1 METHOD AND SYSTEM FOR ENHANCI NG BASS EFFECT IN AUDI O SIGNALS Field of
the I nvention [0001] The present invention relates to a nethod 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 |l ow conplexity non-linear saturating functions. Background of the
| nventi on [0002] There have been many ftet hods proposed for enhancing
perception of bass content of audio signals. These nmethods vary from
enhancing a certain band of frequencies to using anplitude nodul ati on.
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theory of pitch perception. [0003] $HeNA®Shod of bass enhancenent generates
consecutive harnmonics for low frequency content of audio signals. Harnonic
signals generated are nodified according to a psycho-acoustic nodel and
are output to the speakers. In this nethod, |oudness nodeling of the ear
is used for.adjusting.anplitudes of the harnonics to match anplitude of
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the | ow fI€ DYEHIPY . [0004] Another nethod of bass enhancenent
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frequenci es just above this bass frequency is enhanced to give a better
bass effect. ¢ifeds) andie sighalshér paitisulendbid ioventiperedatpd iotamethod@od aystem of a
carrier wave | fregyency. content of t.he .audio sjignal. There is
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di fference betagatingflinaéent partials approximates the frequency of the | ow
frequency signal. 2 [0006] Wth advances in audi o technol ogy, audi o systens
are now not only able to

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.




reproduce nusic but also provide various audi o-nodes to listeners for
listening to effects they desire. These audi o-nodes are hel pful in
creating musical effects the |listeners want on the output of their audio
systens. In sone of these audio systens, there are options provided for
specifically enhancing bass effect on the nmusic. In this node the system
is expected to boost the bass frequencg content of the system [0007] Sone
of the audi o speakers of these audio systens are not able to reproduce | ow
frequency spectrumefficiently. This is because of the limtation in size

and other co ai,nt.s of the audiq eakers. .As a result sone of .these
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effectively. In particular, sone nusical instrunments exanples of ich
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Therefore, a d clearly,exist r. a t hod and syst f or enhanci ng bass
effect of audhgosrananior hEougyEet Bie e TRmR bR A aufSIRELES, o
the linitatigis 8 @ioss bReidedstor BecifRalyntaing basslofeendd #e hehoIh The
present invention seeks to provide a nethod and system for enhancing bass
ef fect in audfs Bpodntesysiemigexnepicd dorppesk theybaspiiequenesagonient of teeiskigjem.
functions. [0010] Accordingly, in one aspect, the present invention

provi des a nethod for enhancing bass effect of audio signals, the audio
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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




transfer function to produce a second output signal; filtering the first

out put signal and the second output signal by a band pass filter to
produce a band filtered first output signal and a band filtered second

out put signal; adding the band filtered first output signal to the first

i nput channel producing a resultant first output signal; and adding the
band filtered second output signal to 8he second input channel producing a
resul tant second output signal; wherein the resultant first output signal
and the resulavalfiteqsaeynonmqponpots ofi thaakecardeinpnipciiannel tireughoa spsak evaye

[0011] In a second aspect, the present invention_provides, a system for
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channel for producing a second output signal; a band pass filter for
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out put signal; and a m xer for adding the band filtered first output
signal to the first input _channel; and a m xer for _addi ng[ the band filtered
second out put [081gnk 2 s¢ropd @srest dhe PresenitnAR @rovidespa system far emjapgingspect
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audi o signals, the audio sig aving a-tirst put c and a second
i nput channel secoixkinpet ¢tadnaothp sy stemgotipeisiapepow pass filtet fon gedeonmg the ditncy

conponents of the first input channel and the second i nput channel
produci ng | owl% SCEeRfEHRY: @B%%ﬁgqﬂegtreqﬁ ﬂevv&qug?nqmﬁmpo fhin R e die e
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i nput channel together with th requency conponents” of the second
i nput channel camopgnentsuddha first anput shamnedifer 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




