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Description

[Technical Field]

[0001] The present invention relates to a method of quantizing a voice signal in a band-selective manner and a device
using the method, and more particularly, to voice encoding/decoding method and device.

[Background Art]

[0002] Voice communications are mainly used in current mobile communications. A voice signal generated by a person
can be expressed as an electrical analog signal. A wired telephone transmits the analog signal, and reproduces the
transmitted electrical analog signal into a voice signal.
[0003] With recent development of information technology, a method capable of more flexibly transmitting more infor-
mation than an existing analog system for transmitting an electrical analog signal has been studied. As a result, a voice
signal has been changed from analog to digital. A digital voice signal requires a broader bandwidth for transmission than
an analog voice signal, but has a lot of merits in a lot of points such as signal transmission, flexibility, security, and
cooperation with other systems. Voice compression techniques have been developed in order to complementing the
disadvantage of a broad bandwidth in a digital voice signal. The change of a voice signal from analog to digital has been
accelerated by the voice compression techniques, which occupy an important part of information communications.
[0004] Audio codecs can be classified into a middle-rate or low-rate codec of 16 kbps or less and a high-rate codec
depending on a method of modeling a signal in compressing a voice signal. The high-rate codec uses a waveform coding
system to compress a voice signal in consideration of how accurately a receiving party reconstructs an original signal.
A codec enabling such a coding system is referred to as a waveform coder. On the other hand, the middle-rate or low-
rate codec uses a source coding system to compress a voice signal, because the number of bits expressing an original
signal decreases. The receiving party codes the voice signal using a voice signal generation model in consideration of
how similar to an original signal. A coder employing such a coding system is referred to as a vocoder.
[0005] Patent application EP 2 101 318 A1 discloses an encoding device and a decoding device, wherein the encoding
device comprises a frequency domain transform section which performs a Modified Discrete Cosine Transform (MDCT)
using an input signal to calculate an MDCT coefficient which is a frequency domain parameter. The encoding device
further comprises a band selection section which divides the MDCT coefficient into a plurality of subbands, selects a
band as a quantization target band from the plurality of subbands and outputs band information indicating the selected
band to a shape quantization section. The decoding device comprises a time domain transform section which performs
an Inverse Modified Discrete Cosine Transform (IMDCT) on the decoded MDCT coefficient to generate a time domain
signal and outputs this as a decoded signal.
[0006] Patent Application JP 2003-140692 A discloses a decoding device which comprises a first coding part for coding
a low frequency region among the spectral data obtained by converting an input acoustic signal for a certain time, a
second quantization part for generating auxiliary information expressing the features of a high frequency region among
the spectral data obtained by converting the input acoustic signal for a certain time, a second coding part for coding the
generated auxiliary information, and a stream output part for outputting the data coded.
[0007] Non-patent disclosure Salavedra J. M. et al: "APVQ encoder applied to wideband speech coding", Spoken
Language, 1996, ICSLP 96. Proceedings, Fourth International Conference on Philadelphia, 3-6 October 1996, IEEE,
vol. 2, 3 October 1996, pages 941-944, describes a coding scheme for broadband speech.
[0008] Patent publication US 5,842,160 A discloses a method for improving the voice quality in low-rate dynamic bit
allocation sub-band coding (DBASC) by inserting synthetic filler signals for non-transmitted signal bands.

[Summary of Invention]

[Technical Problem]

[0009] An object of the present invention is to provide a method of selectively performing quantization and dequanti-
zation by frequency bands of a voice signal so as to enhance voice encoding efficiency.
[0010] Another object of the present invention is to provide a method of selectively performing quantization and de-
quantization by frequency bands of a voice signal so as to enhance voice decoding efficiency.

[Technical Solution]

[0011] According to an aspect of the present invention, there is provided a method for voice decoding according to
claim 1.
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[0012] According to another aspect of the present invention, there is provided an apparatus for decoding voice according
to claim 7.
[0013] Preferred embodiments of the method and the apparatus are recited in the dependent claims.

[Advantageous Effects]

[0014] By employing the above-mentioned method and device for quantizing a voice signal in a band-selective manner
according to the aspects of the present invention, it is possible to reduce an amount of unnecessary information to
enhance voice coding efficiency by selectively quantizing only some bands including important information when quan-
tizing voice parameter information. It is also possible to reconstruct a signal closest to a time-axis voice signal by selecting
some bands by the AbS.

[Description of Drawings]

[0015] FIGS. 1 to 4 are conceptual diagrams illustrating a voice encoder and a voice decoder according to an embod-
iment of the present invention.

FIG. 1 is a conceptual diagram illustrating a voice encoder according to an embodiment of the present invention.
FIG. 2 is a conceptual diagram illustrating a TCX mode executing unit that performs a TCX mode according to an
embodiment of the present invention.
FIG. 3 is a conceptual diagram illustrating a CELP mode executing unit that performs a CELP mode according to
an embodiment of the present invention.
FIG. 4 is a conceptual diagram illustrating a voice decoder according to an embodiment of the invention.
FIGS. 5 to 7 are flowcharts illustrating a method of performing an encoding operation in the TCX mode according
to an embodiment of the present invention.
FIG. 8 is a diagram illustrating an example of a quantization target band selecting method according to an embodiment
of the present invention.
FIG. 9 is a diagram illustrating an example of a process of normalizing a linear prediction residual signal of a
quantization-selected band according to an embodiment of the present invention.
FIG. 10 is a diagram illustrating a signal before and after insertion of comfort noise to show an effect of insertion of
a comfort noise level (CN level) according to an embodiment of the present invention.
FIG. 11 is a conceptual diagram illustrating a comfort noise calculating method according to an embodiment of the
present invention.
FIG. 12 is a conceptual diagram illustrating a part (a quantization unit of a TCX mode block) of a voice encoder
according to an embodiment of the present invention.
FIG. 13 is a flowchart illustrating a process of dequantizing a TCX mode block according to an embodiment of the
present invention.
FIG. 14 is a conceptual diagram illustrating a part (a dequantization unit of the TCX mode block) of a voice encoder
according to an embodiment of the present invention.

FIGS. 15 to 20 are diagrams illustrating an encoding method in a TCX mode using an analysis-by-synthesis (AbS)
method according to an embodiment of the present invention.
FIG. 15 is a diagram illustrating an encoding method in a TCX mode using an analysis-by-synthesis (AbS) method
according to an embodiment of the present invention.
FIG. 16 is a conceptual diagram illustrating a method of applying a band-selection IDFT to an AbS structure according
to an embodiment of the present invention.
FIG. 17 is a conceptual diagram illustrating a band-selection IDFT process which is performed in the front stage of
an AbS structure according to an embodiment of the present invention.
FIG. 18 is a conceptual diagram illustrating an encoding method in a TCX mode using an AbS structure according
to an embodiment of the present invention.
FIG. 19 is a flowchart illustrating a dequantization process of a TCX mode block using an AbS structure according
to an embodiment of the present invention.
FIG. 20 is a conceptual diagram illustrating a part (a dequantization unit of the TCX mode block using an AbS
structure) of a voice decoder according to an embodiment of the present invention.
FIGS. 21, 22, and 23 are conceptual diagrams illustrating a case where an input voice signal as a comparison signal
for selecting an upper-band signal combination in an AbS passes through an auditory-recognition weighting filter
W(z).



