
1 METHOD AND SYSTEM FOR ENHANCING BASS EFFECT IN AUDIO  SIGNALS Field of
the Invention [0001] The present invention relates to a method and system
for enhancing bass  effect in audio signals. In particular, this invention
relates to a method and system  for enhancing bass effect of audio signals
using low complexity non-linear  saturating functions. Background of the
Invention [0002] There have been many methods proposed for enhancing
perception of bass  content of audio signals. These methods vary from
enhancing a certain band of  frequencies to using amplitude modulation.
Almost all of these methods are based  on either temporal theory or place
theory of pitch perception. [0003] One method of bass enhancement generates
consecutive harmonics for low  frequency content of audio signals. Harmonic
signals generated are modified  according to a psycho-acoustic model and
are output to the speakers. In this  method, loudness modeling of the ear
is used for adjusting amplitudes of the  harmonics to match amplitude of
the low frequency signal. [0004] Another method of bass enhancement
generates only even harmonics of the  lower frequencies and a band of
frequencies just above this bass frequency is  enhanced to give a better
bass effect. [0005] Yet another, is based on the amplitude modulation of a
carrier wave by the  low frequency content of the audio signal. There is
also a method based on  generating frequency components such that the
difference between adjacent partials  approximates the frequency of the low
frequency signal. 2 [0006] With advances in audio technology, audio systems
are now not only able to  



reproduce music but also provide various audio-modes to listeners for
listening to  effects they desire. These audio-modes are helpful in
creating musical effects the  listeners want on the output of their audio
systems. In some of these audio systems,  there are options provided for
specifically enhancing bass effect on the music. In  this mode the system
is expected to boost the bass frequency content of the system. [0007] Some
of the audio speakers of these audio systems are not able to reproduce  low
frequency spectrum efficiently. This is because of the limitation in size
and  other constraints of the audio speakers. As a result some of these
audio systems,  attenuate frequencies below 120 Hz. However, this
disadvantageously prevents  these audio systems from reproducing music
effectively. In particular, some  musical instruments examples of which
are: drums and pianos have frequency  components below 120 Hz. [0008]
Therefore, a need clearly exists for a method and system for enhancing bass
effect of audio signals that overcome the problems or at least alleviate
the  limitations of existing systems. Summary of the Invention [0009] The
present invention seeks to provide a method and system for enhancing  bass
effect in audio signals using low complexity non-linear saturating
functions. [0010] Accordingly, in one aspect, the present invention
provides a method for  enhancing bass effect of audio signals, the audio
signals having a first input channel  and a second input channel, the
method comprising the steps: extracting low  frequency components of the
first input channel and the second input channel  producing low frequency
components of the first input channel and the second  input channel;
passing the low frequency components of the first input channel  through a
sine wave transfer function to produce a first output signal; passing the 3
low frequency components of the second input channel through a cosine wave



transfer function to produce a second output signal; filtering the first
output signal  and the second output signal by a band pass filter to
produce a band filtered first  output signal and a band filtered second
output signal; adding the band filtered first  output signal to the first
input channel producing a resultant first output signal; and  adding the
band filtered second output signal to the second input channel producing  a
resultant second output signal; wherein the resultant first output signal
and the  resultant second output signal are input to stereo speakers.
[0011] In a second aspect, the present invention provides, a system for
enhancing  bass effect of audio signals, the audio signals having a first
input channel and a  second input channel, the system comprising: a low
pass filter for receiving the first  and second input channels for
extracting low frequency components of the first and  second input
channels; a sine function block for receiving low frequency  components of
the first input channel for producing a first output signal; a cosine
function block for receiving low frequency components of the first input
channel  for producing a second output signal; a band pass filter for
limiting the frequency  range of the first output signal and the second
output signal to a predetermined  frequency range for respectively
producing a band filtered first output signal and a  band filtered second
output signal; and a mixer for adding the band filtered first  output
signal to the first input channel; and a mixer for adding the band filtered
second output signal to the second input channel. [0012] In a third aspect,
the present invention provides, a method for enhancing  bass effect of
audio signals, the audio signals having a first input channel and a  second
input channel, the method comprising the steps: extracting low frequency
components of the first input channel and the second input channel
producing low  frequency components of the first input channel and the
second input channel;  mixing the low frequency components of the first
input channel together with the  low frequency components of the second
input channel to produce an initial audio  