stream splitting the initial audio streaminto a first audio streamand a
second audio stream passing the first audio streamthrough a sine wave
transfer function to 4 produce a first output signal; passing the second
audi o stream through a cosine wave transfer function to produce a second
output signal; filtering the first output signal and the second out put
signal by a band pass filter to producé a band filtered first output
signal and a band filtered second output signal; adding the band filtered
first output Bﬁogneﬂaﬁtst pulputsignal; passing thasenend prdigutioan threweghptcgsimef i r st
out put signal
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are input to stereo speakers. [001 In a fourth as ect t he present
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mtin thefre of .the first

signal; a bang pass filter for range

out put si gnal [ogﬁﬂ fnn% f%‘@%bﬁ??e%tﬂfﬁﬁreé‘? ﬁ’&YeHLHBHzP a?fyfl‘ o prhaneingcy
range for respagldfiés! ¥f M6 YpnAR, tebaah Eﬂghﬁl@'}ﬁ%n%'a{ﬁist%ﬁu@%haxﬁieﬂﬁﬁd aand a
band filtered second output signal; and a m xer for adding the band
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i nput channel and a second
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




i nput channel, the nethod conprising the steps: extracting |ow frequency
conponents of the first input channel and the second input channel

produci ng low frequency conponents of the first input channel and the
second i nput channel; mxing the |ow frequency conponents of the first

i nput channel together with the |ow frequency conponents of the second

i nput channel to produce a down mi xed 9single audio stream passing the
down m xed single audio streamthrough a 5 exponential transfer function to
produce an outynenestia)trahsferf functéon togroteeantoptput siggalafilterding the batput sigea

filter t band £j | d. out put sj.gnal.; addi he b filtered
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a second i npulitpGhagraehre ihh\@ t6 yeteospedkiery. i sing: a | ow pass filter for
receiving the first and second input channels for extracting |ow frequency
conponents of the first and second input channels; a mxer for mxing the
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channel ; and a mxer for adding the band filtered output signal to
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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




met hod conprising the steps: extracting | ow pass frequencies of the nono

i nput channel producing | ow frequency conponents of the nono input
channel ; passing the |ow frequency conponents of the nono input channel

t hrough 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 the6band filtered output signal to the
nono i nput channel producing a resultant output signal; wherein the

resul t ant out gystensicgmgirising: ianlost pass flberofos pewicang .th¢ @Gshv] input amneélgforh
aspect, the present invention provides a _system f.or enhancin bass.eff ect
of "audi o si gnaTEACHR dOW TERAeRY CORRONER(S 4 JHE iR Py AR P ErPORE AL g
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i nput channel . cin ou t..signal: a nd ss filte
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Brief Descri ptﬁp%c}@fmﬁtlhe Drawi ngs [ 0018] Enbodi nents of the present
invention will now be nore fully described, by way of exanple, with
reference to the drawi ngs of which: [0019] FIG 1 illustrates a functional
bl ock diagram of a system according to a first enbodinent; [0020] FIG 2

i || ust r aBeRf PeédijtionsTahe Dragingdi agram of a system according to a second
enbodi ment; [0021] FIG 3 illustrates a functional block diagramof a system
according to a third enbodinment; [0022] FIG 4 illustrates a functional

bl ock di agr a”loBJi 8] aEﬁ%%&ﬁ{Qn?sC&%Q -bl%gel{t?n\?ention 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;




nono version of the third enbodinment; [0023] FIGS5 illustrates a frequency
pl ot of an input signal having a 50 Hz frequency conponent; [0024] FIG 6
illustrates a frequency domain plot of a resultant first output signal of
the first and second enbodi nent having an input as shown in FIG5; 7
[0025] FIG 7 illustrates a frequency domain plot of a resultant second

out put signal of the first and second7enbodi nent havi ng an i nput as shown
in FIG5; [0026] FIG8 illustrates a frequency domain plot of an input

si gnal havi ng[e25]0 FK&.7 iHugdra®3 aHrequercjudontain plarpda essultart 88édAH oltpit Signal