EP 2 772 911 B1

4

5

10

15

20

25

30

35

40

45

50

55

[Mode for Invention]

[0016] Hereinafter, embodiments of the invention will be specifically described with reference to the accompanying
drawings. When it is determined that detailed description of known configurations or functions involved in the invention
makes the gist of the invention obscure, the detailed description thereof will not be made.
[0017] If it is mentioned that an element is "connected to" or "coupled to" another element, it should be understood
that still another element may be interposed therebetween, as well as that the element may be connected or coupled
directly to another element. When it is mentioned in the present invention that a specific element is "included", it does
not mean excluding an element other than the specific element, but it means that an additional element may be included
in an embodiment of the present invention.
[0018] Terms such as "first" and "second" can be used to describe various elements, but the elements are not limited
to the terms. The terms are used only for distinguishing one element from another element. For example, an element
named a first element within the technical scope of the invention may be named a second element and an element
named a second element may be similarly named a first element.
[0019] The constituent units described in the embodiments of the invention are independently shown to represent
different distinctive functions. Each constituent unit is not constructed by an independent hardware or software unit. That
is, the constituent units are independently arranged for the purpose of convenience for explanation and at least two
constituent units may be combined into a single constituent unit or a single constituent unit may be divided into plural
constituent units to perform functions.
[0020] Some elements may not be essential elements for performing essential functions of the invention but may be
selective elements for merely improving performance. The invention may be embodied by only the elements essential
to embody the invention, other than the elements used to merely improve performance, and a structure including only
the essential elements
other than the selective elements used to merely improve performance belongs to the scope of the invention.
[0021] FIG. 1 is a conceptual diagram illustrating a voice encoder according to an embodiment of the invention.
[0022] Referring to FIG. 1, a voice encoder includes a bandwidth checking unit 103, a sampling and conversion unit
106, a pre-processing unit 109, a band dividing unit 112, linear-prediction and analysis units 115 and 118, linear-prediction
and quantization units 121 and 124, a TCX mode execution unit 127, a CELP mode execution unit 136, a mode selecting
unit 151, a band predicting unit 154, and a compensation gain predicting unit 157.
[0023] FIG. 1 illustrates an example of a voice encoder. The voice encoder according to the embodiment of the present
invention may have another configuration without departing from the concept of the present invention. The constituent
units illustrated in FIG. 1 are independently shown to represent different distinctive functions. Each constituent unit is
not constructed by an independent hardware or software unit. That is, the constituent units are independently arranged
for the purpose of convenience for explanation and at least two constituent units may be combined into a single constituent
unit or a single constituent unit may be divided into plural constituent units to perform functions. Embodiments in which
the elements are combined and/or split belong to the scope of the invention without departing from the concept of the
invention. Some elements may not be essential elements for performing essential functions of the invention but may be
selective elements for merely improving performance. For example, a voice encoder in which unnecessary constituent
units are removed from FIG. 1 depending on the bandwidth of a voice signal may be embodied. This voice encoder also
belongs to the scope of the present invention.
[0024] The present invention may be embodied by only the elements essential to embody the invention, other than
the elements used to merely improve performance, and a structure including only the essential elements other than the
selective elements used to merely improve performance belongs to the scope of the present invention.
[0025] The bandwidth checking unit 103 may determine bandwidth information of an input voice signal. Depending
on bandwidths thereof, voice signals can be classified into a narrowband signal which has a bandwidth of about 4 kHz
and which is often used in a public switched telephone network (PSTN), a wideband signal which has a bandwidth of
about 7 kHz, which is more natural than the narrowband voice signal, and which is often used in high-quality speech or
AM radio, a super-wideband signal which has a bandwidth of about 14 kHz and which is often used in the fields in which
sound quality is emphasized such as music and digital broadcast, and a full-band signal which has a bandwidth of about
20 kHz. The bandwidth checking unit 103 may transform an input voice signal to a frequency domain and may determine
a bandwidth of a current voice signal.
[0026] The encoding operation of the voice encoder may vary depending on the bandwidth of a voice signal. For
example, when an input voice signal is a super-wideband signal, the input voice signal is input to only the band dividing
unit 112 and the sampling converting unit 106 is not activated. When an input voice signal is a narrowband signal or a
wideband signal, the input voice signal is input to only the sampling converting unit 106 and the band dividing unit 112
and the constituent units 115, 121, 157, and 154 subsequent thereto are not activated. In some embodiments, the
bandwidth checking unit 103 may not include in the voice encoder when the bandwidth of an input voice signal is fixed.
[0027] The sampling converting unit 106 may change the input narrowband signal or the input wideband signal into
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a constant sampling rate. For example, when the sampling rate of the input narrowband signal is 8 kHz, the input voice
signal may be up-sampled to 12.8 kHz to generate an upper-band signal. When the sampling rate of the input wideband
signal is 16 kHz, the input voice signal may be down-sampled to 12.8 kHz to generate a lower-band signal. The internal
sampling frequency may be a frequency other than 12.8 kHz.
[0028] The pre-processing unit 109 may perform a pre-processing operation on the voice signal having the changed
internal sampling frequency by the sampling converting unit 106. By the pre-processing, it is possible to effectively extract
a voice parameter. For example, the pre-processing unit 109 may use the high-pass filtering or the pre-emphasis filtering
to extract a frequency component of an important band. For example, the pre-processing unit 109 may focus an important
band required for extracting a parameter by setting a cutoff frequency to be different depending on the bandwidth of a
voice signal. The pre-processing unit 109 may perform a high-pass filtering to filter very low frequencies which are
frequency bands including relatively less important information. For example,the pre-processing unit 109boosts a high
frequency band of an input voice signal and scales energy of a low frequency band and a high frequency band. By the
boosting and the scaling, a resolution for linear prediction and analysis may be raised.
[0029] The band dividing unit 112 may convert the sampling rate of an input super-wideband signal and may divide
the frequency band thereof into an upper band and a lower band. For example, a voice signal of 32 kHz may be converted
into a sampling frequency of 25.6 kHz. The voice signal coverted into a sampling frequency of 25.6 kHz may be divided
into an upper band and a lower band by 12.8 kHz. The lower band may be transmitted to the pre-processing unit 109
for filtering.
[0030] The linear-prediction analysis unit 118 may calculate linear prediction coefficients (LPC). The linear-prediction
analysis unit 118 may model a formant representing the entire shape of a frequency spectrum of a voice signal. The
linear-prediction analysis unit 118 may calculate the LPC values so that the mean square error (MSE) of error values
which are differences between an original voice signal and a predicted voice signal generated using the linear prediction
coefficients calculated by the linear-prediction analysis unit 118. Various LPC coefficient calculating methods such as
an autocorrelation method and a covariance method may be used to calculate the LPCs.
[0031] The linear-prediction quantization unit 124 may convert the LPCs extracted from the lower-band voice signal
into transform coefficients of the frequency domain such as LSP or LSF and may quantize the transform coefficients.
The LPCs have a wide dynamic range. Accordingly, when the LPCs are transmitted without any change, the compression
rate is lowered. As a result, it is possible to generate LPC information with a small amount of information using transform
coefficients transformed to the frequency domain. The linear-prediction quantization unit 124 may quantize and encode
the LPC coefficient. The linear-prediction quantization unit 124 may transmit linear prediction residual signal. The linear
prediction residual signal includes pitch information which are a signal from which formant components are excluded
using the LPCs dequantized and transformed to the time domain, and a random signal. The linear prediction residual
signal may be transmitted to the subsequent stage of the linear-prediction quantization unit 124. In the upper band, the
linear prediction residual signal may be transmitted to the compensation gain predicting unit 157. In the lower band, the
linear prediction residual signal in the lower band may be transmitted to the TCX mode executing unit 127 and the CELP
mode executing unit 136.
[0032] The following embodiment of the present invention will describe a method of encoding the linear prediction
residual signal of a narrowband signal or a wideband signal in the transform coded excitation (TCX) mode or the code
excited linear prediction (CELP) mode.
[0033] FIG. 2 is a conceptual diagram illustrating the TCX mode executing unit that performs the TCX mode according
to an embodiment of the present invention.
[0034] The TCX mode executing unit may include a TCX transform unit 200, a TCX quantization unit 210, a TCX
inverse transform unit 220, and a TCX synthesization unit 230.
[0035] The TCX transform unit 200 may transform an input residual signal to the frequency domain on the basis of a
transform function such as a discrete Fourier transform (DFT) or a modified discrete cosine transform (MDCT) and may
transform coefficient information to the TCX quantization unit 210.
[0036] The TCX quantization unit 210 may quantize the transform coefficients transformed by the TCX transform unit
200 using various quantization methods. According to an embodiment of the present invention, the TCX quantization
unit 210 may selectively perform quantization depending on the frequency band and may calculate an optimal frequency
combination using an analysis-by-synthesis (AbS) method. The embodiment of the present invention will be described
below.
[0037] The TCX inverse transform unit 220 may inversely transform the linear prediction residual signal, which has
been transformed to the frequency domain by the transform unit, to an excitation signal of the time domain on the basis
of the quantized information.
[0038] The TCX synthesization unit 230 may calculate a synthesized voice signal using the inversely-transformed
linear prediction coefficient values quantized in the TCX mode and the reconstructed excitation signal. The synthesized
voice signal may be supplied to the mode selecting unit 151 and the voice signal reconstructed in the TCX mode may
be quantized in a CELP mode to be described later and may be compared with the reconstructed voice signal.
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[0039] FIG. 3 is a conceptual diagram illustrating a CELP mode executing unit that performs the CELP mode according
to an embodiment of the present invention.
[0040] The CELP mode executing unit includes a pitch detecting unit 300, an adaptive codebook searching unit 310,