stream; splitting the initial audio stream into a first audio stream and a
second audio  stream; passing the first audio stream through a sine wave
transfer function to 4 produce a first output signal; passing the second
audio stream through a cosine  wave transfer function to produce a second
output signal; filtering the first output  signal and the second output
signal by a band pass filter to produce a band filtered  first output
signal and a band filtered second output signal; adding the band filtered
first output signal to the first input channel producing a resultant first
output signal;  andadding the band filtered second output signal to the
second input channel  producing a resultant second output signal; wherein
the resultant first output signal  and the resultant second output signal
are input to stereo speakers. [0013] In a fourth aspect, the present
invention provides a system for enhancing  bass effect of audio signals,
the audio signals having a first input channel and a  second input channel,
the system comprising: a low pass filter for receiving the first  and
second input channels for extracting low frequency components of the first
and  second input channels; an initial block mixer for mixing the low
frequency  components of the first and second input channels producing an
initial audio  stream; a sine function block for receiving the initial
audio stream for producing a  first output signal; a cosine function block
for receiving the initial audio stream for  producing a second output
signal; a band pass filter for limiting the frequency range  of the first
output signal and the second output signal to a predetermined frequency
range for respectively producing a band filtered first output signal and a
band  filtered second output signal; and a mixer for adding the band
filtered first output  signal to the first input channel; and a mixer for
adding the band filtered second  output signal to the second input channel.
[0014] In a fifth aspect, the present invention provides a method for
enhancing bass  effect of audio signals, the audio signals having a first
input channel and a second  



input channel, the method comprising the steps: extracting low frequency
components of the first input channel and the second input channel
producing low  frequency components of the first input channel and the
second input channel;  mixing the low frequency components of the first
input channel together with the  low frequency components of the second
input channel to produce a down mixed  single audio stream; passing the
down mixed single audio stream through a 5 exponential transfer function to
produce an output signal; filtering the output signal  by a band pass
filter to produce a band filtered output signal; adding the band  filtered
output signal to the first input channel producing a first resultant output
signal; and adding the band filtered output signal to the second input
channel  producing a second resultant output signal; wherein the first and
second resultant  output signal are input to stereo speakers. [0015] Ina
sixth aspect, the present invention provides a system for enhancing bass
effect of audio signals, the audio signals having a first input channel and
a second  input channel, the system comprising: a low pass filter for
receiving the first and  second input channels for extracting low frequency
components of the first and  second input channels; a mixer for mixing the
low frequency components of the  first and second input channels producing
a down-mixed single audio stream; an  exponential block for receiving the
initial audio stream for producing a output  signal; a band pass filter for
limiting the frequency range of the output signal to a  predetermined
frequency range for respectively producing a band filtered output  signal;
and a mixer for adding the band filtered output signal to the first input
channel; and a mixer for adding the band filtered output signal to the
second input  channel. [0016] In a seventh aspect, the present invention
provides a method for enhancing  bass effect of audio signals, the audio
signals having a mono input channel, the  



method comprising the steps: extracting low pass frequencies of the mono
input  channel producing low frequency components of the mono input
channel; passing  the low frequency components of the mono input channel
through a exponential  transfer function to produce an output signal;
filtering the output signal by a band  pass filter to produce a band
filtered output signal; and adding the band filtered  output signal to the
mono input channel producing a resultant output signal;  wherein the
resultant output signal is input to mono speakers. [0017] In an eighth
aspect, the present invention provides a system for enhancing  bass effect
of audio signals, the audio signals having a mono input channel, the 6
system comprising: a low pass filter for receiving the mono input channel
for  extracting low frequency components of the mono input channel; an
exponential  block for receiving the low frequency components of the mono
input channel for  producing a output signal; a band pass filter for
limiting the frequency range of the  output signal to a predetermined
frequency range for producing a band filtered  output signal; and a mixer
for adding the band filtered output signal to the mono  input channel.
Brief Description of the Drawings [0018] Embodiments of the present
invention will now be more fully described, by  way of example, with
reference to the drawings of which: [0019] FIG. 1 illustrates a functional
block diagram of a system according to a first  embodiment; [0020] FIG.2
illustrates a functional block diagram of a system according to a  second
embodiment; [0021] FIG.3 illustrates a functional block diagram of a system
according to a third  embodiment; [0022] FIG.4 illustrates a functional
block diagram of a system according to a  



mono version of the third embodiment; [0023] FIG.5 illustrates a frequency
plot of an input signal having a 50 Hz  frequency component; [0024] FIG.6
illustrates a frequency domain plot of a resultant first output signal of
the first and second embodiment having an input as shown in FIG.5; 7
[0025] FIG.7 illustrates a frequency domain plot of a resultant second
output signal  of the first and second embodiment having an input as shown
in FIG.5; [0026] FIG.8 illustrates a frequency domain plot of an input
signal having a 50 Hz  and 70 Hz frequency component; [0027] FIG.9
illustrates a frequency domain plot of a resultant first output signal of
the first and second embodiment having an input as shown in FIG.8; [0028]
FIG. 10 illustrates a frequency domain plot of a resultant second output
signal of the first and second embodiment having an input as shown in
FIG.8; [0029] FIG.11 illustrates a frequency domain plot of an input signal
having 50Hz  and 75 Hz frequency components; and [0030] FIG. 12 illustrates
a frequency domain plot of a resultant output signal of the  third
embodiment having an input as shown in FIG. 11. Detailed Description [0031]
In the following description, details are provided to describe the
embodiments of the invention. It shall be apparent to one skilled in the
art,  however, that the embodiments may be practiced without such details.
Some of  these details may not be described at length so as not to obscure
the preferred  embodiments. [0032] The embodiments can be used to improve
the quality of music output from  audio systems by simulating the effect of
low frequency signals in the human ear.  This thus allows listeners to
perceive the lower frequencies signals, even though the  



