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METHOD FOR VIRTUAL BASS SYNTHESIS

CROSS REFERENCE TO RELATED
APPLICATION

[0001] This is a continuation in part of U.S. patent applica-
tion Ser. No. 11/523,412, filed Sep. 19, 2006.

TECHNICAL FIELD

[0002] The present invention relates to a method for audio
synthesis, and particularly to a method for virtual bass syn-
thesis.

BACKGROUND OF THE INVENTION

[0003] Recently, to enjoy the audio/video entertainment
becomes more and more important in human life. Those
equipments, such as digital TV, MP3 player, handset, home
theater, etc., not only should provide the ordinary sound effect
functions, but also become more and more important to pro-
vide the additional special sound effect, and the performance
of virtual bass is one of the important subject.

[0004] The ordinary speaker could not have good perfor-
mance on the low frequency audio signal. In the past, in order
10 have the compact speaker or desktop multimedia speaker
presenting virtual bass effect, it should increase the gain of
low frequency signal, or add an additional virtual bass
speaker to attain the virtual bass effect. However, the previous
method will usually reduce the lifespan of the speaker due to
the nonlinear distortion and physical damage. And, with the
additional virtual bass speaker, it will have the defects of
larger volume and higher cost, so it is not practical.

[0005] US patent publication No. U.S. Pat. No. 5,930,373
describe a method for enhancing audio signal by adding mul-
tiple harmonics to simulate the low frequency. However, this
method will give inappropriate weights to each harmonic
signal, and cause the large distortion for the sound, and this
method for enhancing audio signal needs a lot of operations,
which causes the heavy loading to the processor.

SUMMARY OF INVENTION

[0006] The object of the present invention is to provide a
method for virtual bass synthesis, which could attain the
virtual bass effect on an ordinary speaker, protect the lifespan
of the speaker, reduce the cost, and reduce the operations
without causing distortion.

[0007] The present invention provides a method for virtual
bass synthesis, which includes the following steps:

[0008] first, passing an audio signal through a first low pass
filter to abstract a bass signal from the audio signal imple-
mented by a digital signal processor;

[0009] next, using amethod ofthe phase vocoder to execute
a modulation on the bass signal to generate a plurality of
harmonics;

[0010] then, referring to the equal-loudness contour to
adjust the weight for each of the plurality of harmonics by the
processor unit;

[0011] and, synthesizing these harmonics with the remain-
ing portions of the audio signal after abstraction of bass signal
according to the weight for each harmonic signal by the
digital signal processor, so as to generate a virtual bass audio
signal.

[0012] Moreover, the synthesis method in a preferred
embodiment according to the present invention further
includes the reduction of sampling frequency of the bass
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signal implemented by the digital signal processor to simplify
the modulation, and the increasing of sampling frequency of
the harmonics to pass through a second low pass filter to
remove the high frequency noise, and precisely synthesize the
harmonics and the remaining portions of the audio signal
after abstraction of bass signal to generate a virtual bass
audio, wherein the frequency of the audio signal for the bass
signal is within a range below 120 Hz.

[0013] Because the present invention uses multiple har-
monics to generate the bass with different weights, and
reduce the sampling frequency to reduce the operation struc-
ture, which could use the non-bass speaker, such as panel
speaker or ordinary low-end speaker, to attain the virtual
effect. Thus, the present invention could protect the lifespan
of the speaker and reduce the cost, and also reduce the opera-
tion without distortion.

[0014] The objects, features, advantages and others of the
present invention will become more apparent from the fol-
lowing detailed description in which reference is made to
some embodiments of the invention and the appended draw-
ings.