a fixed codebook searching unit 320, a CELP quantization unit 330, a CELP inverse transform unit 340, and a CELP
synthesization unit 350.
[0041] The pitch detecting unit 300 may acquire period information and peak information of pitches on the basis of
the linear prediction residual signal using an open-loop method such as an autocorrelation method.
[0042] The pitch detecting unit 300 may compare the synthesized voice signal with an actual voice signal and may
calculate the pitch period (peak value). The calculated pitch information may be quantized by the CELP quantization
unit and may be transmitted to the adaptive codebook searching unit. The adaptive codebook searching unit may calculate
pitch period (pitch value) based on a method such as the AbS method.
[0043] The adaptive codebook searching unit 310 may calculate a pitch structure from the linear prediction residual
signal based on the quantized pitch information, for example, using the AbS method. The quantized pitch information
is generated based on the pitch detecting unit 300. The adaptive codebook searching unit 310 may generate a random
signal component other than the pitch structure.
[0044] The fixed codebook searching unit 320 may encode the random signal component generated by the adaptive
codebook searching unit 310 by using codebook index information and codebook gain information. The codebook index
information and the codebook gain information determined by the fixed codebook searching unit 320 may be quantized
by the CELP quantization unit 330.
[0045] The CELP quantization unit 330 may quantize the pitch-relevant information and the codebook-relevant infor-
mation determined by the pitch detecting unit 300, the adaptive codebook searching unit 310, and the fixed codebook
searching unit 320 as described above.
[0046] The CELP inverse transform unit 340 may reconstruct an excitation signal using the information quantized by
the CELP quantization unit 330.
[0047] The CELP synthesization unit 350 may calculate a synthesized voice signal on the basis of the reconstructed
voice signal and the quantized linear prediction coefficients by performing the inverse processes of the linear prediction
on the reconstructed excitation signal which is the inversely-transformed linear prediction residual signal quantized in
the CELP mode. The voice signal reconstructed in the CELP mode may be supplied to the mode selecting unit 151 and
may be compared with the voice signal reconstructed in the TCX mode.
[0048] The mode selecting unit 151 may compare the TCX-reconstructed voice signal generated from the excitation
signal reconstructed in the TCX mode with the CELP-reconstructed voice signal generated from the excitation signal
reconstructed in the CELP mode, may select the signal more similar to the original voice signal, and may encode mode
information on the encoding mode. The selection information may be transmitted to the band predicting unit 154.
[0049] The band predicting unit 154 may generate an upper-band predicted excitation signal using the selection
information transmitted from the mode selecting unit 151 and the reconstructed excitation signal.
[0050] The compensation gain predicting unit 157 may compare the upper-band prediction residual signal with the
upper-band predicted excitation signal transmitted from the band predicting unit 154 and may compensate for the gain
in spectrum.
[0051] FIG. 4 is a conceptual diagram illustrating a voice decoder according to an embodiment of the invention.
[0052] Referring to FIG. 4, the voice decoder includes dequantization units 401 and 402, an inverse transform unit
405, a first linear prediction and synthesis unit 410, a sampling converting unit 415, post-process filtering units 420 and
445, a band predicting unit 440, a gain compensating unit 430, a second linear prediction and synthesis unit 435, and
a band synthesizing unit 440.
[0053] The dequantization units 401 and 402 may dequantize parameter information quantized by the voice encoder
and may supply the dequantized parameter information to the constituent units of the voice decoder.
[0054] The inverse transform unit 405 may inversely transform the voice information encoded in the TCX mode or the
CELP mode and may reconstruct an excitation signal. According to an embodiment of the present invention, the inverse
transform unit may perform only the inverse transform on some bands selected by the voice encoder. The embodiment
of the present invention will be described below in detail. The reconstructed excitation signal may be transmitted from
the first linear prediction and synthesization unit 410 and the band predicting unit 425.
[0055] The first linear prediction and synthesization unit 410 may reconstruct a lower-band voice signal using the
excitation signal transmitted from the inverse transform unit 405 and the linear prediction coefficient information trans-
mitted from the voice encoder. The reconstructed lower-band voice signal may be transmitted to the sampling converting
unit 415 and the band synthesizing unit 440.
[0056] The band predicting unit 425 may generate an upper-band predicted excitation signal on the basis of the
reconstructed excitation signal values transmitted from the inverse transform unit 405.
[0057] The gain compensating unit 430 may compensate for the gain in spectrum of a super-wideband voice signal
on the basis of the upper-band predicted excitation signal transmitted from the band predicting unit 425 and the com-
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pensated gain value transmitted from the voice encoder.
[0058] The second linear prediction and synthesization unit 435 may reconstruct an upper-band voice signal on the
basis of the compensated upper-band predicted excitation signal values transmitted from the gain compensating unit
430 and the linear prediction coefficient values transmitted from the voice encoder.
[0059] The band synthesizing unit 440 may synthesize the bands of the reconstructed lower-band voice signal trans-
mitted from the first linear prediction and synthesization unit 410 and the band of the reconstructed upper-band voice
signal transmitted from the second linear prediction and synthesization unit 435.
[0060] The sampling converting unit 415 may convert the internal sampling frequency value to the original sampling
frequency value again.
[0061] The post-process filtering units 420 and 445 may include, for example, a de-emphasis filter that can perform
inverse filtering of the pre-emphasis filter in the pre-processing unit(109). The post-process filtering units may perform
various post-processing operations such as an operation of minimizing a quantization error and an operation of reviving
harmonic peaks and suppressing valleys as well as the filtering operation.
[0062] As described above, the voice encoder illustrated in FIGS. 1 and 2 is an example of the present invention, may
employ another voice encoder structure without departing from the concept of the present invention, and such an
embodiment is also included in the scope of the present invention.
[0063] FIGS. 5 to 7 are flowcharts illustrating a method of performing an encoding operation in the TCX mode according
to an embodiment of the present invention.
[0064] In the TCX encoding method according to the embodiment of the present invention, it is possible to achieve
higher encoding efficiency by using a method of selectively performing quantization depending on a degree of importance
of a signal.
[0065] Referring to FIG. 5, a target signal of an input voice signal is calculated (step S500). The target signal is a linear
prediction residual signal of which a short-term correlation between voice samples is removed in the time axis.
[0066] Aw(z) represents a filter including quantized linear prediction coefficients (LPCs) subjected to LPC analysis
and quantization. The input signal may pass through the Aw(z) filter to output a linear prediction residual signal. The
linear prediction residual signal may be a target signal to be encoded in the TCX mode.
[0067] When a previous frame is encoded in a mode other than the TCX mode, a zero-input response (ZIR) is removed
(step S510).
[0068] For example, when the previous frame is a frame encoded in an ACELP mode other than the TCX mode, a
zero-input response by the combination of a weighting filter and a synthesis filter may be removed from a weighted
signal so as to cancel the influence on an output value due to the previous input signal.
[0069] Then, an adaptive windowing operation is performed (step S520).
[0070] As described above, the linear prediction residual signal may be encoded using plural methods such as the
TCX and the CELP. When continuous frames are encoded using different methods, degradation in voice quality may
be caused at the boundary between the frames. Accordingly, when the previous frame is encoded in a mode other than
that of the current frame, the continuity between frames may be acquired using the windowing operation.
[0071] Subsequently, a transform operation is performed (step S530) .
[0072] The windowed linear prediction residual signal may be transformed from a time-domain signal to a frequency-
domain signal using a transform function such as the DFT or the MDCT.
[0073] Referring to FIG. 6, the linear prediction residual signal transformed in step S530 is subjected to spectrum pre-
shaping and band division (step S600).
[0074] In the method of dividing a voice signal band according to the embodiment of the present invention, the linear
prediction residual signal may be divided into a low frequency band and a high frequency band depending on the
frequencies and may be encoded. By using the method of dividing a band, it is possible to determine whether to perform
quantization depending on the degree of important of the band. The following embodiment of the present invention will
describe a method of quantizing some fixed low frequency bands and selectively quantizing bands having a large energy
portion out of upper high frequency bands. A band to be quantized may be referred to as a frequency band to be
quantized, plural fixed low frequency bands may be referred to as fixed low-frequency bands, and plural high-frequency
bands to be selectively quantized may be referred to as selected high-frequency bands.
[0075] Arbitrarily, a frequency band is divided into a high-frequency band and a low-frequency band and a frequency
band to be quantized is selected out of the divided frequency bands. Accordingly, without departing from the concept
of the present invention, another frequency band dividing method may be used to select a frequency band and the
number of frequency bands to be quantized may vary. This embodiment also belongs to the scope of the present
invention. The following embodiment of the present invention will describe that the DFT is used as the transform method
for the purpose of convenience of explanation, but another transform method (for example, MDCT) may be used. This
embodiment also belongs to the scope of the present invention.
[0076] A target signal in the TCX mode is transformed to coefficients in the frequency domain through the spectrum
pre-shaping. For the purpose of convenience of explanation, the embodiment of the present invention will describe a
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sequence of processing a frame section of 20 ms (256 samples) at an internal sampling rate of 12.8 kHz, but the specific
values (the number of frequency coefficients and the feature values of band division) may be changed with a change in
frame size.
[0077] The coefficients in the frequency domain may be transformed to a frequency-domain signal having 288 samples,
and the transformed frequency-domain signal may be divided into 36 bands each having 8 samples. The frequency-
domain signal may be subjected to pre-shaping of alternately rearranging and grouping the real parts and the imaginary
parts so as to divide the frequency-domain signal into 36 bands each having 8 samples. For example, when 288 samples
are subjected to the DFT, the samples are arranged to be symmetric about Fs/2 in the frequency domain and thus the
coefficients to be encoded may be 144 frequency-domain samples. A frequency-domain coefficient has a real part and
an imaginary part. Accordingly, the real parts and the imaginary parts may be alternately rearranged for quantization so
as to group 288 samples by 8 samples to form 36 bands.
[0078] Expression 1 represents divided frequency-domain signals.