speakers may be incapable of providing such low frequency outputs. The
embodiments provide simple methods for enhancing bass effect of audio
signals for 8  enhanced perception. The simple methods also result in the
processing of bass  content being computationally less intensive. [0033]
Certain concepts pertaining to human hearing are further discussed to
provide background regarding the embodiments. They are: temporal theory of
human hearing, phenomenon of missing fundamental and the directional
independence of low frequency components. Temporal Theory of Human hearing
[0034] The temporal theory of the human auditory system suggests that the
pitch of  a sound stimulus is related to the time pattern of the neural
impulses evoked by that  stimulus. Nerve firings tend to occur at a
particular phase of a stimulating  waveform. Thus, time intervals between
successive spikes approximate integer  multiples of the period of the
stimulating waveform. Pitch is thus related to the  time pattern of these
nerve impulses. The temporal theory only applies to low  frequencies and
cannot work for frequencies above 4000 or 5000 Hz. [0035] Thus when a
complex sound waveform is exposed to the human ear;  according to the
temporal theory, the human ear will be able to perceive sounds of
different pitches. These pitches might have been the result of interaction
of several  partials present in the complex sound signal. The pitch
associated with the  complex sound waveform would be the one to which
attention is most strongly  drawn by virtue of its loudness or of its
contrast with previous sounds. Non-Linear Saturation [0036] When an input
waveform is passed through a block which saturates the  input in a gradual
manner, an output waveform of this block will not only have the  original
frequency, but will also contain other frequency components. The  



frequency components present in the output waveform depends on the
frequencies 9  present in the input waveform and the configuration of the
saturating curve. The  non-linear curve does not treat the entire amplitude
range in a similar way. [0037] In other words, the gain of the curve
depends on the amplitude range of the  signal. Thus when an input waveform
is normalized and passed through a block  which does gradual saturation, it
is equivalent to passing the input  waverform  through a non-linear curve.
This results in an output waveform, which has other  frequency components
which are directly related to the frequencies present in the  input
waveform. Directional Independence Of Low Frequency Components [0038] Low
frequency components of music signals are found to have no  directionality.
This means that the direction from which the low frequency  components of
the music are coming from are not critical to the human ear. This is
likely due to the fact that human ears are separated by a relatively short
distance,  resulting in the inability of the human brain to distinguish the
direction from which  the low frequency sound is coming from. [0039] The
bass effect enhancement described in a first and second embodiment  are
based on the response of sine and cosine transfer functions and on the
directional independence of low frequency components. The human ear is
unable  to resolve directions from low frequency components. The bass
effect  enhancement described in a third embodiment is based on response of
a exponential  transfer function. 10 First Embodiment [0040] Referring to
FIG. 1, a system 10 for enhancing bass effect in audio signals in
accordance with a first embodiment is shown. The system 10 is basically  



applicable for stereo channels. During processing, the contents of the
stereo  channels are performed separately. This assumes that the low
frequency content in  both the stereo channels are not totally independent
of each other. [0041] The system 10 comprises low pass filters 18 for
extracting low pass  frequency components from a first input channel 15a
and a second input channel  16a. The two input channels being stereo
channels. The system 10 further  comprises a sine function block 20 and a
cosine function block 22, both of which  are coupled to band pass filters
18. The resulting output of the bandpass filters 18  are respectively added
to the first input channel 15a and the second input channel  16a via mixers
24. [0042] In operation, the method for enhancing bass effect in audio
signals of the  first embodiment starts with the step of extracting low
frequency components 15b  from the first input channel 15a using the low
pass filter 18. Next, the low- frequency components 15b of the first input
channel 15a are then passed through  the sine function block 20. The sine
function block 20 generates a first output  signal 15c, having frequencies
of which are dependent on the signal frequencies of  the first input
channel 15a. [0043] Next, the first output signal further 15c undergoes
filtering by a band pass  filter 19. The band pass filter limits the
frequency of harmonics from the first  output signal 15c to a predetermined
frequency range to produce a band filtered  first output signal 15d. The
band filtered first output signal 15d is then added to the  original
contents of the first input channel 15a via the mixer 24 producing a
resultant first output signal 15e. The resultant first output signal 15e is
then sent as  input to one of the stereo input channels of an audio
speaker. 11  [0044] The second input channel 16a is simultaneously and
similarly processed.  The method simultaneously extracts low pass frequency
components 16b from the  