BRIEF DESCRIPTION OF DRAWINGS

[0015] The invention will be more clearly understood after
referring to the following detailed description read in con-
Jjunction with the drawings wherein:

[0016] FIG. 1 illustrates a system block diagram of the
method for virtual bass synthesis in an embodiment accord-
ing to the present invention;

[0017] FIG. 2 illustrates a frequency distribution diagram
of the method for virtual bass synthesis in an embodiment
according to the present invention;

[0018] FIG. 3 illustrates the equal-loudness contour;
[0019] FIG. 4 illustrates a down-frequency block diagram
of the method for virtual bass synthesis in another embodi-
ment according to the present invention;

[0020] FIG. 5 illustrates a frequency division diagram of
the method for virtual bass synthesis in another embodiment
according to the present invention;

[0021] FIG. 6 illustrates an up-frequency block diagram of
the method for virtual bass synthesis in another embodiment
according to the present invention; and,

[0022] FIG. 7 illustrates a flow diagram of the method for
virtual bass synthesis in an embodiment according to the
present invention.

DETAILED DESCRIPTION OF PREFERRED
EMBODIMENTS

[0023] Please refer to FIG. 1 together with FIG. 2. FIG. 1
illustrates a system block diagram of the method for virtual
bass synthesis in an embodiment according to the present
invention. FIG. 2 illustrates a frequency distribution diagram
of the method for virtual bass synthesis in an embodiment
according to the present invention. When the input audio
signal is a signal of 50 Hz and 130 Hz, the input audio signal
will be passed through a low pass filter 11 by a digital signal
processor 10 to attain a 50 Hz low frequency signal at the low
pass frequency band. The high pass frequency band is for 130
Hz signal. The frequency of the audio signal for bass signal is
within a range equal and below 120 Hz. The method uses the
phase vocoder 12 to attain a 50 Hz related harmonic sequence,
and modulate the bass signal into harmonics with frequencies
at 100 Hz, 150 Hz, 200 Hz, and 250 Hz. The phases of the
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harmonics should be the same as these of the original bass
signal to achieve the effect without distortion. The embodi-
ment is to generate the harmonics using 2-5 frequency mul-
tiples for the bass signal. However, the present invention is not
limited to use the 2-5 frequency multiples. The person skilled
in the art should understand to generate any integer frequency
multiple of harmonics for the bass signal according to the
design freedom. Specifically, in the preferred embodiment,
an Analog Devices SHARC 21161 DSP board is used as the
digital signal processor 10. However, those of skill in the art
will understand how to adapt the implementation described
hereinto other processor architecture such as the processor 10
may comprise a Motorola DSP 56654 manufactured by
MOTOROLA, INC. of Schaumburg, I11., a Texas Instruments
TMS 320VCSSIO manufactured by TEXAS INSTRU-
MENTS of Dallas, Tex., or other suitable digital signal pro-
Cessor.

[0024] FIG. 3 illustrates the equal-loudness contour.
Because the human ears will have different sensitivity to
different frequencies of sound, the loudness contour repre-
sents the curves from a statistical method from experiments
with equal loudness for different frequencies sensed by
human ears. Referring to FIG. 3, it shows the human ears have
less sensitivity to the lower frequency (smaller than 300 Hz)
and the higher frequency (larger than 10 KHz). And, each
curve is indicated with the sound level at 1 KHz. The unit for
loudness level 1s called the phon, and the phon equals to the
loudness level for each curve at 1 KHz (kilo Hertz). For
example, onan equal-loudness curve 201, the audio signal for
40 Hz and 90 dB is 50 phon, and the curve with higher
loudness is smoother. For the virtual bass in the embodiment,
it uses the concept of equal-loudness level to determine the
weight for each harmonic signal.

[0025] Making an example for the equal-loudness curve
201 with 20 phon in FIG. 3, the loudness level at 50 Hz is 55
dB, and the loudness level with the same loudness at 100 Hz
is 38 dB, the loudness level at 150 Hz is 30 dB, and the
loudness at 200 Hz is 24 dB, and so on. Thus, we could attain
the volume of two times, three times, four times and five times
of frequency multiples for 50 Hz relative to that volume at 50
Hz as the weight for each harmonic signal, and use the weight
for each harmonic signal to generate the virtual bass to
replace the bass. Finally, the method synthesizes each har-
monic signal with the portions of the original audio signal
higher than 120 Hz, so as to attain the audio signal equal to the
original audio signal.