[0079] Here, four low-frequency bands (Xn(k) n=0,···,3) may be fixed and four important frequency bands out of 32
high-frequency bands may be selected and defined as quantization-selected bands based on an energy distribution.
Finally, the quantization-selected bands may be 8 bands (Xn(k) n = 0,···,7) including four low-frequency bands and four
high-frequency bands. As described above, the number of frequency bands to be quantized is arbitrary and may be
changed. Information on the positions of the selected bands may be transmitted to the voice decoder.
[0080] FIG. 8 is a diagram illustrating an example of a method of selecting a band to be quantized according to an
embodiment of the present invention.
[0081] Referring to FIG. 8, the horizontal axis in the upper part of FIG. 8 represents the frequency band (800) when
an original linear prediction residual signal is transformed to the frequency domain. As described above, the frequency
transform coefficients of the linear prediction residual signal may be divided into 32 bands depending on the frequency
bands, and 8 frequency bands of four fixed low-frequency bands 820 and four selected high-frequency bands 840 in
the frequency bands of the original linear prediction residual signal may be selected frequency bands to be quantized.
In selecting 8 selected frequency bands, 32 frequency bands other than the four fixed low-frequency bands are arranged
in a descending order of energy and 8 upper frequency bands are selected.
[0082] Referring to FIG. 6 again, the selected quantized bands may be normalized (step S610).
[0083] The total energy of the frequency bands to be quantized may be calculated by calculating energy (E(n) n =
0,···,7) of each selected frequency band using Expression 2.

[0084] The total energy may be divided by the number of selected samples to calculate a gain G to be finally normalized.
[0085] The selected frequency bands to be quantized may be divided by the gain calculated through Expression 3 to
finally acquire normalized signals M(k).

~
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[0086] FIG. 9 is a diagram illustrating an example of a process of normalizing the linear prediction residual signal of
the quantization-selected bands according to an embodiment of the present invention.
[0087] Referring to FIG. 9, the upper part of FIG. 9 illustrates frequency transform coefficients of an original linear
prediction residual signal and the middle part of FIG. 9 illustrates the frequency bands selected from the original frequency
transform coefficients. The lower part of FIG. 9 illustrates the frequency transform coefficients of the linear prediction
residual signal in which the selected bands are normalized.
[0088] Referring to FIG. 6 again, the normalized frequency transform coefficients of the linear prediction residual signal
are quantized based on a selected codebook by comparing the band energy values with the average energy value (step
S620).
[0089] Codewords of a codebook and the minimum mean square error (MMSE) of the normalized signal to be quantized
may be acquired to select indices of the codebook.
[0090] In an embodiment of the present invention, different codebooks may be selected using a predetermined ex-
pression. The energy of a band to be quantized may be compared with the average energy. A first codebook learned
using the bands having high energy is selected when the energy of a frequency band to be quantized is higher than the
average energy, and a second codebook learned using the bands having a low energy ratio is selected when the energy
of a frequency band to be quantized is lower than the average energy. Shape vector quantization may be performed on
the basis of a codebook selected through comparison of the average energy with the energy of the band to be quantized.
Expression 4 represents the band energy and the average value thereof.

[0091] The spectrum is subjected to deshaping and the quantized transform coefficients are inversely transformed to
reconstruct the linear prediction residual signal of the time axis 9step S630).
[0092] The spectrum deshaping may be performed as the inverse process of the above-mentioned spectrum pre-
shaping, and the inverse transform may be performed after the spectrum deshaping.
[0093] The total gain in the time domain is calculated which is acquired through the inverse transform of the quantized
linear prediction residual signal (step S640).
[0094] The total gain may be calculated on the basis of the linear prediction residual signal subjected to the adaptive
windowing of step S520 and the time-axis prediction residual signal inversely transformed to the quantized coefficients
calculated in step S630.
[0095] Referring to FIG. 7, the linear prediction residual signal quantized in step S640 is subjected to the adaptive
windowing again (step S700).
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[0096] The reconstructed linear prediction residual signal may be adaptively windowed.
[0097] The windowed overlap signal is stored to remove the windowed overlap signal from a signal to be transmitted
later (step S710) . The overlap signal is the same as a section overlapping with a next frame in step S520 and the stored
signal is used in the overlap/add process (S720) of the next frame.
[0098] The reconstructed prediction residual signal windowed in step S700 is overlapped/added with/to the windowed
overlap signal stored in the previous frame to remove discontinuity between frames (step S720).
[0099] The comfort noise level is calculated (step S730).
[0100] The comfort noise may be used to provide acoustically-improved sound quality.
[0101] FIG. 10 is a conceptual diagram illustrating a method of inserting a comfort noise level according to an embod-
iment of the present invention.
[0102] The upper part of FIG. 10 shows a case where the comfort noise is not inserted and the lower part of FIG. 10
shows a case where the comfort noise is inserted. The comfort noise may be inserted into a non-quantized band and
the comfort noise information may be transmitted to the voice decoder. At the time of listening to a voice signal, noise
based on the quantization error and band discontinuity can be recognized from a signal into which the comfort noise is
not inserted, but a more stable sound can be recognized from a signal into which the comfort noise is inserted.
[0103] Therefore, the noise level of each frame may be calculated through the following process. 18 upper bands of
an original signal X(k) are normalized using the calculated gain G. The band energy of each normalized signal X(k) is
calculated and the total energy Etotal and the average energy Eavg of the calculated band energy are calculated. Expression
5 represents a process of calculating the total energy and the average energy of bands.

