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(57) ABSTRACT

This 1mvention involves time-scale modification of audio
signals. In this mnvention the input audio signal 1s separated
into a plurality of frequency bands selected according to a
Bark scale where each frequency band has an extent depen-
dent upon human frequency perception via a filter bank.

(21) Appl. No.: 11/248,132 Time-scale modification 1s applied separately to the i1ndi-
vidual frequency bands. The thus modified signals are
(22) Filed: Oct. 12, 2005 recombined for output.
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TIME SCALE MODIFICATION OF AUDIO USING
BARK BANDS

TECHNICAL FIELD OF THE INVENTION

[0001] The technical field of this invention is digital audio
time scale modification.

BACKGROUND OF THE INVENTION

[0002] Time-scale modification (ITSM) is an emerging
topic 1n audio digital signal processing due to the advance of
low-cost, high-speed hardware that enables real-time pro-
cessing by portable devices. Possible applications include
intelligible sound in fast-forward play, real-time music
manipulation, foreign language training, etc. Most time
scale modification algorithms can be classified as either
frequency-domain time scale modification or time-domain
time scale modification. Frequency-domain time scale modi-
fication provides higher quality for polyphonic sounds,
while time-domain time scale modification 1s more suitable
for narrow-band signals such as voice. Time-domain time
scale modification 1s the natural choice 1n resource-limited
applications due to its lower computational cost.

[0003] The basic operation of time domain time-scale
modification 1s successively overlapping and adding audio
frames, where time scaling 1s achieved by changing the
spacing between them. It 1s known 1n the art to calculate the
exact overlap poimt based on a measure of similarity
between the signals to be overlapped. This measure of
similarity 1s generally based on cross-correlation.

[0004] Most time-domain time-scale modification algo-
rithms are derived from the synchronous overlap-and-add
method (SOLA). The synchronous overlap-and-add algo-
rithm and its variations are based on successive overlap and
addition of audio frames. For the overlap, the overlap point
1s adjusted by computing a measure of signal similarity
between the overlapping regions for each possible overlap
position, which 1s limited by a minimum and maximum
overlap points. The position of maximum similarity 1is
selected. The signal similarity measure can be represented as
a tull cross-correlation function or simplified versions. This
similarity calculation represents about 80% or more of the
total computation required by the algorithm.

[0005] Even though SOLA based methods represent an
attractive low-cost solution to the time-scale modification
problem, their limitation stands out 1n the case of polyphonic
music signals. Their intrinsic problem is that the audio signal
1s treated as a whole without consideration for 1ts individual
frequency components, so that the overlap point adjustment
based on signal similarity cannot simultaneously generate

smooth transitions for the multiple frequency components of
the signal.

[0006] A family of methods known as phase vocoder does
time-scale modification 1n the frequency domain. The input
signal 1s analyzed at equally spaced overlapping windowed
frames using a short-time discrete Founier transform. Next
the phase difference for spectral peaks 1s calculated. This
phase difference 1s the difference in phase between an input
phase and a time scale modified signal phase. An intrinsic
sinusoidal model 1s generally used. The frequency 1s repre-
sented by the sum £2, +w;, : where carrier 106, 1s 2tk/N; and
m., 1S an mstantaneous frequency modulator. This produces
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an estimate m., for each spectral line by obtaining the phase
difference between two consecutive analysis frames. Here, k
1s the spectral line and N 1s the size of the short-time discrete
Fourier transform. The process reconstructs an output signal
from the analyzed frames using a short-time 1mverse discrete
Fourier transform. The frames are overlapped by a difierent
overlap factor to achieve the desired time scaling. The
instantaneous frequency m., 1s used to calculate the phase
corresponding to each spectral line 1n the time shifted
instant.

[0007] Even though phase vocoders can potentially
achieve higher quality than time-domain methods, a severe
limitation 1s the large amount of computation required 1n the
forward and 1nverse discrete Fourier transforms and also 1n
the spectrum manipulation process. Practical implementa-
tions on fixed-point processors result 1n a computational cost
up to 10 times higher than time-domain time-scale modifi-
cation methods. In addition, maintaining phase coherence

between frames 1s not an easy task and can be the source of
artifacts.