second input channel 16a using the low pass filter 18. The low-frequency
components 16b of the second input channel 16a are then passed through the
cosine  function block 22. The cosine function block 22 generates a second
output signal  16c, having frequencies of which are based on the signal
frequencies of the second  input channel 16a. [0045] Next, the second
output signal further 16c undergoes filtering by the band  pass filter 19.
The band pass filter limits the frequencies present in the first output
signal 16c to a predetermined frequency range to produce a band filtered
second  output signal 16d. The band filtered second output signal 16d is
then added to the  original contents of the second input channel 16a via
the mixer 24 producing a  resultant second output signal 16e. The resultant
second output signal 16e is then  sent as input to one of the stereo input
channels of the audio speaker. [0046] In the method of the first
embodiment, the resultant first output signal 15e  will have the original
contents of the first input channel 15a together with the  filtered output
of the sine function block 20. The resultant second output signal 16e  will
have the original contents of the second input channel 16a of the input
audio  signal together with the filtered output of the cosine function
block 22. This results  in an enhancement the bass effect of the audio
signals. 12 Second Embodiment [0047] Referring to FIG.2  a system 30 for
enhancing bass effect in audio signals in  accordance with a second
embodiment is shown. The system 30 is basically  applicable for stereo
channels and the output of the processing is a two channel  audio output.
[0048] The system 30 similarly comprises low pass filters 18 for extracting
low  frequency components 15b, 16b from the first input channel 15a and the
second  input channel 16a. The two input channels being stereo channels.
The system 30  



further comprises an initial mixer block 19, a sine function block 20 and a
cosine  function block 22, both filters being coupled to the band pass
filters 18. The  resulting output of the bandpass filters 18 are
respectively added to the first input  channel 15a and the second input
channel 16a via mixers 24. [0049] In operation, the method for enhancing
bass effect in audio signals of the  second embodiment starts with the step
of extracting low pass frequency  components 15b, 16b from the first input
channel 15a and the second input channel  16a using the low pass filters
18. Next, the low-frequency components 15b of the  first input channel 15a
and the low frequency components 16b of the second input  channel 16a are
added together in the initial mixer block 19, producing an initial  audio
stream 17. [0050] The initial audio stream 17 is then split into a first
audio stream 17a and a  second audio stream 17b. [0051] The first audio
stream 17a is then passed through the sine function block 20.  The sine
function block 20 generates a first output signal 27a, the frequencies of
which are dependent on the signal frequency of the first input channel 15a.
[0052] The second audio stream 17b is then passed through the cosine
function  block 22. The cosine function block 22 generates a second output
signal 29a, 13  having frequencies of which are dependent on the signal
frequency of the first input  channel 16a. [0053] Next, the first output
signal further 27a undergoes filtering by a band pass  filter 19. The band
pass filter limits the frequency of harmonics from the first  output signal
27a to a predetermined frequency range to produce a band filtered  first
output signal 27b. The band filtered first output signal 27b is then added
to the  original contents of the first input channel 15a via the mixer 24
producing a  resultant first output signal 27c. The resultant first output
signal 27c is then sent as  



input to one of the stereo input channels of an audio speaker. [0054]
Simultaneously, the second output signal further 29a undergoes filtering by
a band pass filter 19. The band pass filter 19 limits the frequency of
harmonics  from the second output signal 29a to a predetermined frequency
range to produce a  band filtered second output signal 29b. The band
filtered first output signal 29b is  then added to the original contents of
the second input channel 16a via the mixer 24  producing a resultant second
output signal 29c. The resultant second output signal  29c is then sent as
input to one of the stereo input channels of the audio speaker. [0055] In
this method of the second embodiment, the resultant first output signal
27c will have the original contents of the first input channel 15a along
with the  filtered output of the sine function block 20. The resultant
second output signal 29c  will have the original contents of the second
input channel 16a of the input audio  signal along with the filtered output
of the cosine function block 22. [0056] In both the first and second
embodiment, the audio speakers will output the  resultant first output
signal 15e, 27c and the resultant second output signal 16e, 29c.  Since the
human ear is unable to distinguish the direction from which the low
frequencies signals come from. The combination of the resultant first
output signal  15e, 27c and the resultant second output signal 16e, 29c
will provide an  enhancement to the bass effect of the audio signals. 14
Third Embodiment [0057] The system and method of the third embodiment is
utilizes the fact that a  multiple tone wave passed through an exponential
transfer function results in an  output wave having multiple frequencies,
which are multiples of input frequencies  as well as sum and difference
components of the input sinusoidal frequencies and  its harmonics. The
combined effect of all these frequencies will give the same  acoustical
effect as the original input wave to the system. 