[0104] The band energy which is higher than a threshold value of 0.8*Etotal in the 18 upper bands may be excluded
from the total energy Etotal. Here, constant 0.8 is a weighting value calculated by experiments and another value may
be used. When the comfort energy level is excessively high, the influence of the band having noise inserted thereto may
be larger than that of the quantized band and thus may adversely affect the sound quality. Accordingly, the comfort noise
level is determined using only the energy equal to or less than the predetermined threshold value.
[0105] FIG. 11 is a conceptual diagram illustrating a method of calculating a comfort noise level according to an
embodiment of the present invention.
[0106] The upper part of FIG. 11 represents signals of 18 upper frequency bands. The middle part of FIG. 11 represents
the threshold value and the energy values of the 18 upper frequency bands. The threshold value may be calculated by
multiplying the average energy value by an arbitrary value as described above, and the energy level may be determined
using only the energy of the frequency bands higher than the threshold value.
[0107] A filter 1/Aw(z) is applied to the calculated voice signal (quantized linear prediction residual signal) to reconstruct
a voice signal (step S740).
[0108] The LPC filter 1/Aw(z) which is the reciprocal of the filter Aw(z) used in step S500 may be used to generate
the reconstructed voice signal. The order of steps S730 and S740 may be exchanged, which also belongs to the scope
of the present invention.
[0109] FIG. 12 is a conceptual diagram illustrating a part (a quantization unit of a TCX mode block) of a voice encoder
according to an embodiment of the present invention.
[0110] In FIG. 12, it is assumed that the operations to be described below are all performed in the quantization unit
of the voice encoder for the purpose of convenience of explanation. The operations to be described below may be
performed by other constituent units of the voice encoder, which also belongs to the scope of the present invention.
[0111] Referring to FIG. 12, a quantization unit 1200 of the voice encoder may include a band selecting unit 1210, a
normalization unit 1220, a codebook determining unit 1230, a comfort noise factor calculating unit 1240, and an quan-
tization executing unit 1250.
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[0112] The band selecting unit 1210 may determine a band through pre-shaping and may determine bands to be
selected as a fixed low-frequency band and a selected high-frequency band.
[0113] The normalization unit 1220 may normalize the selected bands. As described above, the gain value to be
normalized is calculated on the basis of the energy of the selected bands and the number of selected samples and a
normalized signal is finally obtained.
[0114] The codebook determining unit 1230 may determine what codebook to apply to a band on the basis of a
predetermined determination expression and may calculate codebook index information.
[0115] The comfort noise factor calculating unit 1240 may calculate the noise level to be inserted into a non-selected
band on the basis of a predetermined frequency band and may calculate a noise factor for a band not to be quantized
on the basis of the calculated noise level value. The voice decoder may generate a reconstructed linear prediction
residual signal and a synthesized voice signal on the basis of the noise factor quantized by the voice encoder. The
reconstructed linear prediction residual signal may be used as an input of the band predicting unit (which is referenced
by reference numeral 154 in FIG. 1). The synthesized voice signal generated by causing the reconstructed linear prediction
residual signal to pass through the filter 1/Aw(z) may be input to the mode selecting unit 151 and may be used to select
a mode. The quantized noise factor may be quantized and transmitted for generation of the same information in the
voice decoder.
[0116] The quantization executing unit 1250 may quantize the codebook index information.
[0117] FIG. 13 is a flowchart illustrating a dequantization process of a TCX mode block according to an embodiment
of the present invention.
[0118] Referring to FIG. 13, the quantized parameter information transmitted from the voice encoder is dequantized
(step S1300).
[0119] The quantized parameter information transmitted from the voice encoder may include gain information, shape
information, noise factor information, and selected quantization band information. The quantized parameter information
is dequantized.
[0120] The inverse transform is performed on the basis of the dequantized parameter information to reconstruct a
voice signal (step S1310).
[0121] It may be determined what frequency bands are selected on the basis of the dequantized parameter information
(step S1310-1) and the frequency bands selected as the determination result may be subjected to the inverse transform
by applying different codebooks thereto (step S1310-2). A noise level may be added to a non-selected frequency band
on the basis of the dequantized comfort noise level information (step S1310-3).
[0122] FIG. 14 is a conceptual diagram illustrating a part (a dequantization unit of a TCX mode block) of a voice
decoder according to an embodiment of the present invention.
[0123] In FIG. 14, similarly to FIG. 12, it is assumed that the operations to be described below are all performed in the
quantization unit of the voice encoder for the purpose of convenience of explanation. The operations to be described
below may be performed by other constituent units of the voice encoder, which also belongs to the scope of the present
invention.
[0124] The voice decoder may include a dequantization unit 1400 and an inverse transform unit 1450.
[0125] The dequantization unit 1400 may perform dequantization on the basis of the quantized parameter information
transmitted from the voice encoder and may extract the gain information, the shape information, the noise factor infor-
mation, and the selected quantization band information.
[0126] The inverse transform unit 1450 may includes a frequency band determining unit 1410, a codebook applying
unit 1420, and a comfort noise factor applying unit 1430, and may reconstruct a voice signal on the basis of the dequantized
voice parameter information.
[0127] The frequency band determining unit 1410 may determine whether a current frequency band is a fixed low-
frequency band, a selected high-frequency band, or a frequency band to which the comfort noise factor is applied.
[0128] The codebook applying unit 1420 may apply different codebooks to the fixed low-frequency bands or the
selected high-frequency bands on the basis of the frequency bands to be quantized which are determined by the frequency
band determining unit and the codebook index information transmitted from the dequantization unit 1400.
[0129] The comfort noise factor applying unit 1430 may apply the dequantized comfort noise factor to the frequency
band to which the comfort noise is added.
[0130] FIGS. 15 to 20 are diagrams illustrating an encoding method in a TCX mode using an analysis-by-synthesis
(AbS) method according to an embodiment of the present invention.
[0131] FIG. 15 is a diagram illustrating the encoding method in a TCX mode using the analysis-by-synthesis (AbS)
method according to an embodiment of the present invention.
[0132] The above-mentioned voice encoder uses the method of fixing and quantizing the low-frequency bands, se-
lecting some of the high-frequency bands depending on the band energy, and quantizing the selected high-frequency
bands. However, it may be more important to select a band affecting actual sound quality out of frequency bands having
an energy distribution of a target signal, that is, a voice signal.
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[0133] The actual signal to be quantized in the TCX mode is not the original signal which is acoustically listened but
a residual signal passing through the filter Aw(z). Accordingly, when the energy is similar, the bands actually affecting
the sound quality can be effectively selected and thus the coding efficiency can be enhanced, by synthesizing the signal
to be quantized into a signal which is actually listened through the LPC synthesis filter 1/Aw(z) and checking the synthesis
result. In the following embodiment of the present invention, a method of selecting optimal bands based on a combination
of candidate bands and the Abs structure will be described.
[0134] The processes previous to step S1500 in FIG. 15 are the same as the processes of steps S500 to S520 in FIG.
5 and the processes subsequent to step S1540 in FIG. 15 are the same as the processes of steps S700 to S740 in FIG. 7.
[0135] In the voice encoding method according to an embodiment of the present invention, the quantization may be
performed on the low-frequency bands on the basis of the fixed low-frequency bands in the same way as illustrated in
FIG. 6, the candidate-selected bands having a large energy portion may be selected and quantized out of the other high-
frequency bands.Finally-selected high-frequency bands are selected among the candidate-selected bands. The number
of the candidate-selected high-frequency bands may be larger than than the number of the finally-selected high-frequency
bands (step S1500).
[0136] In step S1500, a frequency band to be quantized may be divided into the fixed low-frequency bands to be
normalized and the candidate-selected high-frequency bands. The candidate-selected high-frequency bands may be
selected more than the finally-selected high-frequency bands. The optimal combination may be found out of the candidate-
selected high-frequency bands as the finally-selected high-frequency bands. The finally-selected high-frequency bands
may be finally quantized in the subsequent AbS stage.
[0137] In the processes of steps S1510 and S1520, similarly to the processes of steps S610 and S620 in FIG. 6, the
selected bands to be quantized are normalized (step S1510) and the normalized linear prediction residual signals are
quantized by comparing the band energy values with the average energy value and selecting different codebooks (step
S1520).
[0138] In order to perform the analysis-by-synthesis (AbS) block (step S1540), time-domain signals for the low-fre-
quency bands are acquired through the inverse transform process on four fixed low-frequency bands and time-domain
signals for the high-frequency bands are acquired through the band-selection inverse DFT on the candidate-selected
high-frequency bands (step S1530).
[0139] Since the analysis-by-synthesis (AbS) process (step S1540) is a process of switching and combining the
candidate-selected high-frequency bands. The IFFT having a relatively small computational load is applied to the fixed
lower-band signals. The band-selection inverse DFT enabling the inverse transform on each band is applied to the
candidate-selected high-frequency bands requiring the time-domain signal for each band. The process of step S1530
will be described below in detail.
[0140] The time-domain signals for the quantized linear prediction residual signals are acquired by combination of the
signals of the low-frequency bands and the signals of the candidate-selected high-frequency bands passing through the
IFFT and the band-selection inverse DFT and the optimal combination is calculated using the AbS (step S1540).
[0141] The reconstructed candidate linear prediction residual signals generated by combination of the signals of the
low-frequency bands and the signals of the candidate-selected high-frequency bands passing through the IFFT and the