[0026] FIG. 4 illustrates a down sampling block diagram of
the method for virtual bass synthesis in another embodiment
according to the present invention. The embodiment is differ-
ent from the previous embodiment for the reduction of opera-
tions. Normally, the sampling frequency for the audio signal
is 44.1 kHz. Because the frequency of the bass signal is very
low, it will have large repetitive operations on the bass signal
dataatthe 44.1 kHz sampling frequency. The present embodi-
ment reduces the original input audio signal to 1.6 kHz by the
digital signal processor, so as to reduce the sampling fre-
quency to reduce the data volume, and greatly reduce the
operations.

[0027] In FIG. 4, if the sampling frequency of the original
input audio signal x[n] is 44.1 KHz and the sampling period
is T, before the reduction of sampling frequency, in order to
abstract the bass signal, the original input audio signal should
first be passed through the low pass filter 301, in which the
gain for the low pass filter 301 is 1, and the stop period is ©/M.
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Thus, the characteristic of the low pass filter 301 will not
change the gain of the abstracted bass signal.

[0028] Furthermore, by considering the aliasing effect of
the bass signal and the sampling frequency, the low pass filter
301 could remove the high frequency portions to exhibit the
audio signal X[n] with the same sampling period at T. Mean-
while, because the frequency of the bass signal is below 120
Hz, it needs to use the frequency down-converter 302 to
reduce the sampling frequency of 44.1 KHz to 1.6 kHz for
preventing waste of too much operation. The audio signal
through the frequency down-converter 302 is Xd[n]=X[nM],
in which the sampling period is T'=MT. If the sampling fre-
quency is reduced from 44.1 KHz to 1.6 KHz, because the
four times of frequency multiple for the base signal in 120 Hz
is 480 Hz and a half of sampling frequency is the Nyquist
frequency, the 480 Hz did not exceed the Nyquist frequency,
and it will not exhibit the aliasing effect. Then, using the
phase vocoder to execute a modulation on the base signal, it
could generate the harmonics with the same phase, and with
the integer times of frequencies for the bass signal.

[0029] FIG. 5 illustrates a frequency division diagram for
the method of virtual bass synthesis in another embodiment
according to the present invention. When generating the low
frequency signal having the frequency below 120 Hz, in order
to more precisely attain a plurality of harmonics and the
associated weights, we have divided the low frequency signal
after frequency down-conversion into three frequency bands
in the frequency domain: 20 Hz~60 Hz, 60 Hz~90 Hz, and 90
Hz~120 Hz, and having the signals in the three frequency
bands generating several high frequency harmonics, respec-
tively. The reason for dividing frequency bands in a frequency
domain is that, for a signal below 60 Hz, its two frequency
multiples, or even three frequency multiples, are lower than
the 120 Hz ultra-low frequency. Thus, for the speaker, they are
the signals below the threshold frequency, so it must generate
several harmonics with higher frequencies to replace the two
frequency multiples and three frequency multiples of signals.
Thus, the method for dividing into three frequency bands in
the frequency domain and generating the corresponding high
frequency harmonics on the three frequency bands to attain
the corresponding weights could achieve more precisely bass
effect.

