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[DESCRIPTION]

[Titie of Invention] BANDWIDTH EXTENSION METHOD, BANDWIDTH
EXTENSION APPARATUS, PROGRAM, INTEGRATED CIRCUIT, AND
AUDIO DECODING APPARATUS

[Technical Field]

[0001]

The present invention relates o a bandwidth extansion method
for extenaing a freguency bandwidth of an audio signal.
[Background Art]

[oo0z]

Audio bandwidth extension (BWE) technology is typically used
in modern audio codecs to efficiently code wide-band audio signal at
low bit rate. Its principie is to use a parametric representation of the
original high freguency (HF) content to synthesize an approximation
of the HF from the lower freguency (LF) data.

[00G3]

FIG. 1 Is a diagram showing such a BWE technology-based
audio codec. In its encoder, a wide-band audio signal is firstly
separated (101 & 103) into LF and HF part; its LF part is coded (104)
in & waveform preserving way,; meanwhile, the relationship between
its LF part and HF part is anaiyzad (10Z) {(typically, in fraguency
domain) and described by a set of HMF parameters. Due to the
parameter description of the HF part, the multiplexed {105} waveform
data and HF parameters can be transmitted to decoder at a low bit
rate.
rooo4;

In the decoder, the LF part is firstly decoded (107). To
approximate original HF part, the decoded LF part is transformed
(108) to freguency domain, the resulting LF spectrum is modified
(109) to generate a HF spectrum, under the guide of some decoded HF
parametears, The HF spectrum is further refined (110) by
post-processing, also uncer the guide of some decoded HF parameters.
The refined HF spectrum is converted (111) to time domain and
combined with the delayed (112) LF part. As & result, the final
reconstructed wide-band audio signal is outputted.
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[0005]

Note that in the BWE technology, one important step is to
generate a2 HF spectrum from the LF spectrum (109). Therz are a few
ways to realize it, such as copying the LF portion to the HF location,
non-linear processing or upsampiing.

100067

A most well known audio codec that uses such a BWE
technology ts MPEG-4 HE-AAC, where the BWE technology is specified
as SBR (spectrai band replication) or SBR technology, where the HF
part is generated by simply copying the iLF portion within QMF
representation to the HF spectral tocation.

F0007]

Such a spectral copying operation, also cailed as patching, is
simpie and proved to be efficient for most cases. However, at very
tow bitrates (e.g. <20kbits/s mono), where only small LF part
bandwidths are fzasible, such SBR technology can lead to undesired
auditory artifact sensations such as roughness and unpleasant timbre
{for example, see Non-Patent Literature (NPL) 1),

(00087

Therefore, to avoid such artifacts resulting from mirroring or
copying operation presented in iow bitrate coding scenario, the
standard $SBR technoiogy is enhanced and extended with the following
main changes (for exampie, see NPL 2):

{1) to modify the patching algorithm from copying pattern o a
phases vocoder driven patching pattemn

(2} to increase adaptive time resoiution for post-processing
parameters,
rooce]

As a result of the first modification {aforementionad {1}}, by
spreading the LF spectrum with multiple integer factors, the harmonic
continuity in the HF is ensurea intrinsically. In particular, no
unwanted roughneass sensation due to beating effects can emerge at
the border between low freguency and high freguency and betwsen
different high frequency parts {(for example, see NPL 1},
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And the second modification (aforementioned (2)) facilitates
the refined HF spectrum to be more adaptive to the signal fluctuations
in the replicated frequency bands.

[0011]

As the new patching preserves harmonic rejation, it is named as
harmonic bandwidth extension (HBE). The advantages of the
prior-art HBE over standard SBR have also been experimentally
confirmed for low bit rate audio coding (for examplie, sea NPL 1),
r0012]

Note that the above two modifications only affect the HF
spectrum generator (109), the remaining processes in HBE are
identical to those in SBR,

10013

FIG. 2 is a diagram showing the HF spectrum generator in the
prior art HBE., If should be noted that the HF spectrum ganerator
includes a T-F transform 108 and a HF reconstruction 109, Givena LF
part of a signal, suppose its HF specirum composes of (T-1) HF
harmonic patches (each patching process produces one HF patchl,
from 2"¢ order (the HF patch with the lowest frequency) to T-th order
{the HF patch with the highest freguency). In prior art HBE, ali these
Hr patches are generated independently in paraliel derived fs‘orﬁ
phase vocoders.

100147

As shown in FIG. 2, (7T-1) phase vocoders (201~203) with

different stretching factors, (from 2 to k) are employed to stretch th

0

{D

input LF part. The stretched outputs, with different lengths, ar
bandpass filtered (204~208) and resampled (207~209) to generat

T

HF patches by converting time dilatation into frequancy extension.
By setting stretching factor as two times of resampiing factor, the HF
patches maintain the harmonic structure of the signal and have the
double length of the LF part. Then all HF patches are delay aligned
(210~212) to compensate the potential different delay contributions
from the resampling operation. In the last step, all delay-aligned HF
patches are summed up and transformed (213) into OMF domain to
produce the HF spectrum.
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[0015]
Observing the above HF spectrum generator, it has a high
computation amount. The computation amount mainly comes from

time stretching operation, realized by a series of Short Tims Fourie

a4

Transform (STFT) and Inverse Short Time Fourier Transform (ISTFT)
transforms adopted in phase vocoders, and the succeeding QMF
operation, applied on time stretched HF part,

r0016]

4 general introduction on phase vocoder and QMF transform is
described as beiow,
[0017]

A phase vocoder (s a well-known technigue that uses
freguency-domain transformations to implement time-stretching
effect. That ig, te modify a signal’s temporal evolution white its local
spectral characteristics are kept unchanged. Its basic principle is
gescribed below.

[10018]

FIG. 3A and FIG. 3B are diagrams showing the basic principie of
time stretching performed by the phase vocoder,
rooie;

Divide audio into overiap biocks and respace thess bilocks
where the hop size (the time-interval between successive biocks) is
not the same at the input and at the output, as iliustrated in FIG, 3A.
Thereain, the input hop size R, is smaller than the cutput hop size R,
as a result, the original signal is stretched with & rate r shown in
(Equation 1) beiow,

106207
[Math 1]
_R

(Eguation 1)

As shown in FIG. 3B, the respaced biocks are overlapped in a
coherent pattern, which requires freguency domain transformation.
Typically, input blocks are transformed into frequency, after a proper

4.
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modification of phases, the new blocks are transformed back to output
biocks.
00223

ollowing the above principie, most classic phase vocoders
adopt short time Fourier transform (STFT) as the frequency domain
transform, and invoive an expiicit sequence of analysis, modification
and resynthesis for time stretching.
0023

The QMF banks transform time domain representations to joint
time-fregquency domain representations {and vice versa), which is
typically used in parametric-based coding schemes, like the spectra
band repiication (SBR), parametric stereo coding (PS) and spatial
audio coding (SAC), etc. A characteristic of these filter banks is that
the compiex-vaiued freguency (subband) domain signals ars
effectively oversampled by a factor of two. This =nables
pest-processing operations of the subband domain signals without
introducing aliasing distortion.
[0024] |

In more detail, given a real valuad discrate time signal x(n},
with the analysis QMF bank, the complex-valued subband domain
signals skln) are obtained through {Egusation 2) below.
[0025]
[Math 2]

il 05 ]

s )= x(M -n—1)pli)e

pra—
j=0

(Eguation 2

(00ze]

In (Equation 2), p{n) represents a low-pass prototype filter
impulse response of order L-1, a represenis a phase parameter, M
represants the number of bands and k the subband index with k=0,
1, M-1Y.

[0GZ27]

Note that Ilike STFT, QMF transform s alsc a joint
time-freguency transform. That means, it provides both frecuency
content of & signal and the change in freguency content over time,
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where the frequency content is represented by freguency subband and
timeline is represented by time siot, respectiveiy.
[0028]

FIG. 4 is a diagram showing QMF analysis and synthesis
scheme.
t0029]

In detail, as illustrated in FIG. 4, a given real audic input is
divided into successive overiapping blocks with iength of L and
hopsize of M (FIG. 4 (&)), the QMF anatysis process transforms each
biock into one time siot, composed of M complex subband signals. By
this way, the L time domain input sampies are transformed into L
compliex QMF coefficients, composed of L/M time slots and M subbands
(FIG. 4 (b}). Each time slot, combined with the previous (L/M-i}
time siots, is synthesized by the QMF synthesis process to reconstruct
M real time domain samples (FIG. 4 (c)) with near perfeci
reconstruction.

[Citation List]

[Non Patent Literature]

[0030]

TNPL 1] Frederik Nagel and Sascha Disch, A harmonic bandwidth
extension method for audio codecs’, IEEE Int. Conf. on Acoustics,
Speech and Signal Proc., 2009

[NPL 2] Max Nesuyendorf, et al, "A novel scheme for low bifrate unified
speech and audic coaing - MPEG RMO, in 126™ AES Convention,
Munich, Germany, May 200¢.