illustrates a frequency domgin pl.ot of a resultant first t put signal of
the first andojé@@gﬁara@ﬁﬁwgﬁ@mmﬂ%%éa‘&ﬂg%mt%hgwaw G5F1 G 8: [0028]
FIG 10 illustrates a frequency domain plot of a resultant second out put

signal of the first and second enbodi nent having an input as shown in
FI G 8; [0029] [00r§}. FiGBlillugtatestackequeheyedormainyplaiaian ninpit signelf havmg mpUtzsi gnal

havi ng 50Hz an frequency conponents; and [0030] FIG 12 illustrates
a frequency dS‘ng?(Zﬁﬁl u%‘}cgé’ofné’éﬂ‘flﬁant out put signal of the third

enbodi nent having an input as showmn in FIG 11. Detailed Description [0031]
In the follow ng description, details are provided to describe the
enbodi nent s of00RHe FIG:ddHustistes 2 freqynagy ddseain plsd oéaresubang dstaiitput signplreft he

art, however, t t i ) . DI i M ut such details.
Some of thes%heﬁﬁawgg@%%ﬁ%é@gg%#Egéfppéj?g%%ﬁ’g‘%ﬁ}qﬁ)&@s not to obscure

the preferred enbodinents. [0032] The enbodi nents can be used to inprove
the quality of nusic out,Put from_ audio systens by sinmulating the effect of
| ow frequency092nkIG 10 qllpsteater adrequgrey dampia platief a1mesitant seqondewpyto

percei ve the Liowar, iy eAUeNE! @Somi SRldEme R Elink AR 4Hh: hhown 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



speakers may be incapable of providing such | ow frequency outputs. The
enbodi nents provide sinple nethods for enhanci ng bass effect of audio
signals for 8 enhanced perception. The sinple nethods also result in the
processi ng of bass content being conputationally |less intensive. [0033]
Certain concepts pertaining to human hearing are further discussed to
provi de background regardi ng the enbodiBments. They are: tenporal theory of
human heari ng, phenonenon of m ssing fundanental and the directional

i ndependence efihdnowd peregpigscy Thespople nhahodsaipe iadultTihahe pradesstgran basar i ng
[ 0034] The tenporal theory of the hunman auditory system suggests that the
pitch of a sSQFHEP@F}WW%‘OP@fYa]Féﬂmfe@S‘B’ﬁe time pattern of the neural

i mpul ses evoked by that stinmulus. Nerve firings tend to occur at a
particul ar phase of a stinmulating waveform Thus, tine intervals between
successi ve spldoas] Gpproxcomeptsi piregeEng touumal bearafg tteefipther alisco$setl hte
stimul ating wavef rm Pitch is thus related to t tinme pattern of these
nerve i npul seB%%fe ?cé(ﬁf)‘ﬂ'\"gl regprdiie, ths iy FRiSs 1I8Y1 Bl te?r}pé)g]ﬁetﬂgqrgso and
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conpl ex sound waveformis ‘exposed to the human ear; according to the

t enpor al t heomdeperdentasfdawdeaquendylcobpoadtites t o per cei ve sounds of
different pitches. These pitches m ght have been the result of interaction
of several partials present in the conplex sound signal. The pitch

associ at ﬁ,d W t he cg | ex soupd waveform woul d be the one to which
attenti ort o heory g g) A&y virtue of its |oudness or of its
contrast with previous sounds. Non-Linear Saturation [0036] Wen an input
wavef ormis passed through a bl ock which saturates the input in a_gradual
manner, an oufQ9dd] Wh¢ tamepasaldhearypf the hwslanwilitorsi oy stem| spggratsdhatike pignhi ofi nal

frequency, bub Wld seldifs £20ER D Belhe ARAEARY nEQAPRSHCS evdl8 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



frequency conponents present in the output waveform depends on the
frequencies 9 present in the input waveformand the configuration of the
saturating curve. The non-linear curve does not treat the entire anplitude
range in a simlar way. [0037] In other words, the gain of the curve
depends on the anplitude range of the signal. Thus when an input waveform
is normalized and passed through a bl o8k which does gradual saturation, it
is equivalent to passing the input waverform through a non-linear curve.
Thi s resul ts presem iothepmpuivareffommandithectontiigerativhef the sageratng yurvongddrent s
which are direct|.y related to the frequenci resent in the input
wverorm Di r B EUR R epuiR e L e S A B R eaRBENE RS [0038] Low
frequency conponents of nusic signals are found to have no directionality.