band-selection inverse DFT may pass through the filter 1/Aw(z) which is a synthesis filter present in the AbS block to
generate audible signals. These signals pass through an auditory weighting filter to generate reconstructed voice signals.
The signal-to-noise ratio of these signals pass through an auditory weighting filter can be calculated based on the voice
signals acquired by causing the linear prediction residual signals not subjected to the quantization which are target
signals of the TCX mode. This process may be repeatedly performed by the number of candidate combinations to finally
determine the combination of candidate bands having the highest signal-to-noise ratio as the selected bands. The
quantized transform coefficient values of the finally-selected high-frequency bands are selected from the quantized
transform coefficient values of the candidate-selected high-frequency bands quantized in step S1520.
[0142] The gain is calculated and quantized (step S1550).
[0143] In step S1550, the gain value may be calculated and quantized on the basis of the time-axis linear prediction
residual signals and the linear prediction residual signals synthesized in step S1540.
[0144] The band-selection inverse transform (BS-IDFT) proposed in the AbS structure according to the embodiment
of the present invention may minimize the computational load through the inverse transform of the bands of the combi-
nation. That is, the computational load in application of the AbS structure may be reduced by applying the IFFT having
a relatively small computational load to the fixed low-frequency bands and applying the BS-IDFT to the candidate-
selected high-frequency bands so as to acquire the time-domain signal for each band. Expression 6 represents the
inverse discrete Fourier transform (IDFT) according to the embodiment of the present invention.
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[0145] Since the BS-IDFT according to the embodiment of the present invention is the inverse transform performed
on the frequency components of the selected bands. By using the BS-IDFT, the computational load may be reduced
from KDFTN2 to kbandN2 by by the number of samples kband of each band. Since the BS-IDFT is performed on only
necessary parts in comparison with a case where the IFFT is performed, the computational load may be reduced.
[0146] FIG. 16 is a conceptual diagram illustrating a method of applying the BS-IDFT to the AbS structure according
to an embodiment of the present invention.
[0147] In the AbS method according to the embodiment of the present invention, the time-domain signal for each
candidate band may be acquired using a method of performing the BS-IDFT outside the AbS structure so as not to
repeatedly perform the inverse transform.
[0148] Referring to FIG. 16, the IFFT is performed on four fixed low-frequency bands (1600), the dequantization is
performed on the candidate-selected high-frequency bands outside the AbS block (S1540) (1620), and the synthesization
is performed by combination of the time-domain signals of the candidate-selected high-frequency bands bands inside
the AbS block (S1540). The reconstructed linear prediction residual signals of the time domain synthesized by combination
of the fixed low-frequency bands and the candidate-selected high-frequency bands pass through the filter 1/Aw(z) to
generate reconstructed voice signals. The combination of the high-frequency bands having the optimal ratio may be
selected based on the signal-to-noise ratio of the reconstructed voice signals and the input signals in the TCX mode,
that is, the time-domain linear prediction signals to be quantized.
[0149] Signals obtained by causing the input voice signals to pass through an auditory-recognition weighting filter
such as W(z) may be used as the comparison signal for selecting the combination of the optimal high-frequency bands,
as illustrated in FIG. 21. FIG. 17 is a conceptual diagram illustrating the BS-IDFT which is performed in a front stage of
the AbS structure according to the embodiment of the present invention.
[0150] Referring to FIG. 17, the IFFT may be applied to the fixed low-frequency bands and an optimal combination
minimizing an error may be generated for the candidate-selected high-frequency bands.
[0151] In FIG. 17, similarly, the signals obtained by causing the input voice signals to pass through an auditory-
recognition weighting filter such as W(z) may be used as the comparison signal for selecting the combination of the
optimal high-frequency bands, as illustrated in FIG. 22. Similarly to FIGS. 22 and 23, the AbS unit illustrated in FIG. 22
may use the input voice signal instead of the linear prediction residual coefficient information to select a high-frequency
band combination, as illustrated in FIG. 23.
[0152] FIG. 18 is a conceptual diagram illustrating a part of the voice encoder according to the embodiment of the
present invention.
[0153] Referring to FIG. 18, the voice encoder may include a quantization unit 1800 and an inverse transform unit
1855. The quantization unit 1800 may include a band dividing unit 1810, a normalization unit 1820, a codebook applying
unit 1830, a band combining unit 1840, a comfort noise level calculating unit 1850, an inverse transform unit 1855, an
analysis-by-synthesis unit 1860, and a quantization executing unit 1870.
[0154] The band dividing unit 1810 may divide the frequency bands into fixed low-frequency bands and candidate-
selected high-frequency bands. That is, the frequency bands may be divided into the fixed low-frequency bands and the
candidate-selected high-frequency bands to be normalized. Some candidate-selected high-frequency bands of the all
candidate-selected high-frequency bands may be determined to be selected as the finally-selected high-frequency bands
by the analysis-by-synthesis (AbS) unit 1860 by combination.
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[0155] The normalization unit 1820 may normalize the fixed low-frequency bands and candidate-selected high-fre-
quency bands selected by the band dividing unit. As described above, the gain values to be normalized are calculated
on the basis of the energy of the selected bands and the number of selected samples, and the normalized signals are
finally obtained.
[0156] The codebook applying unit 1830 may determine what codebook to apply to each band on the basis of a
predetermined determination expression. The codebook index information may be transmitted to the quantization exe-
cuting unit 1870 and may be quantized thereby.
[0157] The high-frequency band combining unit 1840 may determine what combination of the selected high-frequency
bands should be selected by the inverse transform unit 1855.
[0158] The quantization executing unit 1870 may quantize voice parameter information for reconstructing the linear
prediction residual signal, such as information on the selected bands, information on the codebook index applied to each
band, and information on the comfort noise factor.
[0159] The inverse transform unit 1855 may perform the inverse transform by applying the IFFT to the fixed low-
frequency bands and the BS-IDFT to the candidate-selected high-frequency bands.
[0160] The analysis-by-synthesis (AbS) unit 1860 may select the optimal selected high-frequency band combination
by combining the candidate-selected high-frequency bands subjected to the BS-IDFT and repeatedly comparing the
combination with the original signals. The finally-determined selected high-frequency band information may be trans-
mitted to the quantization executing unit 1870.
[0161] The comfort noise level calculating unit 1850 may determine the noise level which is into a non-selected band
on the basis of a predetermined frequency band. The noise factor values based on the noise levels are quantized and
transmitted by the quantization executing unit 1870.
[0162] FIG. 19 is a flowchart illustrating a voice decoding method according to an embodiment of the present invention.
[0163] Referring to FIG. 19, first, the quantized parameter information transmitted from the voice encoder is dequantized
(step S1900) .
[0164] The quantized parameter information transmitted from the voice encoder may include gain information, shape
information, noise factor information, and selected quantization band information selected as a quantization target by
the AbS structure of the voice encoder. The quantized parameter information is dequantized.
[0165] The inverse transform is performed on the basis of the dequantized parameter information (step S1910).
[0166] It may be determined what frequency band is selected on the basis of the selected quantization band information
selected as the quantization target by the AbS (step S1910-1), and the inverse transform may be performed by applying
different codebooks to the selected frequency bands depending on the determination result (step S1910-2). A noise
level may be added to a non-selected frequency band on the basis of the dequantized comfort noise level information
(step S1910-3).
[0167] FIG. 20 is a conceptual diagram illustrating a part of a voice decoder according to an embodiment of the present
invention.
[0168] In FIG. 20, it is assumed that the operations to be described below are all performed in the quantization unit
of the voice encoder for the purpose of convenience of explanation. The operations to be described below may be
performed by other constituent units of the voice encoder, which also belongs to the scope of the present invention.
[0169] The voice decoder may include a dequantization unit 2000 and an inverse transform unit 2010.
[0170] The dequantization unit 2000 may perform dequantization on the basis of the quantized parameter information
transmitted from the voice encoder and may extract the gain information, the shape information, the noise factor infor-
mation, and the selected quantization band information selected by the AbS unit of the voice encoder.
[0171] The inverse transform unit 2010 may includes a frequency band determining unit 2020, a codebook applying
unit 2030, and a comfort noise factor applying unit 2040.
[0172] The frequency band determining unit 2020 may determine whether a current frequency band is a fixed low-
frequency band, a selected high-frequency band, or a frequency band to which the comfort noise factor is applied.
[0173] The codebook applying unit 2030 may apply different codebooks to the fixed low-frequency bands or the
selected high-frequency bands on the basis of the frequency bands to be quantized which are determined by the frequency
band determining unit and the codebook index information transmitted from the dequantization unit 2000.
[0174] The comfort noise factor applying unit 2040 may apply the dequantized comfort noise level to the frequency
band to which the comfort noise is added.
[0175] FIGS. 21, 22, and 23 illustrate a case where input voice signals pass through the auditory-recognition weighting
filter W(z) as comparison signals for selecting the high-frequency band combination as described above. The other
elements in FIGS. 21, 22, and 23 are the same as illustrated in FIGS. 16, 17, and 15.
[0176] The voice encoding and decoding methods described above may be performed by the constituent units of the
voice encoder and the voice decoder described above with reference to FIGS. 1 to 4.
[0177] While the present invention has been described above with reference to the embodiments, it will be understood
by those skilled in the art that the present invention can be modified and changed in various forms without departing
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from the scope of the present invention described in the appended claims.

