratio NMR and repeat the subsequent steps. If the number of remaining bits B;<AB(Q;), said
modification is canceled and the previous scale factor and number of remaining bits are retained, finally, the allocation
result is output and the bit allocation is ended.

[0043] If the vector quantizer is used, the frequency-domain coefficients form a plurality of M-dimensional vectors to
be input to the non-linear quantizer bank. Each M-dimensional vector is spectrum smoothed according to a smoothing
factor, i.e. reducing the dynamic range of the spectrum, then the vector quantizer finds the code word from the code
book that has the shortest distance from the vector to be quantized according to the subjective perception distance
measure criterion, and transfers the corresponding code word index to the encoder. The smoothing factor is adjusted
based on the bit allocation strategy of vector quantization, while the bit allocation strategy of vector quantization is
controlled according to the priority of sensing among different sub-bands.

[0044] After said quantization processing, the entropy encoding technique is used to further remove the statistical
redundancy of the quantized coefficients and the side information. Entropy encoding is a source encoding technique,
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whose basic idea is allocating shorter code words to symbols that have greater probability of appearance, and allocating
longer code words to symbols that have less probability of appearance, thus the average code word length is the shortest.
According to Shannon noiseless encoding theorem, if the transmitted N symbols of the source messages are independent
from each other, appropriate variable length encoding is used, and the average length n of the code word satisfies
,o‘;’f;‘ ,)3)] = .OI:,( Z‘L)» %] wherein H(x) represents the entropy of the signal source, x represents the
4
symbol variable. Since entropy H(x) is the shortest limit of the average code word length, and said formula shows that
the average length of the code word is very close to its lower limit entropy H(x), said variable length encoding technique
is also called "entropy encoding". Entropy encoding mainly includes Huffman encoding, arithmetic encoding or run length
encoding method. The entropy encoding in the present invention can be any of said encoding methods.
[0045] Entropy encoding is performed on the quantization spectrum quantized and output by the scalar quantizer and
the differentially processed scale factors in the encoder to obtain the code book sequence numbers, the encoded values
of the scale factors, and the lossless encoding quantization spectrum, then the code book sequence numbers are entropy
encoded to obtain the encoded values of the code book sequence numbers, then the encoded values of the scale
factors, the encoded values of the code book sequence numbers, and the lossless encoding quantization spectrum are
output to the bit-stream multiplexing module 55.
[0046] The code word indexes quantized by the vector quantizer are one-dimensional or multi-dimensional entropy
encoded in the encoder to obtain the encoded values of the code word indexes, then the encoded values of the code
word indexes are output to the bit-stream multiplexing module 55.
[0047] The encoding method based on said encoder as described above includes analyzing the signal type of the
input audio signal; calculating the signal-to-masking ratio of the audio signal; performing a time-frequency mapping on
the audio signal to obtain the frequency-domain coefficients of the audio signal; performing multi-resolution analysis,
quantization and entropy encoding on the frequency-domain coefficients; and multiplexing the result of signal type
analysis and the encoded audio code stream to obtain the compressed audio code stream.
[0048] The signaltype is determined by forward and backward masking effect analysis based on the adaptive threshold
and waveform prediction, and the specific steps thereof are: decomposing the input audio data into frames; decomposing
the input frames into a plurality of sub-frames and searching for the local extremal vertexes of the absolute values of
the PCM data on each sub-frame; selecting the sub-frame peak value from the local extremal vertexes of the respective
sub-frames; for a certain sub-frame peak value, predicting the typical sample value of a plurality of (typically four) sub-
frames that are forward delayed with respect to said sub-frame by means of a plurality of (typically three) sub-frame
peak values before said sub-frame; calculating the difference and ratio between said sub-frame peak value and the
predicted typical sample value; if the predicted difference and ratio are both larger than the predetermined thresholds,
determining that said sub-frame has jump signal and confirming that said sub-frame has the local extremal vertex with
the capability of backward masking pre-echo, if there is a sub-frame between the front end of said sub-frame and the
position that is 2.5ms before the masking vertex, whose peak value is small enough, determining that said frame of
signal is a fast varying type signal; if the predicted difference and ratio are not larger than the predetermined thresholds,
repeating the above steps until it is determined that said frame of signal is a fast varying type signal or until reaching
the last sub-frame; if it is still not determined whether said frame of signal is a fast varying type signal when the last sub-
frame has been reached, said frame of signal is a slowly varying type signal.
[0049] There are many methods for performing a time-frequency transformation of the time-domain audio signals,
such as discrete Fourier transformation (DFT), discrete cosine transformation (DCT),modified discrete cosine transfor-
mation (MDCT), cosine modulation filter bank, wavelet transformation, etc. The modified discrete cosine transformation
MDCT and cosine modulation filtering are taken as examples to illustrate the process of time-frequency mapping.
[0050] With respect to using modified discrete cosine transformation MDCT to perform the time-frequency transfor-
mation, the time-domain signals of M samples from the previous frame and the time domain signals of M samples of
the present frame are selected first, then a window adding operation is performed on the altogether 2M samples of these
two frames, finally, MDCT transformation is performed on the window added signals to obtain M frequency-domain
coefficients.
[0051] The pulse response of MDCT analysis filter is:

AM

b () = () \/’%‘ cosl:(zn + M +1)2k + 1)7:]
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then MDCT transformation is:

X(k)= 2flx(n)h,‘ (n) 0sksM-1

=0
ne ,

wherein w(n) is a window function, x(n) is the input time-domain signal of MDCT transformation, and X(k) is the output
frequency-domain signal of MDCT transformation.

[0052] To meet the requirement for complete signal reconstruction, the window function w(n) of MDCT transformation
must satisfy the following two conditions:

w(2M-1-n) = w(n) and w?(n)+w?(n+M) =1.

[0053] In practice, Sine window can be used as the window function. Of course, said limitation to the window function
can be modified by using double orthogonal transformation with specific analysis filter and synthesis filter.

[0054] With respect to using cosine modulation filtering to perform the time-frequency transformation, the time-domain
signals of M samples from the previous frame and the time domain signals of M samples of the present frame are
selected first, then a window adding operation is performed on the altogether 2M samples of these two frames, finally,
cosine modulation filtering is performed on the window added signals to obtain M frequency-domain coefficients.
[0055] The impulse responses of conventional cosine modulation filtering technique are:

h,(n)=2p,(n) cos(i(k +0.5)(n ____12) + 6?,,)
M 2
n=01, N, -1

£,(1)=2p,(n) cos[%(k +0.5)(n— 12)-) - a,)
n=0,l,'--,N,—l

wherein, 0<k <M-1, 0< n<2KM-1, K is an integer greater than 0, and
w
6, =(-1)* =
¢ 4

[0056] Suppose that the impact response length of the analysis window (analysis prototype filter) P,(n) of M sub-
bands cosine modulation filter bank is N, and the impact response length of integrated window (integrated prototype
filter) P4(n) is Ng. When the analysis window equals to the integrated window, i. e. P,(n) = Pg(n) and N,=Ng, the cosine
modulation filter bank represented by the above two formulae is an orthogonal filter bank, and matrixes H and F ([H],,
= hy(n), [F], = fk(n)) are orthogonal transformation matrixes. In order to obtain linear phase filter bank, it is further
specified that the symmetrical windows satisfy P,(2KM-1-n) =P,(n). In order to ensure the complete reconstruction of
the orthogonal and double orthogonal systems, the window function further needs to satisfy certain conditions, and
details can be found in the document "Multirate Systems and Filter Banks", P. P. Vaidynathan, Prentice Hall, Englewood
Cliffs, NJ, 1993.

[0057] The calculation of the masking threshold and signal-to-masking ratio of the re-sampled signal includes the
following steps:
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Step 1: mapping the signal from time-domain to frequency-domain. Fast Fourier transformation and Hanning window
techniques can be used to transform the time-domain data into frequency-domain coefficient X[k], X[k] is represented
by amplitude r{k] and phase ¢[k] as X[k] = r[k]eiplkl. Then the energy e[b] of each sub-band is the sum of all the

k=k 5
spectrum lines within said sub-band, i.e. e[b] = zkr [k] wherein k4 and kj, are respectively the upper and
kmk;
lower boundaries of the sub-band b.
Step 2: determining the tone and non-tone components in the signal. The tonality of signal is estimated by performing
inter-frame prediction on each spectrum line. The Euclidean distances of the prediction value and real value of each
spectrum line are mapped into unpredictable measure, spectrum component of high predictability is considered as
having strong tonality, while the spectrum component of low predictability is considered as quasi-noise.
The amplitude r,oq and phaseq,4 can be represented by the following equations:

rpred [k] =TI [k] + (rl-—l [k] ~ T [k]) ’

Porealk] = G [K]+ (Pi[K] - o [K])

Wherein, t represents the coefficient of the present frame, t-1 represents the coefficient of the previous frame, and
t-2 represents the coefficient of the previous two frames.
The unpredictable measure c[k] is calculated by the equation of

] dist(XTALX realK])
PLE]+[rya L]

clk]

wherein the Euclidean distance dist (X[k], Xp,ed[k]) is calculated by the equation of

dist(XTR), X g [K]) = | XTK] - X 04[]

= ([ 1k1coSAD = £, [£]cOS(H, g [KD)* + (LEISIN(TED = g [£]5i0 (g lEDY.