[Summary of Invention]

[Technica!l Problem]

[0031])

A problem associated with the prior-art HBZ technoiogy is the
high computation amount. The traditional phase vocoder that is

i

adopted by HBE for strefching the signal has z higher computatio
amount because of applying successive FF

Ts and IFrFTs, that is
successive FFTs (fast Fourier transforms) and IFFTs (inverse fast
Fourier transforms); and the succeeding OMF transform increasas the
computation amount by beaing applied on the time stretched signal.
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Furthermore, in general, attempting to reduce the computation
amount ieads to the potential problem of quality degradation,
rocs2]

Embodiments of the present invention provide a bandwidth
»tansion method capable of réducing the computation amount in
bandwidth extension as well 25 suppressing quality deterioration in
the extended bandwidth,
[Sclution to Problem]
[0033]

Disclosed herein is a
bandwidth extension meathod for producmlg a full bandwidth signal
from a low frequency bandwidth signal, the method inciuding: a first
transtorm step of transforming the low freguency bandwidth signal
into a quadrature mirror filter bank (QMF) domain to generate a first
low frequency QMF spectrum; a pitch shift step of generating
pitch-shifted signals by applying different shifting factors on the low
frequency bandwidth signal, a high frequency generation step of
generating a high frequency OMF spectrum by time-stretching the
pitch-shifted signals in 8 QMF domain; a spectrum modification step of
modifying the high frequency QMF spectrum to satisfy high freguency
energy and tonality conditions; and a full bandwidth generation step
of generating the full bandwidth signal by combining the modifizd high
frequency OQMF spectrum with the first low frequency QMF spactrum.
[0034] _

Accordingly, the high frequeancy QMF spectrum is generated by
time-stretching the pitch-shifted signals in the QMF domain.
Therefore, it is possible to avoid the conventional complex processing
(successively repeated FFTs and IFFTs, and subseauent QMF
transform), for generating the high frequency QMF spectrum, and
thus the computation amount can ba reduced.  Note that like STFT,
the QMF transform itself provides joint time-frequency resolution,
thus, QMF transform replaces the serzs of STFT and ISTFT. In
addition, in the bandwidth extension method according to an embodiment of

-7
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the present invention, the pitch-shifted signals are generated by
applving mutually different shift coefficients instead of only one shift
coefficient, and time stretching is performed on these signals, it is
possibie to suppress dgeterioration of guality of the high freauency
QMF spectrum.

[0035]

Furthermore, the high freguency generation step includes: a
second transform step of transforming the pitch shifted signais into a
OMF domain to generate QMF spectra; 2 harmonic patch generation
step of stretching the QMF spectra aiong a2 temporal dimension with
different stretching factors to generate harmonic patches; an
alignment step of time-aligning the harmonic patches; and a2 sum-up
step of summing up the time-z2iigned harmonic patches,

[00356]

Furthermore, the harmonic patch generations step includes: a
calculation step of calcuiating the amplitude and phase of a OMF
Spectrunw anwong the QMF spectra; a phase manipulation step of
phase to produce a new phase; and a QMF coefficiant

generation step of combining the amplitude with the new phase o

AW

generate @ new set of QMF coefficiants.

r0037]

Furthermeore, in the phase manipulation step, the rnew phase is
oroduced on the basis of an originat phase of a whole sat of QMF
coefficients
(0038’

Furthermore, in the phase manipulation step, manipulation is
sarformed repeatedly for sets of OMF coefficients, and in the QMF
coefficient generation step, new seaits of OQMF coefficients are
generated
r0039]

Furthermiore, in the phase manipuiation step, =z different
manipulation is performed dep
[0040]

Furthermore, in the QMF coefficient generalion step, the new

epending on a QMF subband index.

£

sets of QMF cceefficients are overilap-added to generate the OQMF

b
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coefficients corresponding tb a temporally-extended audio signal.
[o0417

Specifically, the time stretfching in the bandwidth extension
method according fo an embodiment of the present invention imitates the
STFT-based stretching method by modifying phases of input OMF
blocks and overlap-adding the modifiad QMF blocks with different hop
~size. From the point of view of computation amount, comparing to
the successive FFis and IFFTs in STFT-based method, such tims
stretching has a lower computation amount by involving only one QMF
analysis transform oniy. Therefore, it is posgsibie to further reduc

M

the computation amount in bandwidth extension.



[0042]
According to a first aspect, there is provided a bandwidth extension method for

producing a full bandwidth
signal from a low frequency bandwidth signal, said method comprising:

a first transform step of transforming the low frequency
bandwidth signal into a quadrature mirror filter bank (QMF) domain to
generate a first low frequency QMF spectrum;

a low order harmonic patch generation step of generating a low
order harmonic patch by time-~stretching the low freguency bandwidth
signal in a QMF domain;

a high freguency generation step of (i) generating signals that
are pitch shifted, by applying different shift coefficients to the low order
harmonic patch, and (il) generating a high frequency QMF spactrum
from the signals;

a spectrum modification step of modifying the high frequency
QMF spectrum to satisfy high frequency energy conditions; and

a full bandwidth generation step of generating the fuli bandwidth
signal by combining the modified high frequency QMF spactrum with
the first low freguency QMF spectrum.

[00423]
According to a second aspect, there is provided a bandwidth extension apparatus

that produces a full bandwidth

signal from a low frequency bandwidth sighal, said bandwidth extension
apparatus comprising:

a first transform unit configured to transform the low frequency
bandwidth signal into & quadrature mirror filter bank (QMF) domain to
generate a first low freguency QMF spectrum;

a iow order harmonic patch generation unit configured to
generate a low order harmonic patch by time-stretching the low
frequency bandwidth signal in a QMF domain;

a high frequency generation unit configured to (i) generate
signals that are pitch shifted, by applying different shift coefficiants to
the low order harmonic patch, and (ii) generate a high frequency QMFE
spectrum from the signals;

a spectrum modification unit configured to modify the high
frequancy QMF spectrum to satisfy high frequency energy conditions:
and

a full bandwidth generation unit configured to generate the full
bandwidth signal by combining the modified high frequency QMF

spectrum with the first low frequency QMF spectrum.
[0042b] | _

According to a third aspect, there is provided a program for producing a full

 bandwidth signa! from a low
frequency bandwidth signal, said program causing a computer to
execute;

9a



a first transform step of transforming the low fraguency
bandwidth signal into a guadrature mirror filter bank (QMF) domain to
generate a first low frequency QMF spectrum;

a low order harmonic patch generation step of generating a low
order harmonic patch by time-stretching the low frequency bandwidth
signal in a QMF domain;

a high frequency generation step of (i) generating signals that
ara pitch shifted, by applying different shift coefficients to the low order
harmonic patch, and (il) generating a high frequency QMF spectrum
from the signals;

a spectrum modification step of modifying the high frequency
OMF spectrum to satisfy high frequency energy conditions; and

a full bandwidth generation step of generating the full bandwidth
signal by combining the modified high frequency QMF spectrum with
the first low frequency QMF spectrum.

[0042¢]

According to a fourth aspect, there is provided an integrated circuit that produces a
full bandwidth signal from a
low frequency bandwidth signal, said integrated circuit comprising:

a first transform unit configured to transform the fow freguency
bandwidth signal into a quadrature mirror filter bank (QMF) domain to
generate a first low frequency QMF spactrum;

a low order harmonic patch generation unit configured to
generate a low order harmonic paitch by time-stretching the Jow
frequency bandwidth signal in a QMF domain;

a high freguency generation unit configured to (i} generate
signals that are pitch shifted, by applying different shift coefficients to
the iow order harmonic patch, and (il} generate a high frequency QOMF
spectrum from the signals;

a spectrum maedification unit configured to modify the high
frequency QMF spectrum to satisfy high frequency energy conditions;
and ,.

a full bandwidth generation unit configured to generate the full
bandwidth signal by combining the modified high frequency QMF
spectrum with the first low frequency QMF spectrum.

[00424]

According to a fifth aspect, there is provided an audio decoding apparatus comprising:
a saparation unit configured to separate a coded low frequency
bandwidth signal from coded information;
a decoding unit configured to decode the coded low frequency
bandwidth signal;
a transform unit configured to transform the low freguency
bandwidth signal generated through the decoding by said decoding unit,
into a quadrature mirror filter bank (QMF) domain to ganerate a low
frequency QMF spectrum;
8b



a low order harmonic patch generation unit configured to
generate a low order harmonic patch by time-stretching the low
frequency bandwidth signal in 2 QMF domain;

a high freguency generation unit configured to (i) generate
signals that are pitch shifted, by appiying different shift coafficients to
the low order harmonic patch, and (i) generate a high frequency QMF
spectrum from the signals;

a spectrum modification unit configured to modify the high
frequency QMF spectrum to satisfy high frequency energy conditions;

a full bandwidth generation unit configurad to generate the full
bandwidth signal by combining the meodified high frequency GQMF
spectrum with the low frequency QMF spectrum; and _

an inverse transform unit configured to transform the full
bandwidth signal, from a guadrature mirror filter bank (QMF) domain
signal to a time domain signal.

[0043]

Accordingly, the high freguency QMF spectrum is generated by
time-stretching and pitch-shifting the low frequency bandwidth signal
in the OMF domain. Therefore, it is pessible to avoid ths
conventional compiex processing (successively repeated FFTs and

IFFTs, and subseguent QMF transform), for generating the high
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freguency QMF spectrum, and thus the computation amount can be
reduced. In addition, since the pitch-shifted signals are generated
by applying mutually different shift coefficients instead of only one
shift coefficient, and the high frequency QMF spectrum is generated
from these signals, it ts possible to suppress deterioration of quality of
the high freguency QMF spectrum. Furthermore, since the high
fregquency QMF spectrum is generated from the low order harmonic
patch, it is possibie to further suppress deterioration of quality of the
high frequency OMF spectrum.