[0058] The bass effect enhancement method of the third embodiment may be
applied on both mono as well as stereo input signals. The third embodiment
involves low pass filtering, passing through an exponential transfer
function to  generate harmonic frequencies and sum and difference
frequencies. A band pass  filter is also used to limit the range of the
frequency components. [0059] Referring to FIG.3 , the system 60 of the
third embodiment comprises low  pass filters 18 for extracting low pass
frequencies from a first input channel 15a and  a second input channel 16a.
The two input channels being stereo channels. The  system 60 further
comprises mixers 24 and an exponential function block 30, which  is coupled
to a band pass filter 19. The resulting output of the bandpass filter 19 is
split and added to the first input channel 15a and the second input channel
16a via  the mixers 24. [0060] In operation, the method for enhancing bass
effect in audio signals of the  third embodiment starts with the step of
extracting low frequency components 15b,  16b from the first input channel
15a and the second input channel 16a using the low  pass filters 18. Next,
the low-frequency components 15b of the first input channel  15a and the
low frequency components 16b of the second input channel 16a are  added
together in a mixer 24, producing a down-mixed single audio stream 31. 15
[0061] Afterwhich, the step of passing the down-mixed single audio stream
31  through the exponential function block 30 is performed to generate an
output signal  33. [0062] Next, the output signal 33 undergoes filtering by
a band pass filter 19. The  band pass filter limits the frequency from the
output signal 33 to a predetermined  frequency range to produce a band
filtered output signal 35. The band filtered  output signal 35 is then
split into a first band filtered output signal 35a and a second  band
filtered output signal 35b. 



[0063] The first band filtered output signal 35a is added to the original
contents of  the first input channel 15a via a mixer 24 producing a first
resultant output signal  36. The second band filtered output signal 35b is
added to the original contents of  the second input channel 16a via a mixer
24 producing a second resultant output  signal 37. [0064] The first
resultant output signal 36 and the second resultant output signal 37  are
then sent as input to the stereo input channels of audio speakers. [0065]
Referring to FIG.4, the system 60 and method of the third embodiment may
be easily adapted for catering to mono input of audio signals. The system
60a for  mono input of audio signals in accordance with the third
embodiment comprises a  single mono input channel 13a, the exponential
function block 30 coupled to the  low pass filter 18 and the band pass
filter 19. [0066] In operation, the method for enhancing bass effect in
audio signals for mono  input in accordance with the third embodiment
starts with the step of extracting low  frequency components 13b from the
mono input channel 13a using the low pass  filter 18. 16 [0067] Afterwhich,
the step of passing the low frequency components 13b from the  mono input
channel 13a through the exponential function block 30 is performed to
generate an output signal 13c. [0068] Next, the output signal 13c undergoes
filtering by the band pass filter 19.  The band pass filter 19 limits the
frequency from the output signal 13c to a  predetermined frequency range to
produce a band filtered output signal 13d. [0069] The band filtered output
signal 13d is then added to the original contents of  the mono input
channel 13a via mixer 24 producing a resultant output signal 13e. [0070]
The resultant output signal 13e is then sent as input to a mono input
channel  of audio speakers. 



Sine Function Block [0071] The Sine function block 20 transforms the input
by passing it through a sine  wave transfer function. The input to this
block are the outputs of the low pass filter  18 and hence consists of only
low frequency components of the audio signal.  When the low frequency
components of the audio signal are passed through this  sine function block
20, the output of the sine wave transfer function will have  frequency
components which are directly related to the input frequency  components.
y(i) = sin(x(i)) Eqn.1 Where,  x is the input signal which is normalized  y
is the output normalized signal. 17  [0072] Eqn.1 given above shows the
sine wave transfer function present in this  block. The output vector y is
basically derived after passing the input vector x  through a non linear
sine wave transfer function. Cosine Function Block [0073] The Cosine
function block 22 transforms input by passing it through a  cosine wave
transfer function. The input to this block is the output of the low pass
filter 18 and will consist of only low frequency components of the audio
signal.  When the low frequency components are passed through this cosine
wave function  block 22, the output of the cosine transfer function will
have frequency components  which are directly related to the input
frequency components.. y(i)  = cos(x(i))  Eqn.2 [0074] Eqn.2 given above
shows the transfer function present in this block. The  output vector y is
basically derived after passing the input vector x through a non  