Thus the unpredictability c[b] of each sub-band is the weighted sum of the energy of all the spectrum lines within

k=k
2
said sub-band with respect to its unpredictability, i.e. ZC[k]r [k] A convolution operation is
kxk,
clbl]l = ' .
performed respectively for the sub-band energy e [b] and the unpredictability ¢ [b] with respect to the spread function
to obtain the sub-band energy spread eg[b] and the sub-band unpredictability spread c.[b], the spread function of

masking i with respect to sub-band b is represented by s [i, b] . In order to eliminate the influence on the energy
transformation caused by the spread function, the sub-band unpredictability spread c4[b] has to be normalized, and

¢,(8]

the result of normalization ES[b] is represented by C:[b] = ¢ [b] *  Similarly, in order to eliminate the influence
$

on the sub-band energy caused by the spread function, the normalized energy spread Es[b] is defined to be

¢,[0] =
[b] n[b]  Wherein the normalization factor n[b] is nfbl= Z‘y["b] brmax i the number of sub-
éS = ’ (]

14
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bands allocated to said frame of signal.

The tonality t[b] of the sub-band can be calculated according to the normalized unpredictability spread Es[b] Jie.t
[b] = -0.299-0.43Ioge(58[b]) and 0<t[b]<1. When t[b] =1, said sub-band signal is pure tone, and when t[b] =0, said
sub-band signal is white noise.

Step 3: calculating the signal-to-noise ratio (SNR) needed for each sub-band. The value of the noise-masking-tone
(NMT) of all the sub-bands is set to be 5dB, and the value of the tone-masking-noise (TMN) is set to be 18dB. If
the noise is to be made imperceptible, the signal-to-noise ratio SNR[b] of each sub-band should be SNR[b] =18t[b]
+6(1-t[b]).

Step 4: calculating the masking threshold of each sub-band and the sensing entropy of the signal. The noise energy
threshold n[b] of each sub-band is calculated to be n[b] = ,[b] 10-SNRIbI10 hased on the normalized signal energy
of each sub-band and the needed signal-to-noise ratio SNR as obtained in the above steps.

In order to avoid the influence of the pre-echo, the noise energy threshold n[b] of the present frame is compared to
the noise energy threshold ne,[b] of the previous frame, and the masking threshold of the signal is obtained to be
n[b]=min(n[b], 2nprev[b]), thereby ensuring that there will not be any deviation in the masking threshold owing to the
generation of high-energy impact at the near end of the analysis window.

Further, while taking into account the influence of the still masking threshold gsthr[b], the final masking threshold
of the signal is selected to be the larger one of the still masking threshold and said calculated masking threshold,
i.e. nb] = max(n[b], gsthr[b]). Then the sensing entropy is calculated by the equation of

[}
pe == (cbwidth, x1og,y (n[B)/(e[6]+ 1))
b=0

wherein cbwidth,, represents the number of spectrum lines

4

included in each sub-band.
Step 5: calculating the signal-to-masking ratio (SMR) of each sub-band signal. The signal-to-masking ratio SMR[b]

e[b]

of eawch sub-band is SMR[b] = 1010810(';[3:"') |

[0058] Then, a multi-resolution analysis is performed on the frequency-domain coefficients. The multi-resolution an-
alyzing module 53 re-organizes the time-frequency domain of the input frequency-domain data to improve the time
resolution of the frequency-domain data at the cost of reducing the frequency precision, thereby to automatically adapt
to the time-frequency characteristic of the fast varying type signals and to suppress the pre-echo without adjusting the
form of the filter bank in the time-frequency mapping module 52.

[0059] The multi-resolution analysis includes the two steps of frequency-domain coefficient transformation and reor-
ganization, wherein the frequency-domain coefficients are transformed into time-frequency plane coefficients through
frequency-domain coefficient transformation, and the time-frequency plane coefficients are grouped by reorganization
according to a certain rule.

[0060] The process of multi-resolution analysis is described below by taking frequency-domain wavelet transformation
and frequency-domain MDCT transformation as examples.

1) Frequency-domain wavelet transformation

[0061] Suppose that the time series is x(i), i=0, 1, ...2M-1, the frequency-domain coefficients obtained through time-
frequency mapping is X(k), k=0, 1, ... M-1. The frequency-domain wavelet or the wavelet basis of wavelet package
transformation may either be fixed or adaptive.

[0062] The multi-resolution analysis on the frequency-domain coefficients is illustrated below by taking the simplest
wavelet transformation of Harr wavelet basis as an example.

1 1 1 1
[0063] The scale coefficient of Harr wavelet basis is [7“5" Ji'] and the wavelet coefficient is [';/_5""7—'2-] Fig.
, .

6 shows the schematic drawing of the filtering structure that performs wavelet transformation by using Harr wavelet

1 1
basis, wherein H, represents low-pass filtering (the filtering coefficient is [72—-“,7—5] ), Hq represents high-pass filtering
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1 1
(the filtering coefficient is [\/-2_ ! 7—2—] ), with "} 2" representing a duple down sampling operation. No wavelet trans-

formation is performed for the medium and low frequency portions X(k), k=1, ..., k4 of the frequency-domain coefficients,
and Harr wavelet transformation is performed for the high frequency portions of the frequency-domain coefficients to
obtain coefficients X,(k), X3(k), X4(k), X5(k), Xg(k), and X,(k), of different time-frequency intervals, and the division of
the corresponding time-frequency plane is as shown in Fig. 7. By selecting different wavelet bases, different wavelet
transformation structures can be used for processing so as to obtain other similar time-frequency plane divisions. There-
fore, the time-frequency plane division during signal analysis can be discretionarily adjusted as desired so as to meet
different requirements of the analysis of the time and frequency resolution.

[0064] The above-mentioned time-frequency plane coefficients are reorganized in the reorganizationmodule according
to a certain rule, for example, the time-frequency plane coefficients can be organized in the frequency direction first,
and the coefficients in each frequency band are organized in the time direction, then the organized coefficients are
arranged in the order of sub-window and scale factor band.

2) Frequency-domain MDCT transformation

[0065] Suppose that the frequency-domain data input to the filter bank of the input frequency-domain MDCT trans-
formation is X(k), k= 1, 1, ..., N-1, M-dot MDCT transformation is performed on said N dot frequency-domain data
sequentially, so that the frequency precision of the time frequency domain data is reduced, while the time precision is
increased. Frequency-domain MDCT transformations of different lengths are used in different frequency-domain ranges,
thereby to obtain different time-frequency plane divisions, i.e. different time and frequency precision. The reorganization
module reorganizes the time-frequency domain data output from the filter bank of the frequency-domain MDCT trans-
formation. One way of reorganization is to organize the time-frequency plane coefficients in the frequency direction first,
and the coefficients in each frequency band are organized in the time direction at the same time, then the organized
coefficients are arranged in the order of sub-window and scale factor band.

[0066] Quantization and entropy encoding further include the two steps of non-linear quantization and entropy encod-
ing, wherein the quantization can be scalar quantization or vector quantization.

[0067] The scalar quantization comprises the steps of non-linearly compressing the frequency-domain coefficients in
all the scale factor bands; using the scale factor of each sub-band to quantize the frequency-domain coefficients of said
sub-band to obtain the quantization spectrum represented by an integer; selecting the first scale factor in each frame
of signal as the common scale factor; and differentiating the rest of the scale factors from their respective previous scale
factor.

[0068] The vector quantization comprises the steps of forming a plurality of multi-dimensional vector signals with the
frequency-domain coefficients; performing spectrum smoothing for each M-dimensional vector according to the smooth-
ing factor; searching for the code word from the code book that has a shortest distance from the vector to be quantized
according to the subjective perception distance measure criterion to obtain the code word index.

[0069] The entropy encoding step comprises entropy encoding the quantization spectrum and the differentiated scale
factors to obtain the sequence numbers of the code book, the encoded value of the scale factors and the quantization
spectrum of lossless encoding; and entropy encoding the sequence numbers of the code book to obtain the encoded
values thereof.

[0070] Or, a one-dimensional or multi-dimensional entropy encoding is performed on the code word indexes to obtain
the encoded values of the code word indexes.

[0071] Said entropy encoding method can be any one of the existing Huffman encoding, arithmetic encoding or run
length encoding method.

[0072] After quantization and entropy encoding, the encoded audio code stream is obtained, which is multiplexed
together with the common scale factor and the result of signal type analysis to obtain the compressed audio code stream.
[0073] Fig. 8 is a schematic drawing of the structure of the audio decoding device according to the present invention.
The audio decoding device comprises a bit-stream demultiplexing module 60, an entropy decoding module 61, aninverse
quantizer bank 62, a multi-resolution integration module 63 and a frequency-time mapping module 64. The compressed
audio code stream is demultiplexed by the bit-stream demultiplexing module 60 to obtain the corresponding data signal
and control signal which are output to the entropy decoding module 61 and the multi-resolution integration module 63;
the data signal and control signal are decoded in the entropy decoding module 61 to recover the quantized values of
the spectrum. Said quantized values are reconstructed in the inverse quantizer bank 62 to obtain the inversely quantized
spectrum, the inversely quantized spectrum is then output to the multi-resolution integration module 63 and is output to
the frequency-time mapping module 64 after a multi-resolution integration, then the audio signal of time-domain is
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obtained through frequency-time mapping.

[0074] The bit-stream demultiplexing module 60 decomposes the compressed audio code stream to obtain the cor-
responding data signal and control signal and to provide the corresponding decoding information for other modules.
The compressed audio data stream is demultiplexed to output signals to the entropy decoding module 61, said signals
including the common scale factor, the scale factor encoded values, the encoded values of the code book sequence
number, and the quantized spectrum of the lossless encoding, or the encoded values of the code word indexes, and to
output the information of the signal type to the multi-resolution integration module 63.