[0044]

It should b2 noted that, in the bandwidth extension method
according to ancther aspect of the present invention, the pitch shifting
also operates in QMF domain. This is in order to decompose the LF
OMF subband on the low order patch into multiple sub-subbands for
higher freguency resolution, then mapping thoss sub-subbands into
high QMF subband to generate high order patch spectrum.
roo4s]

Furthermore, the low order harmonic patch generation step
includes: 2z second transform step of transforming the low freguency

bandwidth signal into a second low freguency QMF spectrum; a

&

bandpass step of bandpassing the second low freguency QMF

spectrum,; and a stretching step of stretching the bandpassed second

i

low freauency QMF spectrum along a temporal dimension.
r004e]
Furthermore, the second low freauency QMF spectrum has finer

frequency resolution than the first iow frequency QMF spectrum.

Furthermore, the high freguency gensration step inciudes: a
patch gensration step of bandpassing the low order harmonic pateh to
generate bandpassed patches; a high order generation step of

miapping each of the bandpassed patches into high freguency to
generate high order harmonic patches; and a sum-up step of summing
up the high order harmonic patches with the low order harmanic
patch.
[0048]
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Furthermore, the high order generation step includes: a
splitting step of splitting each OMF subband in each of the bandpassed
patches into multiple sub-subbands; a mapping step of mapping the
sub-subbands to high frequency QMF subbands; and a combining step
of combining resuits of the sub-subband mapping.

00491

Furthermore, the mapping step includes: a division step of
dividing the sub-subbands of each of the QMF subbands into a2 stop
band part and a pass band part; a frequency computation stzp of
computing transposed center freguencies of the sub-subbands on the
pass band part with patch order dependent factor; a first mapping
stap of mapping the sub-subbands on the pass band part into high
freguency QMF subbands according to the center freguencies; and a
sacond mapping step of mapping the sub-subbands on the stop band
part into high frequency QMF subbands according to the sub-subbands
of the pass band part.
r0050]

It should be noted that, in the bandwidth extension method
according to the present invention, the brocess operations (steps)
described above may be combined in any manner.

{0051}

Such a bandwidth extension method as that according to an embodiment of the
present invention is a low computation amount HBE technology which
uses a computation amount-reduced HF spectrum generator, which
contributes the highest computation amount to HBE. To raducs the
computation amount, in the bandwidth extension method according to
an embodiment of the present invention, a new QMF-based phase vocoder
that performs time stretching in QN-F domain with a low computation
amount is used, Furthermore, in the bandwidth extension method
according to another embodiment of the present invention, to avoid the
possible quality problems associated with the solution, a naw pitch
shifting aigorithm is used that generates high order harmonic patches
from fow order patch in QMF domain.

[o0sz)
Embodiments of the present invention disclose a QMF-based patch
w 11 -
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where time-stretching, or both time-stretching and
frequency-extending can be performed in QMF domain, to make it
further, to develop & low computation amount HBE technology driven
by a QMF-based phase vocoder,
(00537

It should be noted that embodiments of the present invention can be realized,
not onty as such a bandwidth extension method, but aiso as a
bandwidth extension apparatus and an integrated circuit that extand
the frequency bandwidth of an audio signal using the bandwidth
exiension method, as a program for causing a computar to extend a
freguency bandwidth using the bandwidth extension method, and as a
recording medium on which the program is recorded.
[Advantageous Effects of Invention]
[0054] |

The bandwidth extension method in embodiments of the present invention
designs a new harmonic bandwidth extansion (HBE) technology. The
core of the technology is to do time stretching or both time stretching
and pitch shifting in QMF domain, rather than in traditional FFT
domain and time domain, respectively. Comparing to the prior-art
HBE technology, the bandwidth extension method in embodiments of the present
invention can provide good sound guality and significantly reduce the
compuization amount.
[Brief Description of Drawings]
TO0ES]

[FIG. 1] FIG. 1 is a diagram showing an audio codec schems
using normal BWE technology. '

[FIG., 2] FIG. 2 is a diagram showing & harmonic structurs
presarved HF spectrum generator.

[FIG. 3A] FIG. 3A i3 a diagram showing the principie of time
siretching by respacing audio biocks.

[FIG. 381 FIG. 3B is a diagram showing the principis of time
étretchéng by respacing audio biocks.

[FIG. 4] FIG. 4 is a diagram showing QMF analysis and
synthesis scheme. -

[FIG. 5] FIG. & is a fiowchart showing a bandwidth extension
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method in a first embodiment of the present invention,

TFIG. 6] FIG. 6 is a diagram showing a HF spectrum generator in
the first embodiment of the present invention.

[FIG. 7] FIG. 7 is a diagram showing an audio decoder in the
first embodiment of the present invention.

'FIG. 8] FIG. 8 is & diagram showing a scheme of change time
scale of a signal based on QMF transform in the first embodiment of
the present invention.

'FIG. 8] FIG. 9 is a diagram showing a time stretching method
in QMF domain in the first embodiment of the present invention.

[FIG. 10] FIG. 10 is a diagram showing comparing stretching
effects for a sinusoid tonal signal with different stretching factors.

[FIG. 11] FIG. 11 is a diagram showing misalignment and
energy spread effect in HBE scheme.

[FIG, 12] FIG. 12 is a flowchart showing the bandwiath
extension method in a second embodiment of the present invention,

[FIG. 131 FIG. 13 is a diagram showing an HF spectrum

generator in the second embodiment of the present invention,

[FIG. 14] FIG. 14 is a diagram showing an audic decoder in the
second embodiment of the present invention.

[FIG. 15] FIG. 15 is @ diagram showing & frequency extending
method in QMF domain in the second embodiment of the present
invention.

[FIG. 16] FIG. 16 is a figure showing & sub-subband spectra
distribution in the second embodiment of the present invention,

[FIG. 17] FIG. 17 is a diagram showing the relationship
between the pass band component and stop band component for a
sinusoidal in complex QMF domain in the second embodiment of the
oresent invention.

[Description of Embodiments]
rgo0se)

The following embodiments are merely iilustrative for the
principles of various inventive steps., Itis understood that variations
of the details described herein will be apparent to cthers skilied in the
art.

r
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r00s57]

{First Embodiment;

Hereinafter, & HBE scheme (harmonic bandwidth extension
method) and a decoder (sudic decoder or audio decoding apparatus)
using the same, in the present invention, shall be described.
r0058]

FIG. B is a flowchart showing the bandwidth extension method
in the present embodiment.

[0059]

This bandwidth extension method is a bandwidth extension
method for producing a full bandwidth signal from 2 iow freguency
bandwidth signat, the method including: a first transform step of
transforming the low freguency bandwidth signal into & guadrature
mirror filter bank (QMF) domain to generate a first low frequency QMF
spectrum; a pitch shift step of generating pitch-shifted signals by
applying different shifting factors on the iow freguency banawidth
signal; a high freguency generation step of generating a2 high
freguency QMF spectrum by time-stretching the pitch-shifted signals
in @ QMF domain; a spectrum modification step of modifying the high
freguency QMF spectrum to satisty high frequency energy and tonality
conditions; and & full bandwidth generation step of generating the full
bandwidth signal by combining the modified high frequency QMF
spectrum with the first low frequency QMF spectrum,

[0060]

It should be noted that the first transform step (S11) is
nerformed by a T-F transform unit 1406 to be described later, the pitch
shift step (S512) Is performed by sampling units 504 to 506 and a2 time
resampling unit 1403 to be described later. 1In addition, the high
freguency generalion step (S13) is performed by QMF transform units
507 to 509, phase vocoders 510 to 512, a QMF transform unit 404, and
g time-stretching unit 1405 to be described later. rurthermore, the
full bandwidth generation step (S15) is performed by an addition unit
1410 to be described later.

(0061}
Furthermore, the high freguency generation step inciudes: a
-4 -
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second transform step of transtorming the pitch shifted signais into a
QMFE domain to generate QMF spectra; a harmonic patch generation
step of stretching the QMF specira along a temporal dimension with
different stretching factors to generate harmonic patches; an
alignment step of time-aligning the harmonic patches; and a sum-up
step of summing up the time-zligned harmonic patches.
[0062]

if shouid be notec that the second transform step is performed
by the QMF transform units 507 to 509 and the QMF transform unit
1404, and the harmonic patch generation step is performed by the
ohase vocoders 510 To 512 and the time-siretching unit 1405,
Furthermore, the alignment step is performed by delay alignment
units 513 te 515 to be described, and the sum-up step is performed by
an addition unit 516 to be described latern
[0063]

In a HBE scheme in the present embodiment, & HF spectrum
generator in HBE technology |

in

designed with the pitch shifting
processes in time domain, succeeded by the vocoder driven time
stretching processes in QMF gomain.