linear cosine wave transfer function. Exponential Function Block [0075] The
Exponential function block 30 transforms input by passing it through a
exponentially curved transfer function. The input to this block 30 is the
output of  the low pass filter 18 and hence it consists of only low
frequency components of  the audio signal. When the low frequency
components of the audio signal are  passed through this exponential
function block 30, the output of this block will  have new frequency
components which are directly related to the input frequency  components..
y(i) = exp(x(i)) Eqn.3 18  [0076] Eqn.3 given above shows the transfer
function present in this block. The  output vector y is basically derived
after passing the input vector x through a non  linear exponentially
saturating transfer function. Initial Mixer Block [0077] The initial mixer
block 19 is responsible for mixing of the contents of the  first input
channel 15a and the second input channel 16a in the second embodiment.  The
initial mixer block 19 allows a user to control the percentage of the
content of  each input channel 15a, 16a in the resultant output signals
15e, 16e. The initial  mixer block 19 mixes the contents of the two input
channels 15a, 16a weighted by  weights wl and w2 as specified by the user.
Eqn.4 given below specifies how the  mixer channel output is obtained. q(i)
= wl * 1(i) + w2 * r(i) Eqn.4 Where  1(i) is the content in audio channel 1
r(i) is the content in audio channel 2 w 1 and w2 are the user specified
scaling factors subjected to the constraint 



and where wl + w2 =1 Eqn.5 [0078] Simulations and Results [0079] A first
simulation was performed using a simple 50 Hz sine wave as input to  both
input channels 15a, 16a of the system 10, 30 of the first and second
embodiment. Referring to FIG.5, a frequency domain plot of the input
waveform is  shown. Referring to FIG.6 and FIG.7 the frequency domain plots
of the resultant  output waveforms of the system 10, 30 for the resultant
first output signal 15e, 27c  and the resultant second output signal 16e,
29c are shown respectively. 19 [0080] Referring to FIG.5,  the input
waveform has only one component at 50 Hz.  Referring to FIG.6, the
resultant first output signal 15e, 27c comprises the original  signal
component at 50 Hz and the 2"d, 4" and 6"' harmonics (even) of the input
waveform. [0081] Referring to FIG.7, the resultant second output signal
16e, 29c comprises of  the original signal component at 50 Hz and the 3rd,
5th and 7th harmonics (odd) of  the input waveform. [0082] A second
simulation was performed using an input waveform containing  frequency
components at 50 and 70 Hz as shown in FIG.8. Referring to FIG.9, the
resultant first output signal 15e, 27c comprises the original signal
component at 50  Hz and 70 Hz together with frequency components at 100,
120, 140, 160, 220, 140  and 160 Hz. [0083] Referring to FIG.10, the
resultant second output signal 15e, 27c comprises  the original signal
component at 50 Hz and 70 Hz together with frequency  components at 150,
170, 190, 210, 290 and 310 Hz. [0084] A third simulation was performed
using an input audio signal having  



frequency components at 50 Hz and 75 Hz for input into the system 60, 60a
in  accordance with the third embodiment. [0085] Referring to FIG. 11, a
frequency domain plot of the input audio signal is  shown. Referring to
FIG.6 and FIG.7 the frequency domain plots of the resultant  output
waveforms of the system 10, 30 for the resultant first output signal 15e,
27c  and the resultant second output signal 16e, 29c are shown
respectively. [0086] When this input audio signal is input to the
exponential function block 30,  the output of the block is as shown in FIG.
12. It can be seen that the output has  frequency components at 100 Hz
(Harmonic of 50 Hz), 125 Hz (75 + 50 Hz), 150 20  Hz (Harmonic of 75 Hz),
25 Hz (75 - 50 Hz) and the original frequency  components at 50 Hz and 75
Hz.. [0087] It can be seen that in response to the input signal which
consisted of 2  sinusoidal frequencies, the output comprises sinusoidal
frequencies at 25 Hz, 50  Hz, 75 Hz, 100 Hz, 125 Hz, 150 Hz and 175 Hz.
[0088] It will be appreciated that although the embodiments have been
described in  detail, various modifications and improvements can be made by
a person skilled in  the art without departing from the scope of the
present invention. [0089] Some additional modifications for further
improving on the described  embodiments are for example: adding high pass
filters to the systems 10, 30, 60,  60a to extract high frequency
components of the input channels 15a, 16a, 13a  before adding them to the
band filtered output signals 15d, 16d, 27b, 29b, 35a, 35b,  13d to thereby
produce the resultant output signals 15e, 16e, 27c, 29c, 36, 37, 24. [0090]
Another example is: adding an attenuator to attenuate the low frequency
components 15b, 16b, 13b of the input channels 15a, 16a, 13a before further
processing. 21 