[0075] If, in the encoding device, the quantization and entropy encoding module 54 uses the scalar quantizer, then
in the decoding device, what the entropy decoding module 61 receives are the common scale factor, the scale factor
encoded value, the encoded values of the code book sequence numbers, and the quantized spectrum of the lossless
encoding output from the bit-stream demultiplexing module 60, then code book sequence number decoding, spectrum
coefficient decoding and scale factor decoding are performed thereon to reconstruct the quantized spectrum and to
output the integer representation of the scale factors and the quantized values of the spectrum to the inverse quantizer
bank 62. The decoding method used by the entropy decoding module 61 corresponds to the encoding method used by
entropy encoding in the encoding device, which is, for example, Huffman decoding, arithmetic decoding or run length
decoding, etc.

[0076] Upon receipt of the quantized values of the spectrum and the integer representation of the scale factors, the
inverse quantizer bank 62 inversely quantizes the quantized values of the spectrum into reconstructed spectrum without
scaling (inverse quantization spectrum), and outputs the inverse quantization spectrum to the multi-resolution integration
module 63. The inverse quantizer bank 62 can be either a uniform quantizer bank or a non-uniform quantizer bank
realized by a companding function. In the encoding device, the quantizer bank uses the scalar quantizer, so in the
decoding device, the inverse quantizer bank 62 also uses the scalar inverse quantizer. In the scalar inverse quantizer,
the quantized values of the spectrum are non-linearly expanded first, then all the spectrum coefficients (inverse quan-
tization spectrum) in the corresponding scale factor band are obtained by using each scale factor.

[0077] If the quantization and entropy encoding module 54 uses the vector quantizer, then in the decoding device,
the entropy decoding module 61 receives the encoded values of the code word indexes output from the bit-stream
demultiplexing module 60, and decodes the encoded values of the code word indexes by the entropy decoding method
corresponding to the entropy encoding method used in entropy encoding, thereby obtaining the corresponding code
word index.

[0078] The code word indexes are output to the inverse quantizer bank 62, and by looking up the code book, the
quantized values (inverse quantization spectrum) are obtained and are output to the multi-resolution integration module
63. The inverse quantizer bank 62 uses the inverse vector quantizer. After a multi-resolution integration, the inverse
quantization spectrum is mapped by the frequency-time mapping module 64 to obtain the time-domain audio signal.
The frequency-time mapping module 64 can be a filter bank of inverse discrete cosine transformation (IDCT), a filter
bank of inverse discrete Fourier transformation (IDFT), a filter bank of inverse modified discrete cosine transformation
(IMDCT), a filter bank of inverse wavelet transformation, and a cosine modulation filter bank, etc.

[0079] The decoding method based on the above-mentioned decoder comprises: demultiplexing the compressed
audio code stream to obtain the data information and control information; entropy decoding said information to obtain
the quantized values of the spectrum; inversely quantizing the quantized values of the spectrum to obtain the inverse
quantization spectrum; multi-resolution integrating the inverse quantization spectrum and then performing a frequency-
time mapping thereon to obtain the time-domain audio signal.

[0080] If the demultiplexed information includes the encoded values of the code book sequence numbers, the common
scale factor, the encoded values of the scale factors, and the quantization spectrum of the lossless encoding, then the
spectrum coefficients in the encoding device are quantized by the scalar quantization technique. Accordingly, the entropy
decoding steps include: decoding the encoded values of the code book sequence numbers to obtain the code book
sequence numbers of all the scale factor bands; decoding the quantization coefficients of all the scale factor bands
according to the code book corresponding to the code book sequence numbers; and decoding the scale factors of all
the scale factor bands to reconstruct the quantization spectrum. The entropy decoding method used in said process
corresponds to the entropy encoding method used in the encoding method, which is, for example, run length decoding
method, Huffman decoding method, or arithmetic decoding method, etc.

[0081] Theentropy decoding processis described below by using as examples the decoding of the code book sequence
number by the run length decoding method, the decoding of the quantization coefficients by the Huffman decoding
method, and the decoding of the scale factor by the Huffman decoding method.

[0082] First, the code book sequence numbers of all the scale factor bands are obtained through the run length
decoding method. The decoded code book sequence numbers are integers within a certain range. Suppose that said
range is [0, 11], then only the code book sequence numbers within said valid range, i.e. between 0-11, are corresponding
to the Huffman code book of the spectrum coefficients. As for the all-zero sub-band, a certain code book sequence can
be selected to correspond to it, typically, the 0 sequence number can be selected.
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[0083] When the code book number of the respective scale factor band is obtained through decoding, the Huffman
code book of spectrum coefficients corresponding to said code book number is used to decode the quantization coef-
ficients of all the scale factor bands. If the code book number of a scale factor band is within the valid range, for example
between 1-11 in this embodiment, then said code book number corresponds to a spectrum coeff icient code book, and
said code book is used to decode the quantization spectrum to obtain the code word indexes of the quantization coef-
ficients of the scale factor bands, subsequently, the code word indexes are de-packaged to obtain the quantization
coefficients. If the code book number of the scale factor band is not between 1 and 11, then said code book number is
not corresponding to any spectrum coefficient code book, and the quantization coefficients of said scale factor band do
not need to be decoded, but they are all directly set to be zero.

[0084] The scale factors are used to reconstruct the spectrum values on the basis of the inverse quantization spectrum
coefficients. If the code book number of the scale factor band is within the valid range, each code book number corre-
sponds to a scale factor. When decoding said scale factors, the code stream occupied by the first scale factor is read
first, then the rest of the scale factors are Huffman decoded to obtain the differences between each of the scale factors
and their respective previous scale factors, and said differences are added to the valuse of the previous scale factors
to obtain the respective scale factors. If the quantization coefficients of the present sub-band are all zero, then the scale
factors of said sub-band do not have to be decoded.

[0085] After said entropy decoding, the quantized values of the spectrum and the integer representation of the scale
factors are obtained, then the quantized values of the spectrum are inversely quantized to obtain the inverse quantization
spectrum. The inverse quantization processing includes non-linear expanding the quantized values of the spectrum,
and obtaining all the spectrum coefficients (inverse quantization spectrum) in the corresponding scale factor band
according to each scale factor.

[0086] If the demultiplexed information contains the encoded values of the code word indexes, it means that the
encoding device uses the vector quantization technique to quantize the spectrum coefficients, then the entropy decoding
steps include: decoding the encoded values of the code word indexes by means of the entropy decoding method
corresponding to the entropy encoding method used in the encoding device so as to obtain the code word indexes, then
inversely quantizing the code word indexes to obtain the inverse quantization spectrum.

[0087] With respect to the inverse quantization spectrum, if it is a fast varying type signal, the frequency-domain
coefficients are multi-resolution analyzed, then the multi-resolution representation of the frequency-domain coefficients
is quantized and entropy encoded; if it is not a fast varying type signal, the frequency-domain coefficients are directly
quantized and entropy encoded.

[0088] The multi-resolution integration can use frequency-domain wavelet transformation method or frequency-domain
MDCT transformation method. The frequency-domain wavelet integration method includes: reorganizing said time-
frequency plane coefficients according to a certain rule; performing wavelet transformation on the frequency-domain
coefficients to obtain the time-frequency plane coefficients. The MDCT transformation includes: reorganizing said time-
frequency plane coefficients according to a certain rule, and then performing several times of MDCT transformation on
the frequency-domain coefficients to obtain the time-frequency plane coefficients. The reorganization method includes:
organizing the time-frequency plane coefficients in the frequency direction, and the coefficients in each frequency band
are organized in the time direction, then the organized coefficients are arranged in the order of sub-window and scale
factor band.

[0089] The method of performing a frequency-time mapping on the frequency-domain coefficients corresponds to the
time-frequency mapping method in the encoding method, which can be inverse discrete cosine transformation (IDCT),
inverse discrete Fourier transformation (IDFT), inverse modified discrete cosine transformation (IMDCT), and inverse
wavelet transformation, etc.

[0090] The frequency-time mapping process is illustrated below by taking inverse modified discrete cosine transfor-
mation IMDCT as an example. The frequency-time mapping process includes three steps: IMDCT transformation, time-
domain window adding processing and time-domain superposing operation.

[0091] First, IMDCT transformation is perform on the spectrum before prediction or the inverse quantization spectrum
to obtain the transformed time-domain signal x; ,. The expression of IMDCT transformation is

L)
X, = -]‘\2[— g’spec[t] [k]cos(-:i—v’E (n+ny)(k+ -;—)J :

wherein, n is the sequence number of the sample, and 0<n<N, N represents the number of time-domain samples which
is 2048, ng=(NI2+1)/2; i represents the frame sequence number; k represents the spectrum sequence number.
[0092] Second, window adding is performed on the time-domain signal obtained from IMDCT transformation at the
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time domain. In order to satisfy the requirement for complete reconstruction, the window function w (n) must meet the
two conditions of w(2M-1-n) = w(n) and w2(n) +w2(n+M) =1.

[0093] Typical window functions include, among others, Sine window and Kaiser-Bessel window. The presentinvention
uses a fixed window function, which is w(N+k) =cos(pi/2*((k+0.5)/N-0.94*sin (2*pi/N*(k+0.5))/(2*pi))), wherein k=1...N-
1; w(k) represents the kth coefficient of the window function and w(k) = w (2*N-1-k); N represents the number of samples
of the encoded frame, and N=1024. In addition, said restriction to the window function can be modified by using double
orthogonal transformation with a specific analysis filter and synthesis filter.