[0064]

FIG. 6 is 2 diagram showing the HF spectrum generator used in
the HBE scheme in the present embodiment. The HF spectrum
generator includes: bandpass units 501, 502, ..., and 503; the
sampling units 504, 505, ..., and 5086, the OMF transform units 507,
508, ..., and 309, the phase vocogers 510, 511, ..., and 512; the delay
alignment units 512, 514, nd 515; and the addition unit 51
100657

A given LF bandwidth input is firstly bandpassed (501~503)
and resampled (504~506) to generate its HF bandwidth portions.
Those HF bandwidth portions are transformed (507~509) into QMF
domain, the resulting QMF outputs are time stretched (510~512) with
stretching factors as two times of the according resampiing factors.
The stretched HF spectrums are delay aligned (513~515) to
compensate the potential different delay contributions from
resampling process and summed up (516) to generate the final HF
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spectrum. It should be noted that each of the numerals 501 to 516 in
parentheses above denote a constituent element of the HF spectrum
generator.

100667

Comparing the scheme in the present embodiment with the
prior-art scheme (FIG. 2}, it can be see the main differences are 1)
more QMF transforms are applied; and 2) time stretching opearation is
nerformed in QMF domain, not in FFT domain. The detailed time
stretching operation in QMF domain will be described later with more
details.
r00s7]

FIG. 7 is & diagram showing a decoder adopting the HF
spectrum generator in the present embodiment. The decoder {audio
decoding apparatus) inciudes & demultiplex unit 1401, a decoding unit
1402, the time resampiing unit 1403, the OMF transform unit 1404,
and the time-stretching unit 14035, It should be noted that, in the
present embodiment, the demultipiex unit 1401 corresponds to the
separation unit which separates a coded low _frequency bandwidth
signal from coded information (bitstream). Furthermore, the inverse
T-F transiorm unit 1409 corresponds to the inverse transform unit
which transforms z full bandwidth signal, from a guadrature mirror
filter bank (QMF) domain signal to a time domain signal.

100687

With the decoder, the bitstream is demuitiplexed (1401) first,
the signal LF part is then decodad (140Z). To approximate original
HF part, the decoded LF part {low freguency bandwidth signal} is
resampled (1403 in time domain to genesrate HF part, the resulting
Hi part is transformed {1404) intc QMF domain, the resulting HF QMF
spectrum is streiched (1405) aiong the temporal direction, the
stretched HF spectrum is further refinec (1408 by post-processing.
under the guide of some cdecoded HF parameters. Meanwhile, the
decoded LF part is aiso transformed {1406) intoc QMF domain. In the
end, the refined HF spectrum combined (1410) with deiayed (1407) LF
spectrum to produce full bandwidth QMF spectrum. The resuiting full
bangwidth QMF spectrum is converted (1408) back to time domain to
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output the decoded wideband audio signai. It should be noted that
cach of the numerals 1401 to 1410 in parentheses above dencies a
constituent eiement of the decoder.
[006¢]

The Time Stretching Methoad

The time stretching process of the HBE scheme in the present
embodiment is, for an audio signal, its time stretched signal can be
generated by QMF transform, phase manipulations and inverse QMF
transform. Specifically, the bharmonic patch generation step
includes: a calcuiation step of calculating the amplitude and phase of
a QMF spectrum among the QMF spectra; a phase manipulation step of
manipulating the phase tc produce a new phase; and 2 OMF coefficient
generation step of combining the amplitude with the new phase o
generate a new set of QMF coefficients. It should be noted that each
of the calculating step, the phase manipulation step, and the QMF
coefficient generation step is performed by a module 702 to be
described later
roo7ol

FIG. & is a diagram showing a QMF-based time stretching
process performed by the QMF transform unit 1404 and the lime
stretching unit 1405, Firstly, an audio signal is transformed into a set
of OMF coefficients, say, X(m,n), by QMF analysis transform (701).
These OQMF coefficients are modified in module 702, Wherein, for
each OQMF coefficients, its amplitude r and phase z are caiculated, say,
X{m,n)=r{m,n)-expi-a{m,n);. The phases a(m,n) are modified
(manipulated) to a™{m,n). The modified phases a” and origina
amplitudes r construct a new set of QMF coefficients., For example, 2
new set of QMF coefficients are shown in (Eguation 3) below.
o771l
[Math 3]

v Y e " 4“. Ly ) - . N
)x(m,n}mf(n,.;i.) exp(j - d(m.n}) (Equation 3)

60721
Finally, the new set of QMF coefficients are transformed (703)
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into a new audio signal, corresponding to the original sudio signal with
modified time scale.
foo7z]

The QMF-based time stretching algorithm in the HBE scheme in
the present embediment imitates the STFi-based stretching
algorithm: 1) the modification stage uses fthe Iinstantaneous
freguency concept to modify phases; 2) to reduce the computation
amount, the overiap-adding is performed in QMF domain using the
additivity property of QMF transform.

[0074]

Below is the detalied description of the t{ime stretching
aigorithm in the HBE scheme in the present embodiment.
[0075]

Assuming there are 2L reai-valued time domain signal, x{n), to
be stretched with & stretch factor s, after QMF analysis stage, there

re 2L QMF compiex coefficients, composed of 2L/M time slots and M
subbanas,
[0078]

. Note that like STFT-based stretching method, the transformed
QMF cosfficients are optionally, subject to anaiysis windowing before
the phase manipulation. In this invention, this can be realized on
either time domain or QMF domain.

[0G77]

On time domain, & time domain signal can be naturaily
windowed es in (Eguation 4) below.
o078}

[Math 4]
x{n}= x{n) himod{n. L)) (Equation 4)
[0o7¢]

The mod(.) in (Equation 4) means moduiation operation,
(00807

On the OMF domain, the equivaient ogperation can be reatized
by
[0081]
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1) Transforming the analysis window h(n) (with length of L) into
QMF domain to produce H{v,k) with L/M time siots and M subbands.
[00682]
2) Simplifying the QMF representation of the window as shown
in (Equation 5) below.
100837
[Math 5]

=1
Hyvy= > Hiv.k)
P (Eguation 5)

[0084]

Here, v=0,..., L/M-1.
[oogs]

3) Performing the analysis windowing in QMF domain by
Y(m, ky=X{m,k;-Ho{w) where w=mod{m,L/M) (It should be noted that
mod{.) means modulation operation),

[0088]

Furthermore, in the HBE scheme in the present embodiment, in
the phase manipuiation step, the new phase is produced on the basis
of an original phase of a whole set of QMF coefficients. Specificaliy,
in the present embodiment, as a detalled realization of the time
stretching, phase manipuiation is performed on the basis of QMF
block.

(90877

FIG. 9 is & diagram of a time stretching method in QMF domain,
roogsg]

These original QMF coefficients can be treated as L+1
overiappad QMF biocks with hop size of 1 time slot and block length of
/M time siots, as illustrated in (a) in FIG. 2,

[6089]

To ensure no phase-iumping effect, each original QMF block is
modified to generate & new QMF block with modified phases, and
shases of the new QMF blocks should be continuous at the point y-s for
the overtapping {u)-th and (u+1)-th new QMF block, which is
eguivalent to continuous at the joint points u-M-s (UEN) In time

-1
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domain,
r0080]

Furthermore, in the HBE scheme in the present embodiment, in
the phase manipuiation step, manipulation is performed repeatedly
for sets of QMF coefficients, and in the QMF coefficient generation step,
new sets of QMF coefficients are generated. In this case, the phases
are modified on the biock basis following the below criteria.
r00et]

Assuming the original phases are ou(k) for the given OMF
coefficients X{u,k), foru=0,.., 2L/M-1 and k=0,.., M-1, Each original
OMF block is sequentially modified to a new QMF block, as itlustrated
in (b) in FIG. @, where new QMF blocks are illustrated with different fill
patterns.,
roosz]

In the foliowing, W, M(k) represents phase information of the
n-th new OMF block forn=1,..., L/M, u=0, .., L/M-1 and k=0, 1, ..., M-1,
These new phases, depending on whether the new bloclk is respaced or
not, are designed as foliows.

[0093]

Assuming the 15 new QMF block X (u,k) (u=0,.., L/M-1) is not
respaced. So the new phase information W (k) ts identical to ®, (k).
That is, W, V()= (k) for u=0,.., L/M-1land k=0, 1, .., M-1.

[0094]

For the 2" new OMF block X' {u,k) {u=0, .., L/M-1), it is
respacad with hop size of s time slot (e.g. 2 time slots, as iltustrated
in FIG. 9}, In this case, the instantaneous freguencies at the

heginning of the block should be consistent to these at the s-th time

+

sh
slor in the 15 new QMF block X{¥(u,k). Thus, the instantaneous
frequencies for the 15 time siot of X®(u,k) should be identical to
those far the 27 time slot in the original QMF block. That is,
Wl (k) =W (k) +s Ag, (k).
rgooes]

Furthermore, since the phases for thel®™ time slot are changed,
the remaining phases are adjusted accordingly to preserve the
original instantansous fregquencies. That s,
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WA= PO FAP 1 (k) for u=1,..,L/M-1, whera

Agy (k)= K)-p..1(k} represents the original instantansous
frequencies for the original QMF block.
[0096]

For the succeeding synthesis blocks, the same phase
modification rules are applied., That ig, for the m-th new QMF block
(m=3,.., L/M), its phases W, ™(k) are decided as shown below,
(0097
W™ =Wl ™ Y (k) +s A@m. (k)

WY =W, K A (k) forus1,., L/M-1
[0098]

Incorporating with the original biock amplitude information, the
above new phases result in new L/M blocks
[009%]

Here, in the HBE scheme in the present embodiment, in the
nhase manipulation step, a different manipulation is performed
depending on a QMF subband index. Specifically, the above phase
modification method can be designed differently for CMF odd
subbands and even subbands, respectively.