This neans that the direction fromwhich the |ow frequency conponents of
t he nusi c ar el083#i hyothetowerds.cthe grinafithe ewrve depemde on theeamplnde Ahge of he

' . 4 d. b | at,i h
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di rection frowhwhi &des dridud] Qaturites) 6ney eqavdlent © SR8InAGhE iApat WARRIm The
bass effect enhancenent described in a first and second enbodi nent are
based on the HEyebsBoRsiinear farve, dThis Spsdis ip 4n optput Maweforgnwhighdhas wthaie

directional i r RRP : lig?% .S
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effect enhanmpoewtved@scri bed in a third enbodi nent is based on response of
a exponential transfer function. 10 First Enbodi nent [0040] Referring to
FIG 1, a system 10 for enhancing bass effect in audio signals in

accordance with a first enbodi ment is shown. The system 10 is basically
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.




applicable for stereo channels. During processing, the contents of the
stereo channels are perforned separately. This assunes that the | ow
frequency content in both the stereo channels are not totally independent
of each other. [0041] The system 10 conprises |low pass filters 18 for
extracting | ow pass frequency conmponents froma first input channel 15a
and a second input channel 16a. The tWb input channels being stereo
channel s. The system 10 further conprises a sine function block 20 and a
cosi ne f Hirst Embodimerst 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 i nput channel 16a via m xers

24. [0042] | n[oom?_r REfeﬁﬁ'nrﬁ)foﬂﬁ(ﬁﬁfa@&elfnoer fonbaneting bagssFfeef meeliol sigrdltidho
signals of the irst enbodi nent starts with the step of extracting | ow
frequency confeseedanse 18ih ¢ figsh embodimest is spownc hahadlystesn 10sisnbpsiaadly| ow

Channel 150 ar PREly 5k a8 Mhebdd S BRREMGE g Wb, S0ple 4Rk TECT

function bl ockhadfelganepafcmed separaclyo Uriisihssudiegthat thtIew flrquéneg conteqiianci es
of which are dependent on the signal frequencjes of the first input

channel 15a. pefoahs steseqchanngls arg patitolglly pidependsptef speh pther 15¢ under goes
filtering by a band pass filter 19. The band pass filter limts the
frequency of harnmonics fromthe first output signal 15¢c to a predeterm ned
frequency ranpe4t]oThe astem A0 bamndbrisel tlewephssffiltat lBufquéxtsicgngllowSpassThe

band filtered_first output signal 15d.is then ed fo the  original
contents of tﬁsqqupgfomﬁge&nt%ﬁawr?eﬁrﬁw%Fﬁa@ﬁg?gﬁ 9&4 appeoane el
resul tant fir g, OufRUEw s 'ix%iﬁ‘:cchgzﬁﬁels BRfgr ekt @inntisr SThé’@#stéih £0 $@herlsSe is

then sent as input to one of the stereo input channels of an audio
speaker. 11 §@0pddes AninesBmonien blopk 20 cind mnwisineGanétionshloek 22 hedusl ywhighd

Simlar |y P ogessttes (B B 0eR (1 HAVROURY oSl BFES bhRNaBERR 1 §OVNCY

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 15¢ undergoes filtering by a band pass
filter 19. The band pass filter limits the frequency of harmonics from the first
output signal 15¢ 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.