[0030] FIG. 6 illustrates an up-frequency block diagram in
the method for virtual bass synthesis in another embodiment
according to the present invention. The bass signal after
reducing sampling frequency will become the harmonics
after modulation, in which the harmonics will keep the same
sampling frequency at 1.6 kHz. At this time, it should use a
frequency up-converter 401 to increase the harmonics to the
original sampling frequency 44.1 kHz to be synthesized with
the original audio signal after removal of bass signal. The
sampling period for each harmonic signal x[n] is T. After
passing the frequency up-converter 401, the sampling fre-
quency will return to 44.1 kHz, and the sampling period for
the harmonic signal x,[n] will become T'=T/L, wherein the
signal in 44.1 kHz is suitable for playing on a PC (personal
computer) or DSP (digital signal processor). The harmonic
signal passing through the frequency up-converter 401 needs
to be passed through the low pass filter 402, in which the gain
of the low pass filter 402 is L, and the stop period is /L.
Because it will generate the high frequency portions after
raising frequency, it will need the low pass filter 402 to filter
out the high frequency portions to generate the up-frequency
signal x,[n], and keep the original sampling frequency; next,
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using the equal-loudness contour to attain the weight for each
harmonic signal; finally, synthesizing these harmonics and
the high frequency signal from the original audio signal pass-
ing the high pass filter based on the weight for each harmonic
signal for output, so as to completely achieve the virtual bass.
[0031] FIG. 7 illustrates a flow diagram of the method for
virtual bass synthesis in an embodiment according to the
present invention. The diagram of the method for virtual bass
synthesis includes the following steps: first, in Step S601,
passing an audio signal through a low pass filter to abstract a
bass signal for the audio signal; next, in Step S603, using the
phase vocoder to execute modulation on the bass signal to
generate a plurality of harmonics; then, in Step S605, refer-
ring to the equal-loudness contour to adjust the weight for
each of these harmonics; and, in Step S607, synthesizing the
harmonics with the remaining portions of the audio signal
after abstraction of bass signal to generate a virtual bass audio
signal.

[0032] Inasummary, in the method for virtual bass synthe-
sis according to the present invention, because of using inte-
ger multiples of harmonics to generate the virtual bass, by
reducing the sampling frequency to reduce the operations,
and keeping the phase of each harmonic the same as that of the
original audio signal to achieve a structure without distortion,
it could effectively attain the bass effect on an ordinary
speaker, such as panel speaker and ordinary low-end speaker.
Thus, the method could protect the lifespan of the speaker and
reduce the cost, and also reduce the operations without dis-
tortion.

[0033] Having illustrated and described the preferred
embodiments according to the present invention, those
skilled in the art should appreciate that these embodiments
did not limit the present invention, and numerous changes and
modifications may be made to these embodiments of the
prevent invention, and that such changes and modifications
may be made without departing from the scope and range of
the present invention. Therefore, the scope and range of the
present invention is defined by the appended claims.

EXPLANATION OF MAIN COMPONENTS

[0034] 10 Digital Signal Processor
[0035] 12 Phase vocoder
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[0036] 201~203 Equal-loudness contour

[0037] 11,301, 402, 502 Low Pass Filter

[0038] 302 Frequency down-converter

[0039] 401 Frequency up-converter

[0040] S601~S607 Steps of the method for virtual bass
synthesis
We claim:

1. A method for virtual bass synthesis, which comprises the
following steps:

passing an audio signal through a first low pass filter to

abstract a bass signal from the audio signal implemented
by a digital signal processor;

using a phase vocoder to execute a modulation on the bass

signal to generate a plurality of harmonics;

referring to a equal-loudness contour to adjust a weight for

each of the harmonics implemented by the digital signal
processor; and,

synthesizing the harmonics with remaining portions of the

audio signal after abstraction of bass signal according to
the weight for each harmonic signal by the digital signal
processor, so as to generate a virtual bass audio signal.

2. The method as claimed in claim 1, wherein a phase for
each of the harmonic signals is the same as a phase of the bass
signal abstracted from the audio signal by the digital signal
processor.

3. The method as claimed in claim 1, further comprises a
step of reducing a sampling frequency of the bass signal by
the digital signal processor to simplify the modulation, and
increasing the sampling frequency by the digital signal pro-
cessor for the harmonics to precisely synthesize the harmon-
ics with the remaining portions of the audio signal.

4. The method as claimed in claim 3, further comprises a
step of passing the harmonics with increased sampling fre-
quencies through a second low pass filter by the digital signal
processor to remove a high frequency noise.

5. The method as claimed in claim 1, wherein frequencies
of the harmonics are multiples of a frequency of the bass
signal.

6. The method as claimed in claim 1, wherein a frequency
for the audio signal of the bass signal is within a frequency
range equal to and below 120 Hz.
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