01001

it is based on that for a tonal signal, its instantaneous
frequency in QMF domaeain is associated with the phase difference,
Le(niG=0(n,k)-o{n-1,K}, in different ways.

01011

In more detail, it is found that the instantaneous freguency
w{n,k) can be determined through (Egusation &) below,
r0102]

[Math 6“@
win, ic\— ) prine arglA@in.k ) m+k K iseven
| princarglAolnk)=zlim+k kisodd (Equation 6)
10103]
In (Eguation &), the princ arg(a) means the principle angle of a,
defined by (Equation 7) beio
[0104]
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[Math 7]
p:‘incarg(a)=mod(&+7£,—2ﬁ:)+75 (Equation 7)
[g105]

In the eguation, mod(a,b) denotes the modulation of 2 cver b,
r01086]

As a result, for example, in the above phase modification
method, the phase difference could be elaborated azs in (Eguation 8)

below.
[0107]
[Math 8]
Ay, (k)= \ 5_””'”“ argle, (k) ~ ¢, (k) | [fifc,m
| princ argle, (ky—o, (kKy—x) kisodd (Equation &)
[0108]

Furthermore, in the HBE scheme in the present embodiment, in
the QMF coefficient generation step, the new sets of OMF coefficients
are ovarlap-added to generate the QMF coefficients corresponding to
a temporally-extended audio signal. Specifically, in order to reduce
the computation amount, the QMF synthesis operation is not directly
applied on each individual new OQMF biock. Instead, it applied on the
overiap-added results of those new QMF blocks.
r0Li09]

Note that like STrT-based stretching method, the new QMF

coefficients are optionally, subject to synthesis windowing before the

overiap-adding. In the present embodiment, like the analysis
windowing process, the synthesis windowing can be realized as shown
below.
[6110]

XS k) =X (k) He(w), where w=mod(u, L/M)
01117

Then, because of the additivity of QMF transform, all the new
L/M blocks can be overiap-addea, with the hop size of s time siots,
prior to the QMF synthesis. The overlap-added resuits Y{u,k) can be
cbtained through the egustion beiow,
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[0112]
[Math 9]
Y(m—e-u,k)xY(ns+u,k}+X[”+U(u,k) (Equation 9)
101137

Here, n=0,..., L/M-1, u=1,.., L/M, and k=0,..,, M-1.

0114} The final audic signai can be generated by applying the
QMF synthesis on the Y{u, k), which corresponds to criginal signal with
modified time scale.

[G115]

Comparing the QMF-based stretching method in the HBE
scheme in the present embodiment with the prior-art STFT-basad
stretching method, it is worth noting that the inherent time resolution
of QMF transform helps to significantly reduce the computation
amount, which can onily be obtained with a series of STFT transforms
in prior-art STFT-based stretching method.

(0116}

The following computation amount analysis shows a rough
computation amount comparison result by only consigering the
computation amount contributed from transforms.

(01177

Assuming the computation amount of STFT of size L is logy(L)-L
and the computation amount of & QMF analysis transform is about
twice that of a FFT transform, the transform computation amount
invoived in the prior-art HF spectrum generator is approximated as
shown below.

F01181
[Math 10]
Ly -2 Loiog,(L)-(T -1)+(2L}log, 2L = o L, AT 1)1 ] L lag, (L)

R, - (Eauation 10)

f011s;
By comparison, the transform computation amount invoived in

the HF spectrum generator in the present embodiment I3
n

approximated as shown in (Egquation 11) below.
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10120]
[Math 117

o = (Equation 11)
For example, assuming L=10624 and Ra=128, the above

computation amount comparison can be concreted in Table 1.
0122}

[ Table 1]
| Transform -
" fransform
i computation ) Computs
Harmonic ) computation _
amount involved _ i tion
patch number | , amount invoived
in time stretching | ) _ amount
{(T) _ cin prior-art time K
in present i ratios
B stretching
embodiment
| 3 33335 350208 9.52%
4 42551 514048 8.28%
5 49660 1677888 | 7.33% |

Tab.1 Computation amount comparison between prior art HBE
and the proposed HBE with adoption of QMF-based time stretching in
the present embodiment
(0123}

(Second Embodiment)

Hereinafter, 2 second embodiment of the HBE scheme
(harmonic bandwidth extension method) and a decoder (audio

ecoder or audic decoding apparatus) using th

h
7]
o
(M
73]
o
o
o
]

described in detail.
(01247

Notz that with adopting of the QMF-based time stretching
method, the HBE technology used the QMF-based time streiching
method has much lower computation amount. However, on the other
hand, adopting the QMF-based time stretching method also brings two
nossibie problems which have risks to degrade the sound guaillty.
[0125]

.24 -
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Firstly, there is guality degradation problem for high order
natch. Assume that a HF spectrum is composed with (T-1) patches
with corresponding stretching factors as 2, 3, ..., T. Because the
QMF-based time stretching is block based, the reduced number of
overlap-add operation in high order patch causes degradation in
streftching effect.

[01267

“I1E. 10 is a diagram showing sinusoid tonal signal. The upper
panel (a) shows the stretched effect of a 279 order patch for a pure
sinusoid tonal signal, the stretched outputl is basically clean, with only
a few other frequency components presented at small amplitudes.
While the lower panel (b) shows the stretched effect of a 4% order
patch for the same sinusocid tonai signal.

[0127]

Comparing to {a), it can be seen that aithough the center
frequency is correctly shifted in {b), the resulting output also includes
some other frequency components with non-ignorabie amplitude,
This may result in the undesired noises presented in the stretched
output,
ro128]

Secondly, there is possibie quality degradation problem for
transient siagnals, Such a quality degradation problem may have 3
potential contribution sources.

01297

The first contribution source is that the Transient component
may be lost during the resampling. Assuming 2 transient signal with
a Dirac impuise iocated at an even sample, for a 4™ order patch with
decimation with factor of 2, such 2 Dirac impulse disappears in the
resampled signal.  As a resulf, the resulting HF spectrum has
incomplete transient components,

(01307

The second contribution source is the misaligned transient
components among different patches. Because the patches have
different resampling factor, & Dirac impulse iocated at a specified
pesition may have several components jocated at the different time
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slots in the QMF domain.
0131}

FIG. 11 is 2 diagram showing misalignment and energy spread
effect. For an input with Dirac impuise (e.g. in FIG. 11, presented as
the 37 sample, illustrated in grey), after resampling with different
factors, its position is changed to different positions.  As a result, the
stretched output shows perceptually attenuated transient effect.
01323

The third contribution source is that the energies of transient
components are spread uneventy among different patch., As shown in
FIG. 11, with the 2" order patch, the associated transient component
is spread to the 5% and 6% samples; with the 3™ order patch, to the 4%
~ 6% samples: and with the 4" order patch, to the 5 ~ 8™ samples.
As a result, the stretched output has weaker transient effect at higher
frequency. For some critical transient signals, the siretched output
aven shows some annoying pre- and post-echo artefacts.
ro133;

To overcome the above gquality degradation problem, an

enhanced HBE technology is desired. However, too Comp!icated

sciution also increases the computation amount. In the present
embodiment, @ OUMF-based pitch shifting method is used to avoid the
possible quality degradetion problem and maintain the low
computation amount advantage.
01347

As described in detail below, in the HBE scheme (harmonic
bandwidth extension meathod) in the present embodiment, HF
spectrum generator in the HBE technology in the present embodiment
is designed with both time stretcning and pitch shifting process in GMr
domain, Furthermore, & decoder {audio decoder or audio decoding

apparatus) using the HBE in the present embodiment shall also be
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This bandwidth extension method is a bandwidth extension
method for producing a full bandwidth signal from a low freguency
bandwidth signal, the method inciuding: a first transform step of
transforming the low frequency bandwidth signal into a guadrature
mirror filter bank (QMF) domain to generate & first low frequency GMF
spectrum; a low order harmonic patch generation step of generating 2
low order harmonic patch by time-stretching the low freguency
bandwidth signal in a QMF domain; a high freguency generation step
of (i} generating signals that are pitch shifted, by appliving different
shift coefficients to the low order harmonic patch, and (it} generating
a high freguency QMF spectrum from the signals;, a spectrum
modification step of modifying the high freguency QMF spectrum to
satisfy high fregquency energy and tonality conditions; and a full
bandwidth generation step of generating the full bandwidth signal by
combining the modified high frequency GMF spectrum with the first
low freguency QMF spectrum.

01373

t should be noted that the first transform step is performed by
& T-F transform unit 1508 to be described tater, the low order
harmonic patch ceneration step is performed by a QMF transform
1503, a time-stretching unit 1504, a8 QMF transform unit 601, and a
nhase vocoder 603 to be described later. In addition, the high
frequency generation step is performed bv 2 pitch shifting unit 150¢,
bandpass units 604 and 605, freguency extension units 506 and 607,
and delay alignment units 608 to 610 toc be described later
Furthermore, the specirum modification step is performed by a2 HF
post-processing unit 1507 to be described later, and the full
bandwidth generation step is performed by an addition unit 1512,
r0138]

Furthermore, the low order harmcnic patch generation step
includes: & second transform step of transforming the low freguency
bandwidth signal into a2 second low freguency OQMF spectrum; a
bandpass step of bandpassing the second low freguancy QMF
spectrum,; and a stretching step of stretching the bandpassed second

jow freguency QMF spectrum along 2 temporal dimension.
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[0139]

It should be noted that the second transform step is performed
by the QMF transform unit 601 and the QMF transform unit 1503, the
bandpass step is performed by a bandpass unit 602 tc be discussed
later, and the stretching step is performed by the phase vocoder 503
and the time-stretching unit 1504,

(01407

Furthermore, the second low freguency QMF spectrum has finer
frequency resoiution than the first low frequency QMF spectrum.
{0141}

Furthermore, the high freguency generation step inciudes: a
natch generaticon step of bandpassing the low order harmonic patch tc
generate bandpassed patches; a high order generation step of
mapping each of the bandpassed patches inte high freguency to
generate high order harmonic patches; and a sum-up step of summing
up the high order harmonic patches with the tow order harmonic
natch.