[0094] Finally, the window added time-domain signal is superposed to obtain the time-domain audio signal. Specifically,
the first N/2 samples of the signals obtained by the window adding are superposed with the last N/2 samples of the
previous frame of signal to obtain N/2 output time-domain audio samples, i.e., timeSam; [, = preSam, , +preSam;_4 n.nj2,

wherein i denotes the frame sequence number, n denotes the sample sequence number, Osn 5‘%, and N is 2048.
4
[0095] Fig. 9 is a schematic drawing of the first embodiment of the encoding device of the present invention. On the
basis of Fig. 5, this embodiment has a frequency-domain linear prediction and vector quantization module 56 added
between the output of the multi-resolution analyzing module 53 and the input of the quantization and entropy encoding
module 54 for outputting the residual sequence to the quantization and entropy encoding module 54, and for outputting
the quantized code indexes as the side information to the bit-stream multiplexing module 55.
[0096] After a multi-resolution analysis of the frequency-domain coefficients, time-frequency coefficients having spe-
cific time-frequency plane division are obtained, so the frequency-domain linear prediction and vector quantization
module 56 needs to perform linear prediction and multi-stage vector quantization for the frequency-domain coefficients
at each time interval.
[0097] The frequency-domain coefficents output from the multi-resolution analyzing module 53 are transmitted to the
frequency-domain linear prediction and vector quantization module 56. After a multi-resolution analysis of the frequency-
domain coefficients, standard linear prediction analysis is performed on the frequency-domain coefficients at each time
interval. If the prediction gain meets the given condition, linear prediction error filtering is performed on the frequency-
domain coefficients, and the resulted prediction coefficients are transformed into line spectrum frequency LSF coeffi-
cients, then the optimal distortion measurement criterion is used to search and calculate the the code word indexes for
the respective code book, and the code word indexes are used as side information to be transferred to the bit-stream
multiplexing module 55, while the residual sequence obtained through prediction analysis is output to the quantization
and entropy encoding module 54.
[0098] The frequency-domain linear prediction and vector quantization module 56 consists of a linear prediction an-
alyzer, a linear prediction filter, a transformer, and a vector quantizer. Frequency-domain coefficients are input to the
linear prediction analyzer for prediction analysis to obtain the prediction gain and prediction coefficients. The frequency-
domain coefficients that meet a certain condition are output to the linear prediction filter to be filtered, and a residual
sequence is obtained thereby; the residual sequence is directly output to the quantization and entropy encoding module
54, while the prediction coefficients are transformed into line spectrum frequency LSF coefficients through the transformer,
then the LSF parameters are sent to the vector quantizer for a multi-stage vector quantization, and the quantized signals
are transmitted to the bit-stream multiplexing module 55.
[0099] Performing a frequency-domain linear prediction processing on the audio signals can effectively suppress the
pre-echo and obtain greater encoding gain. Given that the real signal is x(t), and the square Hilbert envelope e (t) thereof
is e (t) = e(t) = F1{JC(E)-C"(&-f)dE}, wherein C(f) is the one-side spectrum corresponding to the positive frequency
component of signal x(t), that is, the Hilbert envelope of the signal is relevant to the autocorrelation function of said
signal spectrum. The relationship between the power spectrum density function of the signal and the autocorrelation
function of the time-domain waveform thereof is PSD(f) = F{Jx(t)-x*(t-)d1}, so the square Hilbert envelope of the signal
at the time-domain and the power spectrum density function of the signal at the frequency-domain are corresponding
to each other. It can be seen that with respect to some of the band-pass signals in each predetermined range, if the
Hilbert envelope thereof is constant, the autocorrelation of the adjacent spectrum values is also constant, implying that
the sequence of the spectrum coefficients is a steady state sequence with respect to the frequency, thus the prediction
encoding technique can be used to process the spectrum values and a group of common prediction coefficients can be
used to effectively represent said signal.
[0100] The encoding method based on the encoding device as shown in Fig. 9 is substanially the same as the encoding
method based on the encoding device as shown in Fig. 5, and the difference therebetween is that the former has the
following steps added thereto: after a multi-resolution analysis of the frequency-domain coefficients, performing a stand-
ard linear prediction analysis on the frequency-domain coefficients at each time interval to obtain the prediction gain
and the prediction coefficients; determining if the prediction gain exceeds the predetermined threshold, if it does, per-
forming a frequency-domain linear prediction error filtering on the frequency-domain coefficients based on the prediction
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coefficients to obtain the residual sequence; transforming the prediction coefficients into line spectrum pair frequency
coefficients, and performing a multi-stage vector quantization on said line spectrum pair frequency coefficients to obtain
the side information; quantizing and entropy encoding the residual sequence; and if the prediction gain does not exceed
the predetermined threshold, quantizing and entropy encoding the frequency-domain coefficients.

[0101] After a multi-resolution analysis of the frequency-domain coefficients, a standard linear prediction analysis is
performed on the frequency-domain coefficients at each time interval, including calculating the autocorrelation matrix,
obtaining the prediction gain and the prediction coefficients by recursively executing the Levinson-Durbin algorithm.
Then it is determined whether the calculated prediction gain exceeds a predetermined threshold, if it does, a linear
prediction error filtering is performed on the frequency-domain coefficients based on the prediction coefficients, otherwise,
the frequency-domain coefficients are not processed and the next step is executed to quantize and entropy encode the
frequency-domain coefficients.

[0102] Linear prediction includes forward prediction and backward prediction. Forward prediction refers to predicting
the current value by using the values before a certain moment, while the backward prediction refers to predicting the
current value by using the values after a certain moment. The forward prediction will be used as an example to explain

-{
the linear prediction error filtering. The transfer function of the linear prediction error filter is A(z) =1~ ialz

=]
’

wherein a; denotes the prediction coefficient, p is the prediction order. The frequency-domain coefficient X(k) that has
undergone the time-frequency transformation is filtered to obtain the predicted error E(k), which is also called the residual

sequence, and there is the relationship of E(k) = X(k) ' A(z) = X(k) - ia,X(k - i) ,

1=}

[0103] Thus, after linear prediction error filtering, the frequency-domain coefficients X(k) output after the time-frequency
transformation can be represented by the residual sequence E(k) and a group of prediction coefficients a;. Then said
group of prediction coefficients g; are transformed into the linear spectrum frequency LSF coefficients, and multi-stage
vector quantization is performed thereon. The vector quantization uses the optimal distortion measurement criterion
(e.g. nearest neighbor criterion) to search and calculate the code word indexes of the respective stages of code book,
thereby determining the code word corresponding to the prediction coefficients and outputting the code words indexes
as the side information. Meanwhile, the residual sequence E(k) is quantized and entropy encoded. It can be seen from
the encoding principle of linear prediction analysis that the dynamic range of the residual sequence of the spectrum
coefficients is smaller than that of the original spectrum coefficients, so less number of bits are allocated thereto during
quantization, or under the condition of same number of bits, improved encoding gain can be obtained.

[0104] Fig. 10is a schematic drawing of embodiment one of the decoding device. Said decoding device has an inverse
frequency-domain linear prediction and vector quantization module 65 added on the basis of the decoding device as
shown in Fig. 8. Said inverse frequency-domain linear prediction and vector quantization module 65 is between the
output of the inverse quantizer bank 62 and the input of the multi-resolution integration module 63, and the bit-stream
demultiplexing module 60 outputs control information of inverse frequency-domain linear prediction vector quantization
thereto forinverse quantizing and inverse linear prediction filtering the inverse quantization spectrum (residual spectrum),
thereby obtaining the spectrum before prediction and outputting it to the multi-resolution integration module 63.

[0105] In the encoder, the technique of frequency-domain linear prediction vector quantization is used to suppress
the pre-echo and to obtain greater encoding gain. Therefore, in the decoder, the inverse quantization spectrum and the
control information of inverse frequency-domain linear prediction vector quantization output from the bit-stream demul-
tiplexing module 60 are input to the inverse frequency-domain linear prediction and vector quantization module 65 to
recover the spectrum be fore the linear prediction.

[0106] The inverse frequency-domain linear prediction and vector quantization module 65 comprises an inverse vector
quantizer, an inverse transformer, and an inverse linear prediction filter, wherein the inverse vector quantizer is used
for inversely quantizing the code word indexes to obtain the line spectrum pair frequency (LSF) coefficients, the inverse
transformer is used for inverse transforming the line spectrum frequency (LSF) coefficients into prediction coefficients,
and theinverse linear prediction filter is used for inverse filtering the inverse quantization spectrum based on the prediction
coefficients to obtain the spectrum before prediction and output it to the multi-resolution integration module 63.

[0107] The decoding method of the decoding device as shown in Fig. 10 is substantially the same as the decoding
method of the decoding device as shown in Fig. 8, and the difference is that the former further includes the steps of
after obtaining the inverse quantization spectrum, determining if the control information contains information concerning
that the inverse quantization spectrum needs to undergo the inverse frequency-domain linear prediction vector quanti-
zation, if it does, performing the inverse vector quantization to obtain the prediction coefficients, and performing a linear
prediction synthesizing on the inverse quantization spectrum according to the prediction coefficients to obtain the spec-
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trum before prediction; and multi-resolution integrating the spectrum before prediction.

[0108] After obtaining the inverse quantization spectrum, it is determined if said frame of signal has undergone the
frequency-domain linear prediction vector quantization according to the control information, if it has, the code word
indexes resulted from the vector quantization of the prediction coefficients are obtained from the control information;
then the quantized line spectrum frequency (LSF) coefficients are obtained according to the code word index, on the
basis of which the prediction coefficients are calculated; subsequently, a linear prediction synthesizing is performed on
the inverse quantization spectrum to obtain the spectrum before prediction.