SUMMARY OF THE INVENTION

[0008] This invention involves time-scale modification of
audio signals. In this mvention the put audio signal is
separated mnto a plurality of frequency bands selected
according to a Bark scale where each frequency band has an
extent dependent upon human frequency perception via a
filter bank. The human auditory system has a limited,
frequency-dependent resolution. The perceptually uniform
measure of frequency can be expressed in terms of the width
of the critical or Bark bands. It 1s less than 100 Hz at the
lowest audible frequencies, and more than 4 kHz at the high
end. The complete audio frequency range can be partitioned
into 25 critical, or Bark bands. Time-scale modification 1s
applied separately to these individual frequency bands. The
thus modified signals are then recombined for output.

BRIEF DESCRIPTION OF THE DRAWINGS

[0009] These and other aspects of this invention are 1illus-
trated in the drawings, in which:

[0010] FIG. 1 1s a block diagram of a digital audio system
to which this invention 1s applicable;

[0011] FIG. 2 is a flow chart illustrating the data process-
ing operations mvolved 1n time-scale modification employ-
ing the digital audio system of FIG. 1;

[0012] FIG. 3a illustrates the analysis step in the overlap
and add method of time scale modification according to the
prior art;

[0013] FIG. 35 illustrates the synthesis step in the overlap
and add method of time-scale modification according to the
prior art;

[0014] FIG. 4a illustrates the analysis step in synchronous
overlap and add method of time scale modification accord-
ing to the prior art;

[0015] FIG. 45 illustrates the synthesis step in the syn-
chronous overlap and add method of time-scale modification
according to the prior art;

[0016] FIG. 5 is a flow chart illustrating the steps in the
prior art phase vocoder time scale modification technique;
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[0017] FIG. 6 1s a view of several waveforms used in
explanation of this invention; and

[0018] FIG. 7 1s a process diagram illustrating the pro-
cesses of this invention.

DETAILED DESCRIPTION OF PR
EMBODIMENTS

L1
M

ERRED

[0019] FIG. 1 is a block diagram illustrating a system to
which this ivention 1s applicable. The preferred embodi-
ment 1s a DVD player or DVD player/recorder in which the
time scale modification of this invention 1s employed with
tast forward or slow motion video to provide audio syn-
chronized with the video in these modes.

[0020] System 100 received digital audio data on media
101 via media reader 103. In the preferred embodiment
media 101 1s a DVD optical disk and media reader 103 1s the
corresponding disk reader. It 1s feasible to apply this tech-
nique to other media and corresponding reader such as audio
CDs, removable magnetic disks (1.e. floppy disk), memory
cards or similar devices. Media reader 103 delivers digital
data corresponding to the desired audio to processor 120.

[0021] Processor 120 performs data processing operations
required of system 100 including the time scale modification
of this invention. Processor 120 may include two different
processors, microprocessor 121 and digital signal processor
123. Microprocessor 121 is preferably employed for control
functions such as data movement, responding to user input
and generating user output. Digital signal processor 123 is
preferably employed 1n data filtering and manipulation func-
tions such as the time scale modification of this invention. A

Texas Instruments digital signal processor Ifrom the
TMS320C5000 family 1s suitable for this invention.

10022] Processor 120 1s connected to several peripheral
devices. Processor 12Q) receives user inputs via input device
113. Input device 113 can be a keypad device, a set of push
buttons or a receiver for mput signals from remote control
111. Input device 113 receives user inputs which control the
operation of system 100. Processor 120 produces outputs via
display 115. Display 115 may be a set of LCD (liquid crystal
display) or LED (light emitting diode) indicators or an LCD
display screen. Display 115 provides user feedback regard-
ing the current operating condition of system 100 and may
also be used to produce prompts for operator inputs. As an
alternative for the case where system 100 1s a DVD player
or player/recorder connectable to a video display, system
100 may generate a display output using the attached video
display. Memory 117 preferably stores programs for control
of microprocessor 121 and digital signal processor 123,
constants needed during operation and intermediate data
being manipulated. Memory 117 can take many forms such
as read only memory, volatile read/write memory, nonvola-
tile read/write memory or magnetic memory such as fixed or
removable disks. Output 130 produces an output 131 of
system 100. In the case of a DVD player or player/recorder,
this output would be 1n the form of an audio/video signal
such as a composite video signal, separate audio signals and
video component signals and the like.