Claims 1. A method for enhancing bass effect in audio signals, the audio
signals having a first  input channel and a second input channel, the
method comprising the steps: a. extracting low frequency components of the
first input channel and the  second input channel producing low frequency
components of the first input  channel and the second input channel; b.
passing the low frequency components of the first input channel through a
sine wave transfer function to produce a first output signal; c. passing
the low frequency components of the second input channel through  a cosine
wave transfer function to produce a second output signal; d. filtering the
first output signal and the second output signal by a band pass  filter to
produce a band filtered first output signal and a band filtered second
output signal; e. adding the band filtered first output signal to the first
input channel  producing a resultant first output signal; and f. adding the
band filtered second output signal to the second input channel  producing a
resultant second output signal; wherein the resultant first output signal
and the resultant second output signal are input to  stereo speakers. 2.
The method of claim 1, wherein step d. the first output signal and the
second output  signal are limited to a predetermined frequency range. 3.
The method of claim 1, wherein the sine wave transfer function is
represented by:  y(i) = sin(x(i)) where,  x is the input signal which is
normalized; and  y is the output normalized signal. 22  



4. The method of claim 1, wherein the cosine wave transfer function is
represented  by: y(i) = cos(x(i))  where,  x is the input signal which is
normalized; and  y is the output normalized signal. 5. The method of claim
1, wherein step e. further comprises extracting high frequency  components
of the first input channel and adding the high frequency components to the
band filtered first output signal. 6. The method of claim 1, wherein step
f. further comprises extracting high frequency  components of the second
input channel and the adding the high frequency components to  the band
filtered second output signal. 7. The method of claim 1, wherein step a.
further comprises attenuating the low  frequency components of the first
input channel and the second input channel. 8. A system for enhancing bass
effect in audio signals, the audio signals having a first  input channel
and a second input channel, the system comprising: a low pass filter for
receiving the first and second input channels for extracting low  frequency
components of the first and second input channels; a sine function block
for receiving low frequency components of the first input  channel for
producing a first output signal; a cosine function block for receiving low
frequency components of the first input  channel for producing a second
output signal; a band pass filter for limiting the frequency range of the
first output signal and the  second output signal to a predetermined
frequency range for respectively producing  a band filtered first output
signal and a band filtered second output signal; and a mixer for adding the
band filtered first output signal to the first input channel; and  a mixer
for adding the band filtered second output signal to the second input  



channel. 23 9. The system of claim 8, further comprising a high pass filter
for extracting high  frequency components of the first input channel and
the second input channel before  adding to the band filtered first output
signal and the band filtered second output signal. 10. The system of claim
8, further comprising an attenuator for attenuating the low  frequency
components of the first input channel and the second input channel. 11. A
method for enhancing bass effect in audio signals, the audio signals having
a first  input channel and a second input channel, the method comprising
the steps: a. extracting low frequency components of the first input
channel and the  second input channel producing low frequency components of
the first input  channel and the second input channel; b. mixing the low
frequency components of the first input channel together  with the low
frequency components of the second input channel to produce  an initial
audio stream; c. splitting the initial audio stream into a first audio
stream and a second audio  stream; d. passing the first audio stream
through a sine wave transfer function to  produce a first output signal; e.
passing the second audio stream through a cosine wave transfer function to
produce a second output signal; f. filtering the first output signal and
the second output signal by a band pass  filter to produce a band filtered
first output signal and a band filtered second  output signal; g. adding
the band filtered first output signal to the first input channel  producing
a resultant first output signal; and h. adding the band filtered second
output signal to the second input channel  



producing a resultant second output signal; wherein the resultant first
output signal and the resultant second output signal are input to  stereo
speakers. 24 12. The method of claim 11, wherein step f. the first output
signal and the second  output signal are limited to a predetermined
frequency range. 13. The method of claim 11, wherein the sine wave transfer
function is represented by:  y(i) = sin(x(i)) where,  x is the input signal
which is normalized; and  y is the output normalized signal. 14. The method
of claim 11, wherein the cosine wave transfer function is represented  by:
y(i) = cos(x(i))  where,  x is the input signal which is normalized; and  y
is the output normalized signal. 15. The method of claim 11, wherein step
g. further comprises extracting high  frequency components of the first
input channel and adding the high frequency  components to the band
filtered first output signal. 16. The method of claim 11, wherein step h.
further comprises extracting high  frequency components of the second input
channel and adding the high frequency  components to the band filtered
second output signal. 17. The method of claim 11, wherein step a. further
comprises attenuating the low  frequency components of the first input
channel and the second input channel. 18. A system for enhancing bass
effect in audio signals, the audio signals having a first  input channel
and a second input channel, the system comprising: 