10142]

It shc«u&d be noted that the patch generation step is performed
by the bandpass units 604 and &05, the high order generation step is
performed by the freguency extension units 5086 and 607, and the

sum-up step is performed by the an adaition unit 611 to be discussed

iater.
[0143]

FIG., 13 is a diagram showing the HF spectrum generator in the
HBE scheme in the present embodiment. The HF spectrum generator

includes the QMF transform unit 801, the bandpass units 602, 604, ..,
and 605, the phase vocoder 603, the freguency extension unit 60¢, ...,
and 607, the delay alignment units 608, 609, .., and 610, and the
addition unit 811,
[0144]

A given LF bandwidth input is firstly transformed (601) into
OMF domain, its bandpassed (602) QMF spectrum is time strefched
(603) to double length. The stretched QMF spectrum is bandpassed
(604~605) to produce bandlimited (T-2) spectra. The resulting
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bandiimited spectra are transiated (606~607) inte higher frequency
bandwidth spectra. Those HF spectra are delay aligned (608~610) to
compensate the potential different delay contributions from spectrum
translation process and summed up (611) to generate the final HF
spectrum. If should be noted that each of the numerats 601 te 611 in
narentheses above denotes a constituent element of the HF spectrum
generator.

[0145]

Note that comparing to the QMF transform (108 in Fig.1}, the
QMF transform in the HBE scheme in the present embodiment (QMF
transform unit 601) has finer frequency resolution, the decreasing
time resolution will be compensated by the succeeding stretching
operation.

F0146]

Comparing the HBE scheme in the present embodiment with the
prior-art scheme (FIG. 2), it can be seen that the main differences are
1) like the first embodiment, the time stretching process is conducted
in QMF domain, not in FFT domain; 2) higher order patches are
generated based on 2% order patch; 3) the pitch shifting process is
also conducted in OQMF domain, not in time domain.

(0147]

FIG. 14 is & diagram showing the decoder adopting the HF
spectrum generator in the HBE scheme in the present embodiment,
The decoder {audio decoding apparatus) inciudes a demultipiex unit
1501, a decoding unit 1502, the OMF transform unit 1503, the
time-stretching unit 1504, a delay alignment unit 1505, the
pitch-shifting unit 1506, the HF post-processing unit 1507, the 7-F
transform unit 1508, a delay alignment unit 1502, an inverse T-F
transform unit 1516, and an addition unif 1511, It should be notsd
that, in the present embodiment, the demultipiex unit 1501
corresponds to the separation unit which separates a coded iow
frequency bandwidth signal from coded information (bitstream).
Furthermore, the inverse T-F transform unit 1510 corresponds to the
inverse transform unit which transforms a full bandwidth signal, from
a quadrature mirror filter bank (QOMF) domain signal to 2 time doemain
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signal.
10148]

With the decoder, the bitstream is demultiplexed (1501) first,
the signal LF part is then decoded (1502). To approximate original
HF part, the decoded LF part (low frequency bandwidth signal) is
transformed (1503) in OMF domain to generate LF QMF spectrum.
The resuiting LF QMF spectrum is stretched (1504) along the temporal
direction to generate a low order HF patch. The iow order HMF patch is
pitch shifted (1506) to generate high order patches. The resuiting
high order patches are combined with deiayed (1505) ijow order HF
patch to generate HF spectrum, the HF spectrum is further refined
(1507) by post-processing, under the guide of some decoded HF
parameters. Meanwhile, the decoded LF part is zlso transformed
(1508) into QMF domain. In the end, the refined HF spectrum
combined with dejayed (1509) LF spectrum to produce (1512) full
Bandwidth QMF spectrum. The resulting full bandwidth QMF
spectrum is converted (1510} back to time domain tc output the
decoded wideband audio signal. It should be noted that each of the
numerals 1501 to 1512 denotes a constituent element of the decoder.
[0145]

The pitch shifting method

A QMF-based pitch shifting aigorithm (frequency extending
method in QMF domain) for the pitch-shifting unit 1506 in the HBE
scheme in the present embodiment is designed by decomposing the Lr
QMF  subbands into piural sub-subbands, transposing those
sub-subbands into HF subbands, and combining the resulting HF
subbands to generate z HF spectrum. Specifically, the high order
generation step includes: a splitting step of spilitting each QMF
subband in each of the bandpassed patches intc multipie
sub-subbands; a mapping step of mapping the sub-subbands to high
freguency QMF subbands,; and a combining step of combining results
of the sub-subband mapping.

(01507

It shoutd be noted that the splitting step corresponds to step 1

(901~903) to be described iater, the mapping step corresponds to
- 3 -
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steps 2 and 3 (904~909) to be described later, and the combining step
corresponds to step 4 {910} to be described later
[01517]

FIG. 15 is a diagram showing such a QMF-based pitch shift
algorithm. Given a bandpassed spectrum of the 2% order patch, the
HF spectrum of a t-th (¢>2) order patch can be reconstructed by: 1)
decomposing {(step 1: 901~903) the given LF spectrum, [.e., each QMF
subband inside the LF spectrum is decompesed into muitipie QMF
sub-subbands; 2) scaling (step 2: 904~906) the center frequencies of
those sub-subbands with factor of t/2; 3) mapping (step 3: 907~909)
those sub-subbands into HF'subbands; 4) summing up all mapped
sub-subbands to form HF subbands (step 4: 910).
r0152]

For step 1, a few methods are available to decompose a GMF
subband inte multiple sub-subbands in order to obtain better
frequency resolution. For example, the so-calied Mth band filters
that are adopted in MPEG surround codec. In this preferrec
embodiment of the invention, the subband decompaosition is realizeg
by appiving an additional set of exponentially modulated filter bank,
agefined by (Eguation 12) below.

01537
Math 12]

"o i I
g, nj=exp ;-%q‘f@-ff)(ﬂ—ng).L

. J (Equation 12)
rgi1s54]

Here, g=~Q, —Q+1,..., 0, 1,., Q=1 and n=0, 1,.., N (where ng

is an integer constant, N is the arder of filter bank).
(0155}

By adopting the above fiiter bank, a given subband signai, say,
the k-th subband signal x{n,k}, is decomposed into 2Q sub-subband
signals according to (Egquation 13) beiow.

01567
Math 13]
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},-:;(n}zconv(‘x(n,k‘)bgq(n)) (Equation 13)

(01577

Here, g=-Q, —Q+1,..., 0, 1,.., Q—1. In the eguation, ‘conv(.)’
denotes the convolution function.
10158]

With such an additional complex transform, the frequency
spectrum of one subband is further split inte 28 sub-freguency
spectrum. From the freguency resolution point of view, if the QMF
transform has M-band, its associated subband frequency resoiution is
/M and its sub-subband freguency resoiution is refined to N/ {20 M.
In addition, the overall system shown in (Equation 14) is
time-invariant, that is, free of aliasing, in spite of the use of
downsampling and upsampling.
rg159]

[Math 14]

&.4p)

e (Equation 14)

101607

Note that the above additional filter bank is oddiv stacked (the
factor g+0.3), which means there is no sub-subbands centered
around the DC value. Rather, for an even Q number the center
frequencies of the sub-subbands are symmetric around zero,

o161}

FIG. 16 is a graph showing a sub-subband spectra distribution.
Specifically, FIG. 16 shows such a fitter bank spectrum distribution for
the case of O=6. The purpcse of the oddly stack is to facilitate the
later sub-subband combination.
r01e2]

For step 2, the center frequencies scaling can be simpiified by
considering the oversampling characteristics of the complex QMF
transform.

0163}
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Note that in the complex QMF domain, as the pass bands of
adjacent subbands coveriap each other, a frequency component in the
overiap zone would appear in both subbands (See International Patent
Application Publication No. WO 2006048814},

[0164]

As z resuit, the frequency scaling can be simplified to half
computaticn amount by oniy caiculating frequencies for thoss
sub-subbands residing on the pass band, that is, the positive
freguency part for an even subband or negative freguency part for an
odd subband.
f0165]

In more detail, the kie-th subband is split into 2Q sub-subbands
In other words, x{n,k s} is divided as shown in (Eauation 15) below,
[0166]

[Math 15]

yﬁ(ﬁ% (Eguation 15}

[0167]

Subsequently, in order to produce the t-th order patch, the
center freguencies of those sub-subbands are scaled using (Eguation
16) below,

0168]
[Math 16]

kpp I . & ot :
.fq_ﬁm!c - ';L'LF z 0‘3 :

N (Equation 16)
[0159]

Here, g==0Q, =Q+1,..., =1 when kyr is o0dd, or g=0, 1,.., Q-1
when Ko 15 even.
[0170]

For step 3, mapping the sub-subbands into HF subband also
needs to take into account the characteristics of complex QMF
transform. In the present embodiment, such 2 mapping process is

carried out in two steps, first i{s to straight-forwardly map zil

2

~
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sub-subbands on the pass band into HF subband; second, based on
the above mapping result, to map all sub-subbands on the stop band
into HF subband. Specifically, the mapping step inciudes: a division
step of dividing the sub-subbands of each of the QMF subbands into a
stop band part and & pass band part; a freguency computation step of
computing transposed center frequencies of the sub-subbands on the
pass band part with patch order dependent factor; a first mapping
step of mapping the sub-subbands on the pass band part inte high
frequency QMF subbands accerding to the center freguencies; and a
second mapping step of mapping the sub-subbands on the stop band
part into high frequency QMF subbands accerding to the sub-subbands
of the pass band part.