-1
[0109] The transfer function of the linear prediction error filtering is A(z) = 1- f:a,z , Wherein a; denotes the
im}
14

prediction coefficient, p is the predicted order. The residual sequence E(k) and the spectrum X(k) before prediction has

o retationship of X (k)= E(R) —;2—5 = E(k)+ 3 a X (ki)

I=l

[0110] Thus the residual sequence E(k) and the calculated prediction coefficient a; are synthesized by frequency-
domain linear prediction to obtain the spectrum X(k) before prediction which is then frequency-time mapped.

[0111] If the control information indicates that said signal frame has not undergone the frequency-domain linear
prediction vector quantization, the inverse frequency-domain linear prediction vector quantization will not be performed,
and the inverse quantization spectrum is directly frequency-time mapped.

[0112] Fig. 11 is the schematic drawing of the second embodiment of the encoding device of the present invention.
On the basis of Fig. 5, said embodiment has a sum-difference stereo (M/S) encoding module 57 added between the
output of the multi-resolution analyzing module 53 and the input of the quantization and entropy encoding module 54.
With respect to multi-channel signals, the psychoacoustical analyzing module 51 calculates not only the mono masking
threshold of the audio signal, but also the masking threshold of the sum-difference sound channel to be output to the
quantization and entropy encoding module 54. The sum-difference stereo module 57 can also be located between the
quantizer bank and the encoder in the quantization and entropy encoding module 54.

[0113] The sum-difference stereo module 57 makes use of the correlation between the two sound channels in the
sound channel pair to equate the freugency-domain coefficients/residual sequence of the left-right sound channels to
the freugency-domain coefficients/residual sequence of the sum-difference sound channels, thereby reducing the code
rate and improving the encoding efficiency. Hence, it is only suitable for multi-channel signals of the same signal type.
While as for mono signals or multi-channel signals of different signal types, the sum-difference stereo encoding is not
performed.

[0114] The encoding method of the encoding device as shown in Fig. 11 is substantially the same as the encoding
method of the encoding device as shown in Fig. 5, and the difference is that the former further includes the steps of
determining whether the audio signals are multi-channel signals before quantizing and entropy encoding the frequency-
domain coefficients, if they are multi-channel signals, determining whether the types of the signals of the left-right sound
channels are the same, if the signal types are the same, determining whether the scale factor bands corresponding to
the two sound channels meet the conditions of sum-difference stereo encoding, if they meet the conditions, performing
a sum-difference stereo encoding to obtain the frequency-domain coefficients of the sum-difference sound channels; if
they do not meet the conditions, the sum-difference stereo encoding is not performed. If the signals are mono signals
or multi-channel signals of different types, the frequency-domain coefficients are not processed.

[0115] The sum-difference stereo encoding can be applied not only before the quantization, but also after the quan-
tization and before the entropy encoding, that is, after quantizing the frequency-domain coefficients, it is determined if
the audio signals are multi-channel signals, if they are, it is determined if the signals of the left-right sound channels are
of the same type, if the signal types are the same, it is determined if the scale factor bands corresponding to the two
sound channels meet the conditions of sum-difference stereo encoding, if they meet the conditions, performing a sum-
difference stereo encoding thereon; if they do not meet the conditions, the sum-difference stereo encoding is not per-
formed. If the signals are mono signals or multi-channel signals of different types, the sum-difference stereo encoding
is not performed on the frequency-domain coefficients.

[0116] There are many methods for determining whether a sum-difference stereo encoding can be performed on the
scale factor band, and the one used in the present invention is K-L transformation. The specific process of determination
is as follows:

[0117] Suppose thatthe spectrum coefficient of the scale factor band of the left sound channel is I(k), and the spectrum
coefficient of the corresponding scale factor band of the right sound channel is r(k), the correlation matrix thereof is
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c-(c" C") Cy = Nil(k}*l(k) Cp =~ 'fl(k}*r(k)'
= herei = — ’ =77 '
c, C,) wherein  Cy N & * =y £
1 N-1
C, = -—Zr(k} *r(k) V' is the number of spectrum lines of the scale
kel

The K-L transformation is performed on the correlation matrix C to obtain wehrein,

cosa -sina [ s n]

R=| ", ag|-—,—

(sma cosa] 2°2
2C,

[0118] The rotation a satisfies the equation of tan(2a) = E‘__é" , when a= *n/4, itis the sum-difference stereo
i rr

A, 0
T _A|™
RCR" =A (0 /1)

()

’
encoding mode. Therefore, when the absolute value of the rotation angle a deviates from n/4 by a small amount, e.g.
3n/16<|a| <5n/16, a sum-difference stereo encoding can be performed on the corresponding scale factor band.
[0119] If the sum-difference stereo encoding is applied before the quantization, the frequency-domain coefficients of
the left-right sound channels at the scale factor band are linearly transformed and are replaced with the frequency-
domain coefficients of the sum-difference sound channels:

wherein M denotes the frequency-domain coefficients of the sum sound channel, S denotes the frequency-domain
coefficients of the difference channel, L denotes the frequency-domain coefficients of the left sound channel, and R
denotes the frequency-domain coefficients of the right sound channel.
[0120] If the sum-difference stereo encoding is applied after the quantization, the quantized frequency-domain coef-
ficients of the left-right sound channels at the scale factor band are linearly transformed and are replaced with the
frequency-domain coefficients of the sum-difference sound channels:

m| [t o)L
§1 10 -1R

wherein IOI denotes the quantized frequency-domain coe/f\ficients of the sum sound channel, § denotes the quantized
frequency-domain coeffic/;\ients of the difference channel, L denotes the quantized frequency-domain coefficients of the
left sound channel, and R denotes the quantized frequency-domain coefficients of the right sound channel.

[0121] Putting the sum-difference stereo encoding after the quantization can effectively eliminate the correlation be-
tween the left-right sound channels, meanwhile, a lossless encoding can be realized since the encoding is after the
quantization.

[0122] Fig. 12is a schematic drawing of embodiment two of the decoding device. On the basis of the decoding device
of Fig. 8, said decoding device has a sum-difference stereo decoding module 66 added between the output of the inverse
quantizer bank 62 and the input of the multi-resolution integration module 63 to receive the result of signal type analysis
and the sum-difference stereo control signal output from the bit-stream demultiplexing module 60, and to transform the
inverse quantization spectrum of the sum-difference sound channels into the inverse quantization spectrum of the left-
right sound channels according to said control information.
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[0123] In the sum-difference control signal, there is a flag bit for indicating if the present sound channel pair needs a
sum-difference stereo decoding, ifit needs, then there is also a flag bit on each scale factor to indicate if the corresponding
scale factor needs to be sum-difference stereo decoded, and the sum-difference stereo decoding module 66 determines,
on the basis of the flag bit of the scale factor band, if it is necessary to perform sum-difference stereo decoding on the
inverse quantization spectrum in some of the scale factor bands. If the sum-difference stereo encoding is performed in
the encoding device, then the sum-difference stereo decoding must be performed on the inverse quantization spectrum
in the decoding device.

[0124] The sum-difference stereo decodingmodule 66 can also be located between the output of the entropy decoding
module 61 and the input of the inverse quantizer bank 62 to receive the sum-difference stereo control signal and the
result of signal type analysis output from the bit-stream demultiplexing module 60.

[0125] The decoding method of the decoding device as shown in Fig. 12 is substantially the same as the decoding
method of the decoding device as shown in Fig. 8, and the difference is that the former further includes the followng
steps: after obtaining the inverse quantization spectrum, if the result of signal type analysis shows that the signal types
are the same, it is determined whether it is necessary to perform a sum-difference stereo decoding on the inverse
quantization spectrum according to the sum-difference stereo control signal, if it is necessary, it is determined, on the
basis of the flag bit on each scale factor band, if said scale factor band needs a sum-difference stereo decoding, if it
needs, the inverse quantization spectrum of the sum-difference sound channels in said scale factor band is transformed
into inverse quantization spectrum of the left-right sound channels before the subsequent processing; if the signal types
are not the same or it is unnecessary to perform the sum-difference stereo decoding, the inverse quantization spectrum
is not processed and the subsequent processing is directly performed.

[0126] The sum-difference stereo decoding can also be performed after the entropy decoding and before the inverse
quantization, that is, after obtaining the quantized values of the spectrum, if the result of signal type analysis shows that
the signal types are the same, it is determined whether it is necessary to perform a sum-difference stereo decoding on
the quantized values of the spectrum according to the sum-difference stereo control signal, if it is necessary, it is
determined, on the basis of the flag bit on each scale factor band, if said scale factor band needs a sum-difference
stereo decoding; if it needs, the quantized values of the spectrum of the sum-difference sound channels in said scale
factor band are transformed into the quantized values of the spectrum of the left-right sound channels before the sub-
sequent processing; if the signal types are not the same or it is unnecessary to perform the sum-difference stereo
decoding, the quantized values of the spectrum are not processed and the subsequent processing is directly performed.
[0127] If the sum-difference stereo decoding is after the entropy decoding and before the inverse quantization, then
the frequency-domain coefficients of the left-right sound channels in the scale factor band are obtained from the frequency-

il [t ofm
domain coefficients of the sum-difference sound channels through the equation of 7 =[1 __J[:J‘ wherein m
4
denotes the quantized frequency-domain coefficients of the sum sound channel, s denotes the quantized frequency-
domain coefficients of the difference channel, 7 denotes the quantized frequency-domain coefficients of the left sound
channel, and r denotes the quantized frequency-domain coefficients of the right sound channel.
[0128] If the sum-difference stereo decoding is after the inverse quantization, then the inversely quantized frequency-
domain coefficients of the left-right sound channels in the sub-band are obtained from the frequency-domain coefficients

I 1 1fm
of the sum-difference sound channels through the computation of the matrix of [r = 1 -1l s wherein, m

14

denotes the frequency-domain coefficients of the sum sound channel, s denotes the frequency-domain coefficients of
the difference channel, /denotes the frequency-domain coefficients of the left sound channel, and r denotes the frequency-
domain coefficients of the right sound channel.