second i nput channel 16a using the | ow pass filter 18. The | ow frequency
conponents 16b of the second input channel 16a are then passed through the
cosine function block 22. The cosine function block 22 generates a second
out put signal 16c¢, having frequencies of which are based on the signal
frequenci es of the second input channel 16a. [0045] Next, the second

out put signal further 16c¢c undergoes fi1ltering by the band pass filter 19.
The band pass filter limts the frequencies present in the first output

si gnal 16c t 0[0844)r €he sexond neputfchaguenidg is amydtaneoysiy dud sinaldrynprotésseder ed
second outpu& si gnal, 16d. The band fi*tered second out put sigg | 16d is
then added t o PHEFIGM YPRanceRsly axtractyiov ress fiedBrreyiseprongMa AR fromsReyi o

the m xer 24 prodYGhpG %aﬂ@PQBB%ﬁngsﬁ@My?AﬁsplfﬂtéiIQr.‘a|Th%61%w-B}9&uern%§P| tant
second out put signal 16e is then sent as input to one of the stereo input

channel s of t bempghs 16peéKersec¢rBDiapht dhanndh é6aretetiben prssaditbrough ghe cosine
enbodi nent, the resylt fid.rst output. si.gnal.-15e will have the, ori qi nal
Contonte of 1 AECRFT HlobR B, e ane BiioR AR 1oty 4 sON ohtbls Sl o
of the sine fys;hhARg Blegtdnch.of WicH 88 Wateindn HEGRNN RéfuRHéieSbOMdlsecbag Wi | |
have the original contents of the second input channel 16a of the input

audi o si gnal inpygeanesl 1@kt h the filtered output of the cosine function
bl ock 22. This results in an enhancenent the bass effect of the audio
signals. 12 Second Enbodi nent [0047] Referring to FIG 2 a system 30 for
enhanci ng basmoss]f Nekt, the stuchdosipgnsipsal ifirtheacGo pidageeyfiltérig e derigind
embodi rent is shown. T tem 3Q_is _basically applicable for stereo

h
channel s and P fdigt bt %_B? bantpase liesimyy thesfreduengieTprapmé in theduslo Rt put .
[0048] The syghem 3Q tﬁ'a"ﬁrk%ﬁﬁfn@%ﬂﬁ%b@eﬁn@ kgﬁgeﬁ? tocflﬁcletaef)aﬁaﬁllﬁltér?& ig:?&hﬁac“ ng

| ow frequency-conponent’s I nput channe a and the
second i nput outhaimigdal 16d. Theéand\filterep yécond antpek sighali gl is tlememided enthel s.

The system 30original 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 15¢
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.




further conprises an initial mxer 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 i nput
channel 16a via m xers 24. [0049] In operation, the nethod for enhancing
bass effect in audio signals of the sgxrond enbodi nent starts with the step
of extracting | ow pass frequency conponents 15b, 16b fromthe first input
channel $&andEmbb@inge@t¢ond i nput channel 16a using the |ow pass filters
18. Next, the |owfrequency conmponents 15b of the first input channel 15a
and the | ow frequency conponents 16b of the second i nput channel 16a are

added t oget hegyal I L i ls‘bc.t% %?l i 0 Rt audi o
stream 17. [0@%? %n:nlr;ﬂﬁ ﬁoiféa% %]& ?%)telglt ream IE’@Q? %%né?%ﬁﬁgtah?fﬁtsll glsfllﬂr st
audi o stream dctardande avitls acomednd wthtodihestain sholun. [THSh]stehih 8 Of isr sdsicallgi o

stream 17a is then passed throu the sine fungtion block . 20. The sine
function bl oc%mg@a@@% sees %harlgggtangahepewpgf gﬁ%he DIOgessipgds £ty ds of
whi ch are dep&gg@gﬁtgg{] t he signal frequency of the first input channel 15a.