[0171]

To understand the above peoint, it is advantageous to raview
what relationship exists for a pair positive frequency and negative
frequency for the same signal component and their associated
subband indices.
re1727

As aforementioned, in the compiex OMF domain, a sinusocid
spectrum has both & positive and negative freguency. Specifically,
the sinusocidal spectrum has one out of those freguencies in the pass
band of one QMF subband and the other of the freguencies in the stop
band of an adjacent subband. Considering the QMF transform is an
oddiy-stacked transform, such a pair of signal components can be
Mustrated in FIG, 17.

0173]

FIG. 17 is a2 diagram showing the relationship between the pass
band component and stop band component for a sinusocidal in complex
QMF domain.

[0174]

Here, the grey area denotes the stop band of a subbanc. ror
an arbitrary sinusoid signal (in solid iine) on the pass band of a
subband, its aliasing part {in dashed line) is located in the stop band
of the adijacent subband {(the paired two freguency componeants are
associated by a line with double arrows).
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[0175]

A sinuscid signal with frequency fo as shown in (Eguation 17)

below.
[0176]
[Math 17]
. N
ng—gﬁwggim ql Jﬂ'
(21 ) L 2 (Equation 17)
10177]

The pass band component of the sinusoidal signal with the
above-described freauency fo resides on the k-th subband if (Equation
18) below is satisfied.

roi178]

Math 18]

iﬁﬁﬁ«w+wﬁ

it M (Equation 18)
1¢17¢7

In addition, its stop band component resides on the k™ -th
subband if (Eguation 19) beiow is satisfied.
F0180]
[Math 19]
B pkm (k+0.5) 7

k-1 it <
;m\ Y Ja M
E

F+05y . k+lhm
PR L ) S ) 2
] M Y,

(Equation 19

[cig1i]

I 2 subband is decomposed into 20 sub-subbands, the above
relation is elaborated with higher freguency resolution as shown in
FiG. 20 below,

327
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; J(k—i] for-—-g%stgf«.—lwhenkiseven;orfor%Sg%Q——iwhenkisodd
' Ea(;{H)@ for—QSq—<—%whenkiseven;orf0r05q<%whenkisodd

(Equation 20)

[0183]

Therefore, in the present embodiment, in order tc map the
sub-subbands on the stop band into HF subband, it is necessary to
associate them with the mapping results for those sub-subbands on
the pass band. The motivation of such operation is to make sure that
the frequency pairs for LF components are still in pair when they are
upwardly shifted into HF components.

[6184]

For this purpose, firstly, it is straight forward toc map the
sub-subbands on pass band into HF subband. By considering the
center freguencies of frequency scaled sub-subbands and the
freguency resolution of QMF transform, the mapping function can be
described by m(k,q) as shown in (Egquation 21) below,

(0185]

Math 21}
| e M
I’J?(JZCL;;,Q):] f;‘i;ak ' . ;
] py (Equation 21)
o186’
Her&; qz'—"Qf “Q+1;; -1 if kLF s Oddf or qmor j-_,..-; Q—l T k!“?

is even., Here, the coefficient shown in (Equation 22) below denotes
a rounding operation Lo obtain the nearest intecers of x tewards minus
infinity,

10187]

FMath 22]

m .
Lx] (Eguation 22)

(0188}
In addition, due to the upward scaling (t/2>1), it is possible
that one HF subband has a plural sub-subbands mapping sources.
- 35 -
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That is, it is possible that m{k,gi)=m{k,g:) or m{k;,g)=m{k:,q2).
Therefore, a HF subband could be a combination of multipie
sub-subbands of LF subbands, as shown in {(Eguation 233,

[0189]

[Math 23]
x pss (n’ kﬁr \) = Z }; M“ {\‘n}

ali mlh g gk (Equation 23)
(01907

Here, g=-0, —Q+1,.., —1if ki is odd, org=0, 1,..., Q=1 if k¢
s even,

[0191)]

Secondly, following the afore-mentioned relationship between
frequency pairs and subband indices, the mapping function for those
sub-subbands on stop band can be established as the foliowing.
gis2]

Considering a LF subband ki, the mapping functions of the
sub-subbands on its pass band are already decided by the 1°" step as:
mi{kis,—Q), mikes, ~Q+1),..., m(Kkes,~1) for the odd kir and m(ke,0),
mi{kee, 13,..., mikes,Q=-1) for the even k., then the pass band
associated stop band part can be mapped according to (Eguation 24)
below.

[0193]
FMath 24]
HlE v {mik,..q)~1 condition a
m‘k.j“;‘“"’q'ﬁmjnﬂ’k Lgj+1  otherwise - :
AU R ) (t:quatm{" Z’f‘)
[0194]

Here, ‘condition a’ refers to when ke s even and {Equation 25)
below is even, or when kir is odd and {Eguation 26) below is even.
101957
[Math 25]

|

| (q—l-@.ij;i

i 1
|
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[0196]
[Math 26]
(g+0.5)-1

t[“
¢ (Eguation 26)

101e7]

In addition, as described above, {Equation 27) beiow denotes &
rounding operation to obtain the nearest integers of x towards minus
infinity.
o1sg]

[Math 27] Lx] (Equation 27)

10199]
The resulting HF subband is the combination of all associated LF
sub-subbands, as shown in (Equation 28) below.
(062007
[Math 28]
)= Syl

ST Y = N . ,
sl g (Equation 28)

X

10201}

Here, g=-Q, —Q-+1,..., —1l ifkKriseven, org=0, 1,..., Q=1 1if k=
is odd.
(0202

In the end, ali mapping resuits on the pass band and stop band
are combined to form the HF subband, as shown in (Zguation 29)
betow,
(02037
[Math 287

xln k)= X (ke )+ % rop N

(Eguation 29)

[0204]
Note that the above pitch shifting method in QMF domain
benefits botn high freguency guality degradation and possible
- 38 -
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transient handling problem.
[0205]

Firstly, ali patches now have the same stretching factor, the
smaliest one, which greatly reduces the high freguency noises
(coming from those incorrect signat components generated during
time stretching). Secondly, all contribution sources for transient
degradation are avoided. Thatis, there is no time domain resampling
process; the same stretching factors are used for ali patches, which
inherently eliminated the possibility of misalignment.
r0206]

In addition, it should be noted that the present embodiment has
some downside at the freguency resclution. Note that due to
adopting sub-subband filtering, the frequency resolution is increased
from /M to I/(2Q-M), but it is still coarser than the fine frequency
resotution of time domain resampling (N/L). Nevertheless,
considering the human ear has less sensitivity to high freguency
signal component, the pitch shifted result produced by the present
embodiment is proved to be perceptually no different with that
prbduced by the resampling method.

19207

Apart from the above, comparing to the HBE scheme in the first
ambodiment, the HBE scheme in the present embodiment also
provides g bonus with further reduced computation amount, because
only one low order patch needs time stretching operation.

10208]

Again, such a computation amount reduction can be roughly
analyzed by only considering the computation amount contributed
from transforms.

[0209]

Following the assumptions in aforementioned computation
amount analysis, the transform computation amount involvad in the
HF spectrum generator in the present embodiment is approximated as
shown below.

[0210]
[Math 30]
- 30
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2. (2%1 fog, (2%)= 2. L-log,{L)

= (Egquation 30)

[0211]

Therefore, Table 1 can be updated as the foliowing.
(02127

[Table 2]
. Transform Transform

Harmanic )

computation computation .
patch ) , Computation

amount involvaed | amount involved _
number _ } R I amount ratios
o in HBE in present | in HABE in first

' embodiment - embodiment

3 20480 33335 £1.4%
4 20480 42551 48.1%
5 20480 | 49660 141.2%

Tab.2 Computation amount comparison between the HBE in the
present embodiment and the HBE scheme in the first embodiment

[0213]

The present invention is a new HBE technoiogy for low bit rate
audio coding. Using this technology, 2 wide-band signal can be
reconstructed based on a low freguency bandwidth signal by
generating its high frequency (HF) part via time stretching and
frequency extending the low frequency (LF) part in QMF domain.
Comparing to the prior art HBE technoiogy, the present invention
srovides comparable sound quality and much fower computation
count. Such a technology can be deployed in such applications as
mobile phone, teie-conferaencing, etc, where audio codec operates at a
low bit rate with iow computation amount.