[0129] Fig. 13 is a schematic drawing of the structure of the third embodiment of the encoding device of the present
invention. On the basis of Fig. 9, said embodiment has a sum-difference stereo encoding module 57 added between
the output of the frequency-domain linear prediction and vector quantization module 56 and the input of the quantization
and entropy encoding module 54. The psychoacoustical analyzing module 51 outputs the masking threshold of the sum-
difference sound channels to the quantization and entropy encoding module 54.

[0130] The sum-difference stereo encoding module 57 can also be located between the quantizer bank and the
encoder in the quantization and entropy encoding module 54 to receive the result of signal type analysis output from
the psychoacoustical analyzing module 51.

[0131] In this embodiment, the function and the operating principle of the sum-difference stereo encoding module 57
are the same as those show in Fig. 11, so they will not be elaborated again.
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[0132] The encoding method of the encoding device as shown in Fig. 13 is substantially the same as the encoding
method of the encoding device as shown in Fig. 9, and the difference is that the former further includes the steps of
determining whether the audio signals are multi-channel signals before quantizing and entropy encoding the frequency-
domain coefficients; if they are multi-channel signals, determining whether the types of the signals of the left-right sound
channels are the same; if the signal types are the same, determining whether the scale factor bands meet the encoding
conditions; if they meet the conditions, performing a sum-difference stereo encoding on said scale factor bands; if they
do not meet the conditions, the sum-difference stereo encoding is not performed. If the signals are mono signals or
multi-channel signals of different types, the sum-difference stereo encoding is not performed.

[0133] The sum-difference stereo encoding can be applied not only before the quantization, but also after the quan-
tization and before the entropy encoding, that is, after quantizing the frequency-domain coefficients, it is determined if
the audio signals are multi-channel signals, if they are, itisdetermined if the signals of the left-right sound channels are
of the same type, if the signal types are the same, it is determined if the scale factor bands meet the encoding conditions,
if they meet the conditions, performing a sum-difference stereo encoding thereon; if they do not meet the conditions,
the sum-difference stereo encoding is not performed. If the signals are mono signals or multi-channel signals of different
types, the sum-difference stereo encoding is not performed.

[0134] Fig. 14 is a schematic drawing of the structure of embodiment three of the decoding device of the present
invention. On the basis of the decoding device as shown in Fig. 10, said decoding device has a sum-difference stereo
decoding module 66 added between the output of the inverse quantizer bank 62 and the input of the inverse frequency-
domain linear prediction and vector quantization module 65, and the bit-stream demultiplexing module 60 outputs sum-
difference stereo control signal thereto.

[0135] The sum-difference stereo decoding module 66 can also be located between the output of the entropy decoding
module 61 and the input of the inverse quantizer bank 62 to receive the sum-difference stereo control signal output from
the bit-stream demultiplexing module 60.

[0136] In this embodiment, the function and the operating principle of the sum-difference stereo decoding module 66
are the same as those shows in Fig. 10, so they will not be elaborated again.

[0137] The decoding method of the decoding device as shown in Fig. 14 is substantially the same as the decoding
method of the decoding device as shown in Fig. 10, and the difference is that the former further includes the followng
steps: after obtaining the inverse quantization spectrum, if the result of signal type analysis shows that the signal types
are the same, it is determined whether it is necessary to perform a sum-difference stereo decoding on the inverse
quantization spectrum according to the sum-difference stereo control signal; if it is necessary, it is determined, on the
basis of the flag bit on each scale factor band, if said scale factor band needs a sum-difference stereo decoding, if it
needs, the inverse quantization spectrum of the sum-difference sound channels in said scale factor band is transformed
into inverse quantization spectrum of the left-right sound channels before the subsequent processing; if the signal types
are not the same or it is unnecessary to perform the sum-difference stereo decoding, the inverse quantization spectrum
is not processed and the subsequent processing is directly performed.

[0138] The sum-difference stereo decoding can also be performed before the inverse quantization, that is, after
obtaining the quantized values of the spectrum, if the result of signal type analysis shows that the signal types are the
same, it is determined whether it is necessary to perform a sum-difference stereo decoding on the quantized values of
the spectrum according to the sum-difference stereo control signal, if it is necessary, it is determined, on the basis of
the flag bit on each scale factor band, if said scale factor band needs a sum-difference stereo decoding, if it needs, the
quantized values of the spectrum of the sum-difference sound channels in said scale factor band are transformed into
the quantized value of the spectrum of the left-right sound channels before the subsequent processing; if the signal
types are not the same or it is unnecessary to perform the sum-difference stereo decoding, the quantized values of the
spectrum are not processed and the subsequent processing is directly performed.

[0139] Fig. 15 is the schematic drawing of the fourth embodiment of the encoding device of the present invention. On
the basis of the encoding device as shown in Fig. 5, this embodiment has a re-sampling module 590 and a frequency
band spreading module 591 added, wherein the re-sampling module 590 re-samples the input audio signals to change
the sampling rate thereof, and then outputs the audio signals with a changed sampling rate to the signal characteristic
analyzing module 50; the frequency band spreading module 591 is used for analyzing the input audio signals on the
entire frequency band to extract the spectrum envelope of the high frequency portion and the characteristics of its
relationship with the low frequency portion, and to output them to the bit-stream multiplexing module 55.

[0140] The re-sampling module 590 is used for re-sampling the input audio signals. The re-sampling includes up-
sampling and down-sampling. The re-sampling is described below using down-sampling as an example. In this embod-
iment, the re-sampling module 590 comprises a low-pass filter and a down-sampler, wherein the low-pass filter is used
for limiting the frequency band of the audio signals and eliminating the aliasing that might be caused by down-sampling.
The input audio signal is down-sampled after being low-pass filtered. Suppose that the input audio signal is s(n), and
said signal is output as v(n) after being filtered by the low-pass filter having a pulse response of h(n), then
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o
"(")’-" Zh(k)s(n—k) the sequence of an M times of down-sampling on v(n) is x(n), then

£ .
x(m) = v(Mim) = 3 B(k)s(Mim— ).

ko

. Thus the sampling rate of the re-sampled audio signal x(n) is reduced by

M times as compared to the sampling rate of the originally input audio signal s (n) .

[0141] After being input to the frequency band spreading module 591, the original audio signals are analyzed on the
entire frequency band to extract the spectrum envelope of the high frequency portion and the characteristics of its
relationship with the low frequency portion, and to output them to the bit-stream multiplexing module 55 as the frequency
band spreading control information.

[0142] The basic principle of frequency band spreading is that with respect to most audio signals, there is a strong
correlation between the characteristic of the high frequency portion thereof and the characteristic of the low frequency
portion thereof, so the high frequency portions of the audio signals can be effectively reconstructed through the low
frequency portions, thus the high frequency portions of the audio signals may not be transmitted. In order to ensure a
correct reconstruction of the high frequency portions, only few frequency band spreading control signals need to be
transmitted in the compressed audio code stream.

[0143] The frequency band spreading module 591 comprises a parameter extracting module and a spectrum envelope
extracting module. Signals are input to the parameter extracting module which extracts the parameters representing the
spectrum characteristics of the input signals at different time-frequency regions, then in the spectrum envelope extracting
module, the spectrum envelope of the high frequency portion of the signal is estimated at a certain time-frequency
resolution. In order to ensure that the time-frequency resolution is most suitable for the characteristics of the present
input signals, the time-frequency resolution of the spectrum envelope can be selected freely. The parameters of the
spectrum characteristics of the input signals and the spectrum envelope of the high frequency portion are used as the
control signal for frequency band spreading to be output to the bit-stream multiplexing module 55 for multiplexing.
[0144] The bit-stream multiplexing module 55 receives the code stream including the common scale factor, encoded
values of the scale factors, encoded values of the code book sequence numbers and the quantization spectrum of
lossless encoding or the encoded values of the code word indexes output from the quantization and entropy encoding
module 54 and the frequency band spreading control signal output from the frequency band spreading module 591, and
then multiplexes them to obtain the compressed audio data stream.

[0145] The encoding method based on the encoding device as shown in Fig. 15 specifically includes: analyzing the
input audio signal on the entire frequency band, and extracting the high frequency spectrum envelope and the parameters
of the signal spectrum characteristics as the frequency band spreading control signal; re-sampling the input audio signal
and analyzing the signal type; calculating the signal-to-masking ratio of the re-sampled signal; time-frequency mapping
the re-sampled signal to obtain the frequency-domain coefficients of the audio signal; quantizing and entropy encoding
the frequency-domain coefficients; multiplexing the frequency band spreading control signal and the encoded audio
code stream to obtain the compressed audio code stream, wherein the re-sampling includes the two steps of limiting
the frequency band of the audio signal and performing a multiple down-sampling on the audio signal whose frequency
band is limited.

[0146] Fig. 16 is a schematic drawing of the structure of embodiment four of the decoding device. On the basis of the
decoding device as shown in Fig. 8, said embodiment has a frequency band spreading module 68 added, which receives
the frequency band spreading control information output from the bit stream demultiplexing module 60 and the time-
domain audio signal of low frequency output from the frequency-time mapping module 64, and which reconstruct the
high frequency signal portion through spectrum shift and high frequency adjustment to output the wide band audio signal.
[0147] The decoding method based on the decoding device as shown in Fig. 16 is substantially the same as the
decoding method based on the decoding device as shown in Fig. 8, and the difference lies in that the former further
includes the step of reconstructing the high frequency portion of the audio signal according to the frequency band
spreading control information and the time-domain audio signal after obtaining the time-domain audio signal, thereby
to obtain the wide band audio signal.