[ 0052] The second audi o stream 17b is then passed through the cosine
function block 22. The cosine function bl ock 22 generates a second out put

signal 29a, 1 ayj ng freguenci.es of which are dependept. on the signal
Froquency of DRET fhE il HEilER domeises |o6b8as HER 1o heer i+ e ¥ pu
signal furt hefre&m?e@ac&*'&@&?@ﬁﬁﬁs i 58, tigbi fAdin ANe Ard2anshtRASEe] 154 bed thS secbhg band
pass filter limts the frequency of harnonics fromthe first output signal

27a to a predmput ehaneel ¥6aegiherivip inpwighaneelpbeidgstsrer danaels.i Thepgstem B0r st

out put signal .27h. The.band .filtered.first, output sj.gn i §.then added
Co the “ori gi s shpBrirs Brnib BRP oo RbhmEi o Bleeg 2 apl o Q87 22
producing a figstbh ddckl 22,ShotR Wl bsingupkdCto theeahe Paks &Mtersf 18.StTheut put
signal 27c is then sent as . .

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,



input to one of the stereo input channels of an audi o speaker. [0054]

Si mul t aneously, the second output signal further 29a undergoes filtering by
a band pass filter 19. The band pass filter 19 |imts the frequency of
harrmonics fromthe second output signal 29a to a predeterm ned frequency
range to produce a band filtered second output signal 29b. The band
filtered first output signal 29b is t18n added to the original contents of
t he second input channel 16a via the m xer 24 producing a resultant second
out put si gnal h&8aeg fréduenties uf waith asedapaddant bptie sigrgih fleque®y of thetfirgtrinment as
i nput to one of tge stereo input channels of the audi o speaker. [0055] In
this method ofh@Re $acond enbodi ment, the resultant first output signal

27c will have the original contents of the first input channel 15a al ong
with the filtered output of the sine function block 20. The resultant
second out put [0053)nNEx2 8 finst blitphtasignal Hertleri 2fanadergoed Bli¢ringby & hend pasond

i nput channel .16a. of .t he input di .signal along with the filtered output
of "the cosi nefienETi deeagipass fieoduuf o Heobreore e i o fi
embodi ment, t h@palébRal T8ak @ SreWbtbimiabd Pibudle§ ran &St ;IEI%Hﬁcef 4 bakd Akt
signal 15e, 27c and the resultant second output signal 16e, 29c. Since the
human ear is f{rshbrtput igahl 37h.nGhe band filecredl fivst outowt signah2 Whisdhen added guihe

frequenci es signals cane fr he. conmbi nat | of. the r.esulhtant . first

output st gnar Ogal o5Es off P OE LY ShARLL A3 in P e h Ao b
wi || provide agultebfiasneamrbsighdl 270 ThassuRhftarét ddlput Bgnalllicds HegiRattss 14
Third Enbodi nent [0057]f The system and nethod of the third enbodi nent is

utilizes the MREttoamgof the sigieq inprechapnels abgreaysissnsdkerhr ough an exponenti al
transfer function results in an output wave having nultiple frequencies,
which are nultiples of input frequencies as well as sum and difference
conponent s of [obfy} Birpiltansouslis chadsteoiid ewfpersigmas fiatidr 204 andwgsssiilesing bhe
conbi ned effect of all_these frequencies_wll give the sane coust | cal
effect as the? g?‘i“gp?félﬁlfeﬁp@t ks Bany %Sﬁéil@%?éﬁms 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 29¢
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, 27¢ 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.




[ 0058] The bass effect enhancenent nethod of the third enbodi mrent nmay be
applied on both nono as well as stereo input signals. The third enbodi nent
i nvolves | ow pass filtering, passing through an exponential transfer
function to generate harnmonic frequencies and sum and difference
frequencies. A band pass filter is also used to limt the range of the
frequency conponents. [0059] Referringl4o FIG 3 , the system 60 of the
third enbodi nent conprises low pass filters 18 for extracting | ow pass
frequencies froma first input channel 15a and a second input channel 16a.
The two | nput_channel s being stereo channels. The system 60 further

conpri sedhid dapbodimenty 5, 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 posAr $he4yst¢ @60 mdthodptthetthod entbodimett hodtilizes thnfmhtiang bass
effect in audio signals of the hird enbodi nent stagts with the step of
extracting IoWu}tﬂgg E Y2 YobasSik %ug%s?f ex%ﬁmll*}lc}mn?{‘?é%ﬁ“}cf@f‘ rF?’rEtﬁtm annel