10023] FIG. 2 i1s a flow chart illustrating process 200
including the major processing functions of system 100.
Flow chart 200 begins with data mput at input block 201.
Data processing begins with an optional decryption function
(block 202) to decode encrypted data delivered from media
101. Data encryption would typically be used for control of
copying for theatrical movies delivered on DVD, {for
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example. System 100 1n conjunction with the data on media
101 determines 1f this 1s an authorized use and permits
decryption 1f the use 1s authorized.

[0024] The next step is optional decompression (block
203). Data 1s often delivered in a compressed format to save
memory space and transmit bandwidth. There are several
motion picture data compression techniques proposed by the
Motion Picture Experts Group (MPEG). These video com-
pression standards typically include audio compression stan-
dards such as MPEG Layer 3 commonly known as MP3.
There are other audio compression standards. The result of
decompression for the purposes of this invention 1s a
sampled data signal corresponding to the desired audio.
Audio CDs typically directly store the sampled audio data
and thus require no decompression.

[0025] The next step i1s audio processing (block 204).
System 100 will typically include audio data processing
other than the time scale modification of this invention. This
might 1include band equalization filtering, conversion
between the various surround sound formats and the like.
This other audio processing 1s not relevant to this invention
and will not be discussed further.

[0026] The next step i1s time scale modification (block
205). This time scale modification 1s the subject of this
invention and various techniques of the prior art and of this

invention will be described below 1n conjunction with FIGS.
3 to 6. Flow chart 200 ends with data output (block 206).

[10027] FIG. 3 illustrates this process. In FIG. 3(a), x(1) 1s
the analysis signals represented as a sequence with index 1.
Similarly, FIG. 3(b) i1llustrates synthesis signal y(1) having a
sequence 1ndex 1. The quantity N 1s the frame size. S, 1s the
analysis frame interval between consecutive frames f.
(where 1=1, 2 .. . ). Ss 1s the similar synthesis frame interval.
The relationship between the analysis frame interval S, and
the synthesis frame interval S_ sets the time scale modifica-
tion. The overlap-and-add time scale modification algorithm
1s simple and provides acceptable results for small time-
scale factors. In general this method yields poor quality

compared to other methods described below.

[0028] The synchronous overlap-and-add time scale modi-
fication algorithm 1s an improvement over the previous
overlap-and-add approach. Instead of using a fixed overlap
interval for synthesis, the overlap point 1s adjusted by
computing the normalized cross-correlation between the
overlapping regions for each possible overlap position
within minimum and maximum deviation values. The over-
lap position of maximum cross-correlation 1s selected. The
cross-correlation 1s calculated using the following formula,
where L, 1s the length of the overlapping window:

Ly -1 (1)
Z y|lmSs + k + i]|x|mSs + i]

(L1 L1 112

FIG. 4 illustrates the synchronous overlap-and-add time

scale modification algorithm. The same variables are used 1n

FIG. 4(a) for analysis as FIG. 3(a) and used n. FI1G. 4(d) for
synthesis as 1 3(»). In FIG. 4, k 1s the deviation of the
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overlap position, with k limited to the range between k__ .
and k____. Note that k=0 1s equivalent to the overlap-and-add
time scale modification algorithm illustrated 1n FIGS. 3 (a)
and 3 (). The synchronous overlap-and-add time scale
modification algorithm requires a large amount of compu-
tation to calculate the normalized cross-correlation used in
equation 1. The similarity computation can be reduced using
a more ellicient normalized cross-correlation formula or
another measure of signal similarity instead of equation 1.
Even such a reduced computation will still be the most
computation-expensive part of the algorithm. The following
discussion applies to whatever normalized cross-correlation
formula or measure of signal similarity 1s used. This com-
putation enables better phase matching for each overlapping

frame, thus improving the resulting sound quality.