Claims

1. A method for voice decoding, the method comprising:

dequantizing voice parameter information extracted from at least one predetermined fixed low-frequency voice
band and at least one selected high-frequency voice band that was selected during quantization of the voice
parameter information; and
performing an inverse transformation by applying different codebooks to the at least one predetermined fixed
low-frequency voice band and the at least one selected high-frequency voice band on the basis of the dequantized
voice parameter information,
wherein a codebook for a voice band is selected based on a comparison between the energy of the voice band
and an average energy,
wherein if the energy of the at least one predetermined fixed low-frequency voice band is higher than the average
energy, a codebook learned using the bands having high energy is selected for that voice band, and if the
energy of the at least one predetermined fixed low-frequency voice band is lower than the average energy, a
codebook learned using the bands having low energy ratio is selected for that voice band, and
wherein if the energy of the at least one selected high-frequency voice band is higher than the average energy,
a codebook learned using the bands having high energy is selected for that voice band, and if the energy of
the at least one selected high-frequency voice band is lower than the average energy, a codebook learned
using the bands having low energy ratio is selected for that voice band.

2. The method of claim 1, wherein the at least one selected high-frequency voice band is a high-frequency band having
a large energy portion which is selected on the basis of energy distribution information of a voice band.

3. The method of claim 1, wherein the performing the inverse transformation includes reconstructing a voice signal by
applying a dequantized comfort noise level to a voice band.

4. The method of claim 3, wherein the comfort noise level is determined using only the energy equal to or less than a
predetermined threshold value.

5. The method of claim 1,
wherein the dequantizing the voice parameter information includes dequantizing the voice parameter information
based on analysis-by-synthesis, AbS.

6. The method of claim 5,
wherein the performing the inverse transformation includes:

performing the inverse transformation on the high-frequency voice band using an inverse direct Fourier transform,
IDFT; and
performing the inverse transformation on the low-frequency voice band using an inverse fast Fourier transform,
IFF.

7. An apparatus for decoding voice, the apparatus comprising:

a dequantization unit that dequantizes voice parameter information extracted from at least one predetermined
fixed low-frequency voice band and at least one selected high-frequency voice band that was selected during
quantization of the voice parameter information; and
an inverse transform unit that performs an inverse transformation by applying different codebooks to the at least
one predetermined fixed low-frequency voice band and the at least one selected high-frequency voice band on
the basis of the dequantized voice parameter information,
wherein a codebook for a voice band is selected based on a comparison between the energy of the voice band
and an average energy,
wherein if the energy of the at least one predetermined fixed low-frequency voice band is higher than the average
energy, a codebook learned using the bands having high energy is selected for that voice band, and if the
energy of the at least one predetermined fixed low-frequency voice band is lower than the average energy, a
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codebook learned using the bands having low energy ratio is selected for that voice band, and
wherein if the energy of the at least one selected high-frequency voice band is higher than the average energy,
a codebook learned using the bands having high energy selected for that voice band, and if the energy of the
at least one selected high-frequency voice band is lower than the average energy, a codebook learned using
the bands having low energy ratio is selected for that voice band.

8. The apparatus of claim 7,
wherein the at least one selected high-frequency voice band is a high-frequency band having a large energy portion
which is selected on the basis of energy distribution information of a voice band.

9. The apparatus of claim 7,
wherein the dequantization unit dequantizes the voice parameter information based on analysis-by-synthesis, AbS.

10. The apparatus of claim 7,
wherein the inverse transform unit performs the inverse transformation on the high-frequency voice band using an
inverse direct Fourier transform, IDFT, and performs the inverse transformation on the low-frequency voice band
using an inverse fast Fourier transform, IFF.

11. The apparatus of claim 7,
wherein the inverse transform unit reconstructs a voice signal by applying a dequantized comfort noise level to a
voice band.

12. The apparatus of claim 11,
wherein the comfort noise level is determined using only the energy equal to or less than a predetermined threshold
value.

Patentansprüche

1. Verfahren zur Sprachdekodierung, wobei das Verfahren umfasst:

Dequantisieren von Sprachparameterinformation, die aus zumindest einem vorbestimmten festen Niederfre-
quenz-Sprachband und zumindest einem ausgewählten Hochfrequenz-Sprachband, welches während einer
Quantisierung der Sprachparameterinformation ausgewählt wurde, extrahiert wurde; und
Durchführen einer inversen Transformation durch Anwenden von unterschiedlichen Codebüchern auf das zu-
mindest eine vorbestimmte feste Niederfrequenz-Sprachband und das zumindest eine ausgewählte Hochfre-
quenz-Sprachband auf Basis der dequantisierten Sprachparameterinformation,
wobei ein Codebuch für ein Sprachband basierend auf einem Vergleich zwischen der Energie des Sprachbands
und einer Durchschnittsenergie ausgewählt wird,
wobei, wenn die Energie des zumindest einen vorbestimmten festen Niederfrequenz-Sprachbands höher ist
als die Durchschnittsenergie, ein Codebuch, das unter Verwendung der Bänder mit hoher Energie gelernt
wurde, für dieses Sprachband ausgewählt wird, und, wenn die Energie des zumindest einen vorbestimmten
festen Niederfrequenz-Sprachbands niedriger ist als die Durchschnittsenergie, ein Codebuch, das unter Ver-
wendung der Bänder mit niedriger Energierate gelernt wurde, für dieses Sprachband ausgewählt wird, und
wobei, wenn die Energie des zumindest einen ausgewählten Hochfrequenz-Sprachbands höher ist als die
Durchschnittsenergie, ein Codebuch, das unter Verwendung der Bänder mit hoher Energie gelernt wurde, für
dieses Sprachband ausgewählt wird, und, wenn die Energie des zumindest einen ausgewählten Hochfrequenz-
Sprachbands niedriger ist als die Durchschnittsenergie, ein Codebuch, das unter Verwendung der Bänder mit
niedriger Energierate gelernt wurde, für dieses Sprachband ausgewählt wird.

2. Verfahren nach Anspruch 1,
wobei das zumindest eine ausgewählte Hochfrequenz-Sprachband ein Hochfrequenzband mit einem großen En-
ergieanteil ist, das auf Basis von Energieverteilungsinformation eines Sprachbands ausgewählt wird.

3. Verfahren nach Anspruch 1,
wobei das Durchführen der inversen Transformation ein Rekonstruieren eines Sprachsignals durch Anwenden eines
dequantisierten Komfortgeräuschpegels auf ein Sprachband umfasst.
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4. Verfahren nach Anspruch 3,
wobei der Komfortgeräuschpegel unter Verwendung lediglich der Energie, die gleich oder kleiner als ein vorbe-
stimmter Schwellenwert ist, bestimmt wird.

5. Verfahren nach Anspruch 1,
wobei das Dequantisieren der Sprachparameterinformation ein Dequantisieren der Sprachparameterinformation
basierend auf Analyse-durch-Synthese, AbS, umfasst.

6. Verfahren nach Anspruch 5,
wobei das Durchführen der inversen Transformation umfasst:

Durchführen der inversen Transformation auf dem Hochfrequenz-Sprachband unter Verwendung einer inversen
direkten Fourier Transformation, IDFT; und
Durchführen der inversen Transformation auf dem Niederfrequenz-Sprachband unter Verwendung einer inver-
sen schnellen Fourier Transformation, IFF.