[0148] Figs. 17, 19 and 21 are the fifth to the seventh embodiments of the encoding device, which respectively have
a re-sampling module 590 and a frequency band spreading module 591 added thereto on the basis of the encoding
devices as shown in Figs. 11, 9 and 13. The connection of these two modules with other modules, and the function and
principle of these two modules are the same as those shown in Fig. 15, so they will not be elaborated herein.

[0149] Figs. 18, 20 and 22 are the fifth to the seventh embodiments of the decoding device, which respectively have
a frequency band spreading module 68 added thereto on the basis of the decoding devices as shown in Figs. 12, 10
and 14 to receive the frequency band spreading control information output from the bit-stream demultiplexing module
60 and the time-domain audio signals of low frequency channel output from the frequency-time mapping module 64,
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then the high frequency signal portion is reconstructed through frequency spectrum shift and high frequency adjustment
to output audio signals of wide frequency band.

[0150] The seven embodiments of the encoding device as described above may also include a gain control module
which receives the audio signals output from the signal characteristic analyzing module 50, controls the dynamic range
of the fast varying type signals, and eliminates the pre-echo in audio processing. The output thereof is connected to the
time-frequency mapping module 52 and the psychoacoustical analyzing module 51, meanwhile, the amount of gain
adjustment is output to the bit-stream multiplexing module 55.

[0151] According to the signal type of the audio signals, the gain control module controls only the fast varying type
signals, while the slowly varying signals are directly output without being processed. As for the fast varying type signals,
the gain control module adjusts the time-domain energy envelope of the signal to increase the gain value of the signal
before the fast varying point, so that the amplitudes of the time-domain signal before and after the fast varying point are
close to each other; then the time-domain signals whose time-domain energy envelope are adjusted are output to the
time-frequency mapping module 52, meanwhile, the amount of gain adjustment is output to the bit-stream multiplexing
module 55.

[0152] The encoding method based on said encoding device is substantially the same as the encoding method based
on the above described encoding device, and the difference lies in that the former further includes the step of performing
a gain control on the signal whose signal type has been analyzed.

[0153] The seven embodiments of the encoding device as described above may also include an inverse gain control
module which is located after the output of the frequency-time mapping module 64 to receive the result of signal type
analysis and the information of the amount of gain adjustment output from the bit-stream demultiplexing module 60,
thereby adjusting the gain of the time-domain signal and controlling the pre-echo. After receiving the reconstructed time-
domain signal output from the frequency-time mapping module 64, the inverse gain control module controls the fast
varying type signals but leaves the slowly varying type signals unprocessed. As for the signals of fast varying type, the
inverse gain control module adjusts the energy envelope of the reconstructed time-domain signal according to the
information of the amount of gain adjustment, reduces the amplitude value of the signal before the fast varying point,
and adjusts the energy envelope back to the original state of low in the front and high in the back. Thus the amplitude
value of the quantified noise before the fast varying point will be reduced along with the amplitude value of the signal,
thereby controlling the pre-echo.

[0154] The decoding method based on said decoding device is substantially the same as the decoding method based
on the above described decoding device, and the difference lies in that the former further includes the step of performing
an inverse gain control on the reconstructed time-domain signals.

[0155] Finally, it has to be noted that the above-mentioned embodiments illustrate rather than limit the technical
solutions of the invention. While the invention has been described in conjunction with preferred embodiments, those
skilled in the art shall understand that that modifications or equivalent substitutions can be made to the technical solution
of the present invention without deviating from the spirit and scope of the technical solutions of the present invention.
Accordingly, it is intended to embrace all such modifications or equivalent substitutions as fall within the scope of the
appended claims

Claims

1. An enhanced audio encoding device, comprising a psychoacoustical analyzing module, a time-frequency mapping
module, a quantization and entropy encoding module, and a bit-stream multiplexing module, characterized in that
said device further comprises a signal characteristic analyzing module and a multi-resolution analyzing module;
wherein
the signal characteristic analyzing module is configured to analyze the signal type of the input audio signal and
output it to the psychoacoustical analyzing module and the time-frequency mapping module, and to output the result
of signal type analysis of the audio signals to the bit-stream multiplexing module at the same time;
the psychoacoustical analyzing module is configured to calculate a masking threshold and a signal-to-masking ratio
of the audio signal, and output them to said quantization and entropy encoding module;
the time-frequency mapping module is configured to convert the time-domain audio signal into frequency-domain
coefficients and output them to the multi-resolution analyzing module;
the multi-resolution analyzing module is configured to perform a multi-resolution analysis on the frequency-domain
coefficients of signal of a fast varying type based on the signal type analysis result output from the signal characteristic
analyzing module, and to output it to the quantization and entropy encoding module;
the quantization and entropy encoding module is configured to perform quantization and entropy encoding on the
frequency-domain coefficients under the control of the signal-to-masking ratio output from the psychoacoustical
analyzing module and output them to the bit-stream multiplexing module; and

23



10

15

20

25

30

35

40

45

50

55

EP 1 873 753 A1
the bit-stream multiplexing module is configured to multiplex the received data to form audio encoding code stream.

The enhanced audio encoding device according to claim 1, characterized in that the multi-resolution analyzing
module comprises a frequency-domain coefficient transformation module and a reorganization module, wherein
the frequency-domain coefficient transformation module is used for transforming the frequency-domain coefficients
into time-frequency plane coefficients; and the reorganization module is used for reorganizing the time-frequency
plane coefficients according to a certain rule; wherein the frequency-domain coefficient transformation module is
the filter bank of frequency-domain wavelet transformation or the filter bank of frequency-domain MDCT transfor-
mation.

The enhanced audio encoding device according to claim 1, further comprising a frequency-domain linear prediction
and vector quantization module located between the output of the multi-resolution analyzing module and the input
of the quantization and entropy encoding module; said frequency-domain linear prediction and vector quantization
module consists of a linear prediction analyzer, a linear prediction filter, a transformer, and a vector quantizer; the
linear prediction analyzer is used for predictive analyzing the frequency-domain coefficients to obtain the prediction
gain and prediction coefficients, and for outputting the frequency-domain coefficients that meet a certain condition
to the linear prediction filter; while the prediction coefficients that do not meet the condition are directly output to
said quantization and entropy encoding module;

the linear prediction filter is used for filtering the frequency-domain coefficients to obtain the residual sequence, and
for outputting the residual sequence to the quantization and entropy encoding module and outputting the prediction
coefficients to the transformer;

the transformer is used for transforming the prediction coefficients into line spectrum pair frequency coefficients;
the vector quantizer is used for performing multi-stage vector quantization on the line spectrum pair frequency
coefficients, and the relevant side information obtained from the quantization is transmitted to the bit-stream muilti-
plexing module.

The enhanced audio encoding device according to any one of claims 1-3, further comprising a sum-difference stereo
encoding module located between the output of the frequency-domain linear prediction and vector quantization
module and the input of the quantization and entropy encoding module, or between the quantizer bank and the
encoder in the quantization and entropy encoding module; the signal characteristic analyzing module outputs the
result of signal type analysis thereto; the sum-difference stereo encoding module is used for transforming the residual
sequence/frequency-domain coefficients of the left-right sound channels into the residual sequence/ frequency-
domain coefficients of the sum-difference sound channels.

The enhanced audio encoding device according to any one of claims 1-4, further comprising a re-sampling module
and a frequency band spreading module;

the re-sampling module is used for re-sampling the input audio signal to change the sampling rate thereof, then
outputting the audio signal with a changed sampling rate to the psychoacoustical analyzing module and the signal
characteristic analyzing module; said re-sampling module comprises a low-pass filter and a down-sampler; wherein
the low-pass filter is used for limiting the frequency band of the audio signal, and the down-sampler is used for
down-sampling the audio signal whose frequency band is limited to reduce the sampling rate of the signal;

the frequency-band spreading module is used for analyzing the input audio signal on the entire frequency band to
extract the spectrum envelope of the high frequency portion and the parameters representing the correlation between
the low and high frequency spectrum and to output them to the bit-stream multiplexing module; said frequency-
band spreading module comprises a parameter extracting module and a spectrum envelope extracting module;
said parameter extracting module is used for extracting the parameters representing the spectrum characteristics
of the input signal at different time-frequency regions, and said spectrum envelope extracting module is used for
estimating the spectrum envelope of the high frequency portion of the signal at a certain time-frequency resolution,
and then outputting the parameters of the spectrum characteristics of the input signals and the spectrum envelope
of the high frequency portion to the bit-stream multiplexing module.

An enhanced audio encoding method, comprising the following steps:

step 1: analyzing the type of the input audio signal and using the result of the signal type analysis as a part of
the multiplexed information;

step 2: time-frequency mapping the type analyzed signal to obtain the frequency-domain coefficients of the
audio signal; and calculating the signal-to-masking ratio of the audio signal;

step 3: multi-resolution analyzing the frequency-domain coefficients for the signal of a fast varying type, while

24



10

15

20

25

30

35

40

45

50

55

10.

1.

EP 1873 753 A1

if the signal is not of a fast varying type, proceed to step 4; step 4: quantizing and entropy encoding the frequency-
domain coefficients under the control of the signal-to-masking ratio; step 5: multiplexing the encoded audio
signal to obtain the compressed audio code stream.