15a and the S@&Bﬂﬂwﬁ@l’ﬁviﬁ‘ﬂ;\m} be #BquesieRIwhiBR al OMUItDRI DL filiiﬂutt flequekRiesNext ,

the | owfrequency conponents of "the first input Channe 15a and the
| ow fr equencyacoriesenmsindghifatneeeonpanents dfiiiinpohsinwselidal diequensieszaded

together in a.mxer 24 oduci ng ;a daown-m.xed single.audi.o stream 31. 15
{0061 At or it i, PhE b Ra SRR B A 16 Sheteill Rif Nl BRRE: cam
31 through th®usida0 Bt agthefotpeial aipublvatkiodfe kystdaer f ormed to generate an
out put signal 33. [0062] Next, the output signal 33 undergoes filtering by

a band pass filter 19. The band pass filter limts the frequency fromthe

out put si gnal t e r m I Yol r d
i Fered out plabod; ShRSE CANE A ARE o THERE or AOHrd RuMAMER, A BT
split into a #ppled dabdthf moherasdvellitaputerss gupalt sthalsandha thied @ntbodimed
filtered output signal 35b. . . . .
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.




[0063] The first band filtered output signal 35a is added to the original
contents of the first input channel 15a via a m xer 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 m xer
24 producing a second resultant output signal 37. [0064] The first

resul tant output signal 36 and the sectihd resul tant output signal 37 are
then sent as input to the stereo input channels of audio speakers. [0065]
Referring to [Eb&]4Aftehehislsthernst&§Oofipassingt thetdosdn-infieedt singld adivostreaand1 may

be easily adapted for cateri to. mpno_input qf audio signals. The system
60a for mnoﬁmﬁwﬁﬁwﬂyap%aq%%@p lock 300e perdmed ta2ewerite an ohinugsien
enbodi ment cogprises a single nono input channel 13a, the exponenti al

function bl ock 30 coupled to the low pass filter 18 and the band pass
filter 19. [0066] In operation, the method for enhancing bass effect in

audi o signal s_f n i nput_ i.n ordance with the thi.rd egbodi t
Starcs wth ¢ ieed, SERG e Ofple b S5 SRR lishts Yo koS O Al ¢ e
nono i nput chpgiiepasd Sidket Bd thdBel NP EDE tHel dulflt siohal 35 td B PRebkteNthiREWNI Ch,
the step of passing the |ow frequéency conponents 1 fromthe nono input

channel 13a t frequaghy triregeeioppnadned aband fidtetednouspeicigsd 35s Peg bandriliercd

1 toring by DHBCLsidta? RE LA st R gl kb piRa bR gy O nad FSeotpl ™) D0°°

frequency fr obaddfilteded PutputsighabBsbl3c to a predeterm ned frequency range to
produce a band filtered output signal 13d. [0069] The band filtered out put

signal 13d is then added to the original contents of the nono input
channel 13a vj ' ' tant | QF 70]
The resultant togﬁ piffé glgsg I’tl) glﬁ @ﬁggﬂela %uﬁ‘r%lég&}s&eln?gg% Q‘Fﬁneg:ﬁ’ tﬁéo&g@%#gﬁﬁeﬁ%&q
channel of athdifirsisippatkeiagnel 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.