7. Vorrichtung zum Dekodieren von Sprache, wobei die Vorrichtung umfasst:

eine Dequantisierungseinheit, die Sprachparameterinformation dequantisiert, die aus zumindest einem vorbe-
stimmten festen Niederfrequenz-Sprachband und zumindest einem ausgewählten Hochfrequenz-Sprachband,
welches während einer Quantisierung der Sprachparameterinformation ausgewählt wurde, extrahiert wurde;
und
eine Invers-Transformationseinheit, die eine inverse Transformation durch Anwenden von unterschiedlichen
Codebüchern auf das zumindest eine vorbestimmte feste Niederfrequenz-Sprachband und das zumindest eine
ausgewählte Hochfrequenz-Sprachband auf Basis der dequantisierten Sprachparameterinformation durchführt,
wobei ein Codebuch für ein Sprachband basierend auf einem Vergleich zwischen der Energie des Sprachbands
und einer Durchschnittsenergie ausgewählt wird,
wobei, wenn die Energie des zumindest einen vorbestimmten festen Niederfrequenz-Sprachbands höher ist
als die Durchschnittsenergie, ein Codebuch, das unter Verwendung der Bänder mit hoher Energie gelernt
wurde, für dieses Sprachband ausgewählt wird, und, wenn die Energie des zumindest einen vorbestimmten
festen Niederfrequenz-Sprachbands niedriger ist als die Durchschnittsenergie, ein Codebuch, das unter Ver-
wendung der Bänder mit niedriger Energierate gelernt wurde, für dieses Sprachband ausgewählt wird, und
wobei, wenn die Energie des zumindest einen ausgewählten Hochfrequenz-Sprachbands höher ist als die
Durchschnittsenergie, ein Codebuch, das unter Verwendung der Bänder mit hoher Energie gelernt wurde, für
dieses Sprachband ausgewählt wird, und, wenn die Energie des zumindest einen ausgewählten Hochfrequenz-
Sprachbands niedriger ist als die Durchschnittsenergie, ein Codebuch, das unter Verwendung der Bänder mit
niedriger Energierate gelernt wurde, für dieses Sprachband ausgewählt wird.

8. Vorrichtung nach Anspruch 7,
wobei das zumindest eine ausgewählte Hochfrequenz-Sprachband ein Hochfrequenzband mit einem großen En-
ergieanteil ist, das auf Basis von Energieverteilungsinformation eines Sprachbands ausgewählt wird.

9. Vorrichtung nach Anspruch 7,
wobei die Dequantisierungseinheit die Sprachparameterinformation basierend auf Analyse-durch-Synthese, AbS,
dequantisiert.

10. Vorrichtung nach Anspruch 7,
wobei die Invers-Transformationseinheit die inverse Transformation auf dem Hochfrequenz-Sprachband unter Ver-
wendung einer inversen direkten Fourier Transformation, IDFT, durchführt und die inverse Transformation auf dem
Niederfrequenz-Sprachband unter Verwendung einer inversen schnellen Fourier Transformation, IFF,
durchführt.

11. Vorrichtung nach Anspruch 7,
wobei die Invers-Transformationseinheit ein Sprachsignal durch Anwenden eines dequantisierten Komfortgeräusch-
pegels auf ein Sprachband rekonstruiert.

12. Vorrichtung nach Anspruch 11,
wobei der Komfortgeräuschpegel unter Verwendung lediglich der Energie, die gleich oder kleiner als ein vorbe-
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stimmter Schwellenwert ist, bestimmt wird.

Revendications

1. Procédé de décodage vocal, le procédé comprenant :

la déquantification d’une information de paramètres vocaux extraite d’au moins une bande vocale basse fré-
quence fixée prédéterminée et d’au moins une bande vocale haute fréquence sélectionnée qui avait été sélec-
tionnée lors de la quantification de l’information de paramètres vocaux ; et
l’exécution d’une transformation inverse en appliquant différents livres de codes à l’au moins une bande vocale
basse fréquence fixée prédéterminée et l’au moins une bande vocale haute fréquence sélectionnée sur la base
de l’information de paramètres vocaux déquantifiée,
dans lequel un livre de codes pour une bande vocale est sélectionné sur la base d’une comparaison entre
l’énergie de la bande vocale et une énergie moyenne,
dans lequel, si l’énergie de l’au moins une bande vocale basse fréquence fixée prédéterminée est supérieure
à l’énergie moyenne, un livre de codes formé en utilisant les bandes ayant une énergie haute est sélectionné
pour cette bande vocale, et, si l’énergie de l’au moins une bande vocale basse fréquence fixée prédéterminée
est inférieure à l’énergie moyenne, un livre de codes formé en utilisant les bandes ayant un rapport d’énergie
bas est sélectionné pour cette bande vocale, et
dans lequel, si l’énergie de l’au moins une bande vocale haute fréquence sélectionnée est supérieure à l’énergie
moyenne, un livre de codes formé en utilisant les bandes ayant une énergie haute est sélectionné pour cette
bande vocale, et, si l’énergie de l’au moins une bande vocale haute fréquence sélectionnée est inférieure à
l’énergie moyenne, un livre de codes formé en utilisant les bandes ayant un rapport d’énergie bas est sélectionné
pour cette bande vocale.

2. Procédé selon la revendication 1,
dans lequel l’au moins une bande vocale haute fréquence sélectionnée est une bande haute fréquence ayant une
grande partie d’énergie qui est sélectionnée sur la base d’une information de distribution d’énergie d’une bande
vocale.

3. Procédé selon la revendication 1,
dans lequel l’exécution de la transformation inverse inclut la reconstruction d’un signal vocal en appliquant un niveau
de bruit de confort déquantifié à une bande vocale.

4. Procédé selon la revendication 3,
dans lequel le niveau de bruit de confort est déterminé en n’utilisant que l’énergie égale ou inférieure à une valeur
de seuil prédéterminée.

5. Procédé selon la revendication 1,
dans lequel la déquantification de l’information de paramètres vocaux inclut la déquantification de l’information de
paramètres vocaux sur la base d’une analyse par synthèse, ApS.

6. Procédé selon la revendication 5,
dans lequel l’exécution de la transformation inverse inclut :

l’exécution de la transformation inverse sur la bande vocale haute fréquence en utilisant une transformée de
Fourier directe inverse, TFDI ; et
l’exécution de la transformation inverse sur la bande vocale basse fréquence en utilisant une transformée de
Fourier rapide inverse, TFRI.

7. Appareil de décodage vocal, l’appareil comprenant :

une unité de déquantification qui déquantifie une information de paramètres vocaux extraite d’au moins une
bande vocale basse fréquence fixée prédéterminée et d’au moins une bande vocale haute fréquence sélec-
tionnée qui avait été sélectionnée lors de la quantification de l’information de paramètres vocaux ; et
une unité de transformée inverse qui exécute une transformation inverse en appliquant différents livres de
codes à l’au moins une bande vocale basse fréquence fixée prédéterminée et l’au moins une bande vocale
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haute fréquence sélectionnée sur la base de l’information de paramètres vocaux déquantifiée,
dans lequel un livre de codes pour une bande vocale est sélectionné sur la base d’une comparaison entre
l’énergie de la bande vocale et une énergie moyenne,
dans lequel, si l’énergie de l’au moins une bande vocale basse fréquence fixée prédéterminée est supérieure
à l’énergie moyenne, un livre de codes formé en utilisant les bandes ayant une énergie haute est sélectionné
pour cette bande vocale, et, si l’énergie de l’au moins une bande vocale basse fréquence fixée prédéterminée
est inférieure à l’énergie moyenne, un livre de codes formé en utilisant les bandes ayant un rapport d’énergie
bas est sélectionné pour cette bande vocale, et
dans lequel, si l’énergie de l’au moins une bande vocale haute fréquence sélectionnée est supérieure à l’énergie
moyenne, un livre de codes formé en utilisant les bandes ayant une énergie haute est sélectionné pour cette
bande vocale, et, si l’énergie de l’au moins une bande vocale haute fréquence sélectionnée est inférieure à
l’énergie moyenne, un livre de codes formé en utilisant les bandes ayant un rapport d’énergie bas est sélectionné
pour cette bande vocale.

8. Appareil selon la revendication 7,
dans lequel l’au moins une bande vocale haute fréquence sélectionnée est une bande haute fréquence ayant une
grande partie d’énergie qui est sélectionnée sur la base d’une information de distribution d’énergie d’une bande
vocale.

9. Appareil selon la revendication 7,
dans lequel l’unité de déquantification déquantifie l’information de paramètres vocaux sur la base d’une analyse
par synthèse, ApS.

10. Appareil selon la revendication 7,
dans lequel l’unité de transformée inverse exécute la transformation inverse sur la bande vocale haute fréquence
en utilisant une transformée de Fourier directe inverse, TFDI, et exécute la transformation inverse sur la bande
vocale basse fréquence en utilisant une transformée de Fourier rapide inverse, TFRI.

11. Appareil selon la revendication 7,
dans lequel l’unité de transformée inverse reconstruit un signal vocal en appliquant un niveau de bruit de confort
déquantifié à une bande vocale.

12. Appareil selon la revendication 11,
dans lequel le niveau de bruit de confort est déterminé en n’utilisant que l’énergie égale ou inférieure à une valeur
de seuil prédéterminée.
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