The enhanced audio encoding method according to claim 6, characterized in that the quantization in step 4 is
scalar quantization which comprises non-linearly compressing the frequency-domain coefficients in all the scale
factor bands; using the scale factor of each sub-band to quantize the frequency-domain coefficients of said sub-
band to obtain the quantization spectrum represented by an integer; selecting the first scale factor in each frame
of signal as the common scale factor; and differentiating the rest of the scale factors from their respective previous
scale factor;

the entropy encoding comprises entropy encoding the quantization spectrum and the differentiated scale factors to
obtain the sequence numbers of the code book, the encoded values of the scale factors and the lossless encoded
values of the quantization spectrum; and entropy encoding the sequence numbers of the code book to obtain the
encoded values thereof.

The enhanced audio encoding method according to claim 6, characterized in that the multi-resolution analysis in
step 3 comprises performing MDCT transformation on the frequency-domain coefficients to obtain the time-frequency
plane coefficients; reorganizing said time-frequency plane coefficients according to a certain rule; wherein the
reorganization method comprises organizing the time-frequency plane coefficients in the frequency direction, and
organizing the coefficients in each frequency band in the time direction, then arranging the organized coefficients
in the order of sub-window and scale factor band.

The enhanced audio encoding method according to any one of claims 6-8, characterized in that in between said
step 3 and step 4, there are also the steps of performing a standard linear prediction analysis on the frequency-
domain coefficients to obtain the prediction gain and the prediction coefficients; determining if the prediction gain
exceeds the predetermined threshold, if it does, a frequency-domain linear prediction error filtering is performed on
the frequency-domain coefficients based on the prediction coefficients to obtain the linear prediction residual se-
quence of the frequency-domain coefficients; transforming the prediction coefficients into line spectrum pair fre-
quency coefficients, and performing a multi-stage vector quantization on said line spectrum pair frequency coeffi-
cients to obtain the side information; quantizing and entropy encoding the residual sequence; if the prediction gain
does not exceed the predetermined threshold, quantizing and entropy encoding the frequency-domain coefficients.

The enhanced audio encoding method according to any one of claims 6-9, characterized in that said step 4 further
comprises quantizing the frequency-domain coefficients; determining if the audio signals are multi-channel signals,
if they are, determining if the signals of the left-right sound channels are of the same type; if the signal types are
the same, determining if the scale factor bands corresponding to the two sound channels meet the conditions of
sum-difference stereo encoding, if they meet the conditions, performing a sum-difference stereo encoding on the
spectrum coefficients in the scale factor band to obtain the frequency-domain coefficients of the sum-difference
sound channels; if they do not meet the conditions, not performing the sum-difference stereo encoding on the
spectrum coefficients in said scale factor band; if the signals are mono signals or multi-channel signals of different
types, not processing the frequency-domain coefficients; and entropy encoding the frequency-domain coefficients;
wherein the method for determining whether the scale factor band meets the condition for encoding is K-L trans-
formation, specifically, the correlation matrix of the spectrum coefficients of the scale factor bands of the left-right
sound channels is calculated; K-L transformation is performed on the correlation matrix; if the absolute value of the
rotation angle a deviates from n/4 by a small amount, e.g. 3n/16<| a| <56n/16, a sum-difference stereo encoding can
be performed on the corresponding scale factor bands; said sum-difference stereo encoding is

M| 1 o]lL
§ 1L -H[R|"

. A
wherein M denotes the quantized frequency-domain coefficients of the sum sound channel, S denotes the quantized
frequency-domain coefficients of the difference channel, L denotes the quantized frequency-domain coefficients of
the left sound channel, and R denotes the quantized frequency-domain coefficients of the right sound channel.

The enhanced audio encoding method according to any one of claims 6-10, characterized in that there is also a
re-sampling step and a frequency spreading step before said step 1; the re-sampling step resamples the input audio
signal to change the sampling rate thereof;

the frequency spreading step analyzes the input audio signal on the entire frequency band to extract the high
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frequency spectrum envelope and the parameters of the signal spectrum characteristics as a part of the signal
multiplexing.

An enhanced audio decoding device, comprising a bit-stream demultiplexing module, an entropy decoding module,
an inverse quantizer bank, and a frequency-time mapping module, characterized in that said device further com-
prises a multi-resolution integration module;

the bit-stream demultiplexing module is configured to demultiplex the compressed audio data stream and output
the corresponding data signal and control signal to the entropy decoding module and the multi-resolution integration
module; the entropy decoding module is configured to decode said signal, recover the quantized values of the
spectrum so as to output them to the inverse quantizer bank;

the inverse quantizer bank is configured to reconstruct the inverse quantization spectrum and output it to the multi-
resolution integration module;

the multi-resolution integration module is configured to perform multi-resolution integration on the inverse quanti-
zation spectrum and to output it to the frequency-time mapping module; and

the frequency-time mapping module is configured to perform a frequency-time mapping on the spectrum coefficients
to output the time-domain audio signal.

The enhanced audio decoding device according to claim 12, characterized in that said multi-resolution integration
module comprises a coefficient reorganization module and a coefficient transformation module; said coefficient
transformation module is a filter bank of frequency-domain inverse wavelet transformation, or a filter bank of fre-
quency-domain inverse modified discrete cosine transformation.

The enhanced audio decoding device according to claim 12 or 13, further comprising inverse frequency-domain
linear prediction and vector quantization module located between the output of the inverse quantizer bank and the
input of the multi-resolution integration module; said inverse frequency-domain linear prediction and vector quanti-
zation module comprises an inverse vector quantizer, an inverse transformer, and an inverse linear prediction filter;
wherein the inverse vector quantizer is used for inversely quantizing the code word index to obtain the line spectrum
pair frequency coefficients, the inverse transformer is used for inversely transforming the line spectrum frequency
coefficients into prediction coefficients, and the inverse linear prediction filter is used for inversely filtering the inverse
quantization spectrum based on the prediction coefficients to obtain the spectrum before prediction.

The enhanced audio decoding device according to any one of claims 12-14, further comprising a sum-difference
stereo decoding module located behind the inverse quantizer bank or between the output of the entropy decoding
module and the input of the inverse quantizer bank, to receive the sum-difference stereo control signal output from
the bit-stream demultiplexing module, and to transform the inverse quantization spectrum/the quantized values of
the spectrum of the sum-difference sound channels into the inverse quantization spectrum/the quantized values of
the spectrum of the left-right sound channels based an the sum-difference stereo control information.

An enhanced audio decoding method, comprising the following steps:

step 1: demultiplexing the compressed audio data stream to obtain the data information and the control infor-
mation;

step 2: entropy decoding said information to obtain the quantized values of the spectrum;

step 3: inversely quantizing the quantized values of the spectrum to obtain the inverse quantization spectrum;
step 4: multi-resolution integrating the inverse quantization spectrum;

step 5: performing a frequency-time mapping to obtain the time-domain audio signal.

The enhanced audio decoding method according to claim 16, characterized in that the multi-resolution integration
in said step 4 specifically comprises arranging the inverse quantization spectrum coefficients in the order of sub-
window and scale factor band, and reorganizing them according to the frequency sequence, then performing a
plurality of times of inverse modified discrete cosine transformation on the reorganized coefficients to obtain the
inverse quantization spectrum before the multi-resolution analysis.

The enhanced audio decoding method according to claim 16, characterized in that said step 5 further comprises
performing inverse modified discrete cosine transformation to obtain the transformed time-domain signals; perform-
ing a window adding processing on the transformed time-domain signals at the time domain; superposing said
window added time-domain signals to obtain the time-domain audio signals; wherein the window function in said
window adding processing is: w(N+k) =cos(pi/2*((k+0.5)/N-0.94*sin (2*pi/N*(k+0.5))/(2*pi))), wherein k=1...N-1; w
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(k) represents the kth coefficient of the window function and w(k) = w(2*N-1-k); N represents the number of samples
of the encoded frame.

The enhanced audio decoding method according to claim 17 or 18, characterized in that between said step 3 and
step 4, there is also the steps of determining if the control information contains information concerning that the
inverse quantization spectrum has to undergo the inverse frequency-domain linear prediction vector quantization,
if it does, performing the inverse vector quantization to obtain the prediction coefficients, and performing a linear
prediction synthesizing on the inverse quantization spectrum according to the prediction coefficients to obtain the
spectrum before prediction; and frequency-time mapping the spectrum before prediction; wherein said inverse vector
quantization further comprises: obtaining the code word indexes resulted from the vector quantization of the prediction
coefficients from the control information; then obtaining the quantized line spectrum pair frequency coefficients
according to the code word indexes, on the basis of which the prediction coefficients are calculated.

The enhanced audio decoding method according to any one of claims 16-19, characterized in that between said
steps 2 and 3, there are also the steps that if the result of signal type analysis shows that the signal types are the
same, itis determined whether itis necessary to perform a sum-difference stereo decoding on the inverse quantization
spectrum according to the sum-difference stereo control signal, if it is necessary, it is determined, on the basis of
the flag bit on each scale factor band, if said scale factor band needs a sum-difference stereo decoding, if it needs,
the inverse quantization spectrum of the sum-difference sound channels in said scale factor band is transformed
into inverse quantization spectrum of the left-right sound channels, and proceed to step 3; if the signal types are
not the same or it is unnecessary to perform the sum-difference stereo decoding, the inverse quantization spectrum
is not processed and proceed to step 3; wherein the sum-difference stereo decoding is

LA

wherein m denotes the quantized frequency-domain coefficients of the sum sound channel, s denotes the quantized
frequency-domain coefficien}s of the difference channel, / denotes the quantized frequency-domain coefficients of
the left sound channel, and r denotes the quantized frequency-domain coefficients of the right sound channel.
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