102147

It should be noted that each of the function blocks in the biock
diagrams (Figs. 6, 7, 13, 14, and so on) are typically realized as an L51
which is an integrated circuit. The function blocks may be realized as
separate individual chips, or as a single chip to include a part or all
thereof,
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r0215]

Although an LSI is referred to here, there are instances where
the designations IC, system LSI, super LSI, ultra-L.SI are used due to
the difference in the degree of integration.

[6216]

In addition, the means for circuit integration is not limited to an
{ SI, and implementation with a dedicated circuit or a general-purpose
processor is also gvailable. It is also acceptable to use a Fisid
Programmable Gate Array (FPGA) that allows programming after the
LSI has been manufactured, and a reconfigurable processor in which
connections and settings of circuit cells within the LSl are
reconfigurabie.
r0217]

Furthermore, if integrated circuit technology that replaces LSI
appears through progress in semiconductor technoiogy or other
derived technology, that technoiogy can naturaily be used to carry out
integration of the function blocks.

[6218]

Furthermore, among the respective function blocks, the unit
which stores data to be coded or decoded may be made into a separate
structure without being inciuded in the single chip.

[Industrial Applicability]
r021¢%]

The present invention relates to a new harmonic bandwidth
extension (HBE) technology for fow bit rate audio coding, With the
technotlogy, & wide-band signal can be reconstructed based on a low
frequency bandwidth signal by generating its high frequency (HF) part
via time stretching and freguency-extending the low fraguency (LF)
part in QMF domain. Comparing to the prior art HBE technology, the
nresent invention provides comparable sound quaiity and much lower
computation amount. Such a technology can be depioyed in such
applications as mobile phones, teie-conferencing, etc, where audio
codec operates at 2 low bit rate with jow computation amount.
[Reference Signs List]
r0220]
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501-503, 602, 504, 605 Bandpass unit
504-506 Sampling unit
507-508, 601, 1404, 1505 OMF transform unit
510-512, 603 Phase vocoder

5 513-515, 608-610, 1407, 1505, 1508 Delay alignment unit
516, 611, 1410, 1511, 1512 Addition unit
606, 607 Freguency extension unit
1401, 1501 Demultipiex unit
1402, 1502 Decoding unit

10 1403 Time resarnpling unit
1405, 1504 Time-stretching unit
1406, 1508 T-F transform unit
1409, 1510 Inverse 7-F transform unit
1506 Pitch-shifting unit

15
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[CLAIMS]
[Claim 1]

A bandwidth extension method for producing a full bandwidth
signal from a low frequency bandwidth signal, said method comprising:

a first transform step of transforming the low freguency
bandwidth signal into a quadrature mirror filter bank (QMF) domain to
generate a first low frequency QMF spectrum;

a low order harmonic patch generation step of generating a low
order harmonic patch by time-stretching the low frequency bandwidth
signal in @ QMF domain,;

a high freguency generation step of (i) generating signals that
are pitch shifted, by applying different shift coefficients to the low order
harmonic patch, and (il) generating a high frequency QMF spectrum
from the signals;

a spectrum modification step of modifying the high frequency
OMF spectrum to satisfy high frequency enargy conditions; and

a full bandwidth generaticn step of generating the full bandwidth
signal by combining the modified high frequency QMF spectrum with
the first low frequency QMF spactrum.

[Claim 2]

The bandwidth extension method according to Claim 1,

wherein said low order harmonic patch generation step includes
a second transform step of transforming the low frequency bandwidth
signal into a second low frequency QMF spectrum, and

the second low frequency QMF spectrum has finer freguency
resglution than the first low frequency QMF spectrum.

[Claim 3]

The bandwidth extension method according to one of Claims 1
and 2,

wherein said high frequency generation step includes:

a patch generation step of bandpassing the low order harmonic
patch to generate bandpassed patches;

a high order generation step of mapping sach of the bandpassed
patches into high frequency to generate high order harmonic paiches;
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and

a sum-up step of summing up the high order harmonic patches
with the low order harmonic patch,

[Claim 4]

The bandwidth extension method according to Claim 3,

wherein said high order generation step includes:

a splitting step of splitting each GMF subband in each of the
bandpassed patches into multiple sub-subbands;

a mapping step of mapping the sub-subbands to high frequency
QMF subbands; and

a combining step of combining results of the sub-subband
mapping.

[Claim 5]

The bandwidth extension method according to Claim 4,

wherein said mapping step includes:

a division step of dividing the sub-subbands of sach of the QMF
subbands into a stop band part and a pass band part;

a frequency computation step of computing transposed center
frequencies of the sub-subbands on the pass band part with patch order
dependent factor; '

a first mapping step of mapping the sub-subbands on the pass
band part into high frequency QMF subbands according to the center
- frequencies; and

a second mapping step of mapping the sub-subbands on the
stop band part into high frequency QMF subbands according to the
sub-subbands of the pass band part.

[Claim 6]

A bandwidth extension apparatus that produces a full bandwidth
signal from a low frequency bandwidth signal, said bandwidth extension
apparatus comprising:

a first transform unit configured to transform the low freguency
bandwidth signai into a quadrature mirror filter bank {QMF) domain to
generate a first low frequency QMF spectrum;
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a low order harmonic patch generation unit configured to
generate a low order harmonic patch by time-stretching the low
frequency bandwidth signal in a QMF domain;

a high freguency generation unit configured to (i) generate

signals that are pitch shifted, by applying different shift coefficients to
" the low order harmonic patch, and (ii} genarate a high frequency QMF
spectrum from the signals;

a speactrum modification unit configured to modify the high
frequency QMF spectrum to satisfy high frequency energy conditions;
and

a full bandwidth generation unit configured to generate the full
bandwidth signal by combining the modified high freguency QMF
spectrum with the first low frequency QMF spactrum.

(Claim 7]

A program for producing a full bandwidth signal from a low
freguency bandwidth signal, said program causing a computer to
execute;

a first transform step of transforming the low frequency
bandwidth signal into a quadrature mirror filter bank (QMF) damain to
generate a first low frequency QMF spectrum;

a low order harmonic patch generation step of generating a low
order harmonic patch by time-stretching the low frequency bandwidth
signal in a8 QMF domain;

a high frequency generation step of (i) generating signals that
are pitch shifted, by applying different shift coefficiants to the low order
harmonic patch, and (if) generating a high frequency QMF spectrum
from the signals;

a spectrum modification step of modifying the high freguency
QMF spectrum to satisfy high freguency energy conditions; and

a full bandwidth generation step of generating the full bandwidth
signal by combining the modified high frequency QMF spectrum with
the first low frequency QMF spectrum,

[Claim 8]
An.integratad circuit that produces & full bandwidth signal from a
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low frequency bandwidth signal, said integrated circuit comprising:

a first transform unit configured to transform the low frequency
bandwidth signal into a quadrature mirror filter bank (QMF) domain to
generate a first low frequency QMFE spectrum;

a iow order harmonic patch generation unit configured to
generate a low order harmonic patch by time-stretching the low
frequency bandwidth signal in a QMF domain;

a high freguency generation unit configured to (i) generate
signals that are pitch shifted, by applying different shift coefficients to
the low order harmonic patch, and (l) generate a high frequency QMF
spectrum from the signals;

a spectrum modification unit configured to modify the high
frequency QMF spectrum to satisfy high frequency energy conditions;
and

a fuli bandwidth generation unit configured to generate the full
bandwidth signal by combining the modified high frequency QMF
spectrum with the first low frequency QMF spectrum,

[Claim 97

An audio decoding apparatus comprising:

a separation unit configured to separate a coded low frequency
bandwidth signal from coded information;

a decoding unit configured to decode the coded low frequency
bandwidth signal;

a transform unit configured to transform the low frequency
bandwidth signal genarated through the decoding by said decoding unit,
into a guadrature mirror filter bank (QMF) domain to generate a2 low
frequency QMF spectrum;

a low order harmonic patch generation unit configured to
generate a low order harmonic patch by time-stretching the low
frequency bandwidth signal in a QMF domain;

a high frequency generation unit configured to (i) generate
signals that are pitch shifted, by applving different shift coefficients to
the low order harmonic patch, and (ii) generate a high frequency QMF
spectrum from the signals;

a spectrum modification unit configured to modify the high
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frequency QMF spectrum to satisfy high frequency energy conditions;
a full bandwidth generation unit configured to generate the full
bandwidth signal by combining the modified high frequency QMF
spectrum with the low freguency QMF spectrum; and
an inverse transform unit configured to transform the full
bandwidth signal, from a guadrature mirror filter bank (QMF) domain
signal to a time domain signal.
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BANDWIDTH  EXTENSION METHOD, BANDWIDTH  EXTENSION
APPARATUS, PROGRAM, INTEGRATED CIRCUIT, AND AUDIO
DECODING APPARATUS

[ABSTRACT]

To provide a bandwidth extension method which allows reduction of
computation amount in bandwidth extension and suppression of
detarioration of qguality in the bandwidth to be extended. In the
bandwidth extension method: a low freguency bandwidth signal is
transformed into a QMF domain to generate a first iow freguency QMF
spectrum (S11); pitch-shifted signals are generated by applying
different shifting factors on the low frequency bandwidth signal (512);
a high frequency QMF spectrum is generated by time-stretching the
pitch-shifted signals in the QMF domain (S13); the high freguency
QMF spectrum is modified (514); and the modified high freguency
QMF spectrum is combined with the first low frequency QMF spectrum
(515).

Figure 6
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