10029] FIG. 5 1s a flow chart illustrating process 500
including the basic phase vocoder as known 1n the art. At
block 501 the mput signal 1s analyzed at equally spaced
overlapping windowed frames using a short-time discrete
Fourier transform. The resulting data describes short time
intervals of the audio data in the frequency domain. Next the
phase diflerence for spectral peaks 1s calculated (block 502).
This phase difference 1s the difference in phase between an
input phase and a time scale modified signal phase. Block
502 uses an intrinsic sinusoidal model where the frequency
1s represented by the sum €2, +wm,, : where carrier €2, 1s
2nk/N; and m, 1s an instantaneous frequency modulator.
Block 502 estimates m;, for each spectral line by obtaining
the phase difference between two consecutive analysis
frames. Here, k 1s the spectral line and N 1s the size of the
short-time discrete Fourier transiorm.

[0030] Process 500 reconstructs an output signal from the
analyzed frames using a short-time mnverse discrete Fourier
transform (block 503). The frames are overlapped by a
different overlap factor to achieve the desired time scaling.
The instantaneous frequency ;. 1s used to calculate the
phase corresponding to each spectral line 1n the time shifted
instant.

10031] Consider a simple signal consisting of non-har-
monically related frequencies, such as 1,=0.5 sin(x) and
f,=0.25 sin(v2x) and their sum f, illustrated in FIG. 6.
Because the signals 1; and 1, are not harmonically related,
any 1nstantancous relationship between their respective
phases will never be repeated exactly because a perfect
match would require an integer number of periods of both
signals. Thus a time-domain time-scale modification tech-
nique would try to find a close match within signal 13 but
there will always be some phase disruption when jumping to
a different location. This phase match problem causes arti-
facts for many time-domain time-scale modification tech-
niques. Now consider separating these components and
performing a similar operation on each signal individually.
In this case, there is little problem finding a perfect phase
match for each signal, though i1t will be at different locations.
Combining the resulting time-scaled signals produces an
artifact-free time-scaled whole. Unifortunately in the real
world, even narrow band signals do not repeat perfectly due
to changes 1n pitch and amplitude, and to interference among,
close frequencies. However analysis 1n separate frequency
bands gives each band great flexibility in finding the best
overlap point. This improves overall quality.

10032] FIG. 7 illustrates the filter bank time-scale modi-
fication method of this invention. Analysis filter bank 701
receives the mput audio and generates N band limited signal
in N respective frequency bands. The exact number and
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nature of these bands depends on the implementation and
can be varied to meet various requirements including quality
and computational complexity. The frequency bands are
selected based on a Bark scale partition of the spectrum
where each have about the same relevance in human per-
ception. Bark scale frequency bands are more complex
computationally but are better psychoacoustically. Analysis
filter bank 701 can be a set of band pass finite 1mpulse
response (FIR) filters. These are preferably designed so that
the bands could be simply summed 1n synthesis filter bank
702 to perfectly reconstruct the original signal. Each fre-
quency band may undergo some input processing (In band
blocks 711, 721 . . . 781). Next each frequency band 1s
subject to time-domain time-scale modification via the cor-
responding TSM unit 712, 722 . . . 782. Following optional
output processing (Out band blocks 713, 723 . . . 783),

synthesis filter bank 702 recombines the outputs.

[0033] Filters of this type were tested with a signal that
included both music and spoken English. The analysis filter
bank separated the signal into 25 frequency bands. To
simplity processing, these bands were not decimated. This
resulted 1n 25 times the amount of original data and 235 times
the time-scale modification computation. Two diflerent
time-domain time-scale modification techniques were
applied to these original bands individually before summing.
Listening tests showed that both time-domain time-scale
modification techniques produced excellent results. These
results were much better than employing the same time-
domain time-scale modification techniques applied to the
signal as a whole.

[0034] This filter bank time-scale modification method

may be particularly useful for MPEG audio subbands com-
pressed according to the MPEG Layver 3 standard commonly
known as MP3. These MP3 files are already divided into
Bark sub bands and decimated. This results 1n no data
increase so that the time-scale modification computation 1s
on the same order as needed for operating upon the original
signal as a whole.