a low pass filter for receiving the first and second input channels for
extracting low  frequency components of the first and second input
channels; an initial block mixer for mixing the low frequency components of
the first and  second input channels producing an initial audio stream; 25
a sine function block for receiving the initial audio stream for producing
a first  output signal; a cosine function block for receiving the initial
audio stream for producing a second  output signal; a band pass filter for
limiting the frequency range of the first output signal and the  second
output signal to a predetermined frequency range for respectively producing
a band filtered first output signal and a band filtered second output
signal; and a mixer for adding the band filtered first output signal to the
first input channel; and  a mixer for adding the band filtered second
output signal to the second input  channel. 19. The system of claim 18,
further comprising a high pass filter for extracting high  frequency
components of the first input channel and the second input channel before
adding to the band filtered first output signal and the band filtered
second output signal. 20. The system of claim 18, further comprising an
attenuator for attenuating the low  frequency components of the first input
channel and the second input channel. 21. A method for enhancing bass
effect in audio signals, the audio signals having a first  input channel
and a second input channel, the method comprising the steps: a. extracting
low frequency components of the first input channel and the  second input
channel producing low frequency components of the first input  channel and
the second input channel; b. mixing the low frequency components of the
first input channel together  with the low frequency components of the
second input channel to produce  



a down mixed single audio stream; c. passing the down mixed single audio
stream through a exponential transfer  function to produce an output
signal; d. filtering the output signal by a band pass filter to produce a
band filtered  output signal; e. adding the band filtered output signal to
the first input channel producing a  first resultant output signal; and 26
f. adding the band filtered output signal to the second input channel
producing  a second resultant output signal; wherein the first and second
resultant output signal are input to stereo speakers. 22. The method of
claim 21, wherein step d. the first output signal and the second  output
signal are limited to a predetermined frequency range. 23. The method of
claim 21, wherein the exponential transfer function is represented  by:
y(i) = exp(x(i)) where,  x is the input signal which is normalized; and  y
is the output normalized signal. 24. The method of claim 21, wherein step
e. further comprises extracting high  frequency components of the first
input channel and adding the high frequency  components to the band
filtered output signal. 25. The method of claim 21, wherein step f. further
comprises extracting high  frequency components of the second input channel
and adding the high frequency  components to the band filtered output
signal. 26. The method of claim 21, wherein step a. further comprises
attenuating the low  frequency components of the first input channel and
the second input channel. 



27. A system for enhancing bass effect in audio signals, the audio signals
having a first  input channel and a second input channel, the system
comprising: a low pass filter for receiving the first and second input
channels for extracting low  frequency components of the first and second
input channels; a mixer for mixing the low frequency components of the
first and second input  channels producing a down-mixed single audio
stream; 27 an exponential block for receiving the initial audio stream for
producing a output  signal; a band pass filter for limiting the frequency
range of the output signal to a  predetermined frequency range for
respectively producing a band filtered output  signal; and a mixer for
adding the band filtered output signal to the first input channel; and  a
mixer for adding the band filtered output signal to the second input
channel. 28. The system of claim 27, further comprising a high pass filter
for extracting high  frequency components of the first input channel and
the second input channel before  adding to the band filtered output signal.
29. The system of claim 27, further comprising an attenuator for
attenuating the low  frequency components of the first input channel and
the second input channel. 30. A method for enhancing bass effect in audio
signals, the audio signals having a  mono input channel, the method
comprising the steps: a. extracting low pass frequencies of the mono input
channel producing low  frequency components of the mono input channel; b.
passing the low frequency components of the mono input channel through a
exponential transfer function to produce an output signal; c. filtering the
output signal by a band pass filter to produce a band filtered  output
signal; and 



d. adding the band filtered output signal to the mono input channel
producing  a resultant output signal; wherein the resultant output signal
is input to mono speakers. 31. The method of claim 30, wherein step c. the
output signal is limited to a  predetermined frequency range. 32. The
method of claim 30, wherein the exponential transfer function is
represented  by: 28 y(i) = exp(x(i)) where,  x is the input signal which is
normalized; and  y is the output normalized signal. 33. The method of claim
30, wherein step d. further comprises extracting high  frequency components
of the mono input channel and adding the high frequency  components to the
band filtered output signal. 34. The method of claim 30, wherein step a.
further comprises attenuating the low  frequency components of the mono
input channel. 35. A system for enhancing bass effect in audio signals, the
audio signals having a  mono input channel, the system comprising: a low
pass filter for receiving the mono input channel for extracting low
frequency  components of the mono input channel; an exponential block for
receiving the low frequency components of the mono  input channel for
producing a output signal; a band pass filter for limiting the frequency
range of the output signal to a  predetermined frequency range for
producing a band filtered output signal; and a mixer for adding the band
filtered output signal to the mono input channel. 36. The system of claim
35, further comprising a high pass filter for extracting high  



frequency components of the mono input channel before adding to the band
filtered output  signal. 37. The system of claim 35, further comprising an
attenuator for attenuating the low  frequency components of the mono input
channel. 