Si ne Function Bl ock [0071] The Sine function block 20 transforns the input
by passing it through a sine wave transfer function. The input to this
bl ock are the outputs of the |ow pass filter 18 and hence consists of only

| ow frequency conponents of the audio signal. Wen the |ow frequency
conponents of the audio signal are passed through this sine function block
20, the output of the sine wave transf# function will have frequency

conmponents which are directly related to the input frequency conponents.
y(i) = sin(x(opp7IEQftetwvMbigItRe step of pastsing the ot ﬁSciL@ﬂ@} cotipotiBnts 4 3B dromthiezed  y
is the output nornalized sj 17 0072] Egn gi ven_above shows the

nal
sine wave traf¥peingy; ﬁbw@h?%ﬁ@wgbth%emn@u Ifmlonmkéﬁ?tlélﬁﬁf QEdde y s
basical ly dergé’rfegaté‘%‘éﬁt B@s?é&an&:o% he i nput vector x through a non |inear

sine wave tra |on sine Function Block [0073] The Cosine
function block 22 transforns input by passing it through a cosine wave

transfer function nput to,t bl ock is_the of t he W, pass
filter 18 andlO3F¥l| g"dﬁ’s EP“BWS&%P%HIS @F&&ﬁﬁ%ﬁi‘ﬁm&% H’ﬁnélR?FS flh di o
si gnal . V\henfrh@%ah@\%aég FHLLNIV1iERTRAE e ffrBﬁrS%ﬁdoﬁ pﬁpﬁghalt i (£ gsi ne
wave function block 22, the output of the cosine transter function wll
have frequencpredetepoined frequenhy cingatepuidnescd bandrfdteatdeahitp signel 13sdout
frequency conponents.. y(i) = cos(x(i)) Egn.2 [0074] Egn.2 given above
shows the transfer function present in this block. The output vector y is
basi cal 'y derjoges] Thé BandoRssbd ButpiisibiUBd YEGER bdded!th tRdgicidaltRftents 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.

(i) = sin(x(3)) Eqn.1

Where,
x is the input signal which is normalized
y is the output normalized signal.




| i near cosi ne wave transfer function. Exponential Function Block [0075] The
Exponential function block 30 transforns i nput 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 | ow
frequency conponents of the audio signal. Wen the | ow frequency
conponents of the audio signal are pased through this exponenti al
function block 30, the output of this block will have new frequency

conponent s whjoote]aEqndi giaeh lapove kledverthe Gind@avd paisfér RAUEHE yresenripahient s.
y(i) = exp(x(i)) Eﬂg 3 18 [0076]. Egn. 3_gi ven above shows the transfer
function pres ¢ HP%’“E)IV%RT Y'Fﬁ@a%%lbbé?fl‘(ﬁécﬁlféﬁrf RASTiBg phes inpyE VcteleXi ved

af ter passing t | i near exponentially
thir anrpﬂl HneaLLifl wivd Héﬁ% Uik rtl*ag] oc Lo

saturating trans nctiron. Initi k [0077] The initial m xer
bl ock 19 is responsible for mxing of the contents of the first input
channel #I(S) %d tg ég)cglnd i nput channel 16a in the second enbodi nent. The
initial F FEngen | ows a user to control the percentage of the

content of  epgfyl THé“Co%Hf%nﬁ%l:uéx?%loci{% trndfBfnd kit b3 PasOHb R thrStg@! S

15e, 16e. The initial m xer m xes the contents of the two input
channel s 15a, cdsBw wegmwe&rtﬁgmtme: @ht:;mpnlt tcathis Meckas thcpectpﬁh @th@;ow passuser .

Egn. 4 given b es how xer channel out tali ne q(i)
S OLEY SRS B SR GNPy 198 RS e O b il &bl 1
r(I) i's the CWHegAke low AblicAcE Bapeien’ ate paROd thiBugl Bisl ddBind SRfve Fgiohi ed
scaling factors subjected to the constraint

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(7)) 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..

»(0) = exp(x(1) Eqn.3




and where Wi + w2 =1 Egn.5 [0078] Sinulations and Results [0079] A first
sinmul ati on was perfornmed using a sinple 50 Hz sine wave as input to both

i nput channel s 15a, 16a of the system 10, 30 of the first and second

enbodi ment. Referring to FIG 5, a frequency domain plot of the input
waveformis shown. Referring to FIG6 and FIG 7 the frequency domain plots
of the resultant output waveforns of the