[0035] The filter bank time-scale modification technique
of this invention 1s a fundamental approach that can be
applied in many ways. Some but not all of these ways
produce excellent results. There are no pre-defined con-
straints on the filter bank used nor on the time-scale modi-
fication method used within each frequency band. There 1s
no requirement that only time-domain time-scale modifica-
tion techmques be applied to individual bands. Frequency
domain time-scale modification or other techniques could
also be applied. There can be some relationship between the
time-scale modification methods between bands. There may
be communication between some or all of the bands when
determining the optimum overlap point, and this point may
be signal dependent. Diflerent time-scale modification tech-
niques may be applied to different bands. To apply filter
bank time-scale modification 1n a useful way, various design
issues must be considered such as the computational
resource available and desired level of quality. Psychoacous-
tic principles will control which implementations are suc-
cessiul and which are not.

What 1s claimed 1s:
1. A method of time-scale modification of a digital audio
signal comprising the steps of:

separating the digital audio signal into a plurality of
frequency bands selected according to a Bark scale
where each frequency band has an extent dependent
upon human frequency perception;
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separately time-scale moditying each of the plurality of
frequency bands producing corresponding time-scale
modified frequency band signals; and

combining the separate time-scale modified frequency
band signals.
2. The method of claim 1, wherein:

said step of separately time-scale moditying each of the
plurality of frequency bands includes time-domain
time-scale modification.

3. The method of claim 2, wherein:

said step of time-domain time-scale modification of each
frequency band includes

analyzing each frequency band 1n a set of first equally
spaced, overlapping time windows having a first
overlap amount S_,

selecting a base overlap Sy for output synthesis corre-
sponding to a desired time scale modification,

calculating a measure of similarity between overlap-
ping frames of each frequency band for a range of
overlaps between S_+k . to Sq+k___ of the single

audio signal, where k_. 1s a mimmum overlap
deviation and k____ 1s a maximum overlap deviation,

determining an overlap deviation k yielding the largest
measure of similarity for each frequency band,

synthesizing an output signal for each frequency band
in a set of second equally spaced, overlapping time
windows having a second overlap amount equal to
Sq+K.
4. The method of claim 1, wherein:

the digital audio signal consists of an MPEG Layer 3
compressed audio signal; and

said step of separating the digital audio signal mto a
plurality of frequency bands includes

decoding the MPEG Layer 3 compressed audio signal into
a plurality of decimated Bark subbands, and

employing the decimated subbands as the plurality of
frequency bands.
5. A digital audio apparatus comprising;

a source of a digital audio signal;

a digital signal processor connected to said source of a
digital audio signal programmed to perform time scale
modification on the digital audio signal by

separating the digital audio signal into a plurality of
frequency bands selected according to a Bark scale
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where each frequency band has an extent dependent
upon human frequency perception,

separately time-scale modily each of the plurality of
frequency bands producing corresponding time-
scale modified frequency band signals,

combining the separate time-scale modified frequency
band signals; and

an output device connected to the digital signal processor
for outputting the time scale modified digital audio

signal.
6. The digital audio apparatus of claim 5, wherein:

said digital signal processor 1s programmed to separately
time-scale modily each of the plurality of frequency
bands by time-domain time-scale modification.

7. The digital audio apparatus of claim 6, wherein:

said digital signal processor 1s programmed to time-
domain time-scale modily each frequency band by

analyzing each frequency band 1n a set of first equally
spaced, overlapping time windows having a first

overlap amount S_,

selecting a base overlap Ss for output synthesis corre-
sponding to a desired time scale modification,

calculating a measure of similarity between overlap-
ping {rames ol each frequency band for a range of
overlaps between So+k_ . to Sq+k _  of the single
audio signal, where k_. 1s a minimum overlap

deviation and k____ 1s a maximum overlap deviation,

determining an overlap deviation k yielding the largest
measure of similarity for each frequency band,

synthesizing an output signal for each frequency band
in a set of second equally spaced, overlapping time
windows having a second overlap amount equal to
Sq+K.

8. The digital audio apparatus of claim 5, wherein:

said source of a digital audio signal produces an MPEG
Layer 3 compressed audio signal; and

said digital signal processor 1s programmed to

decode saild MPEG Layer 3 compressed audio signal
into a plurality of decimated Bark subbands, and

employ the decimated subbands as the plurality of
frequency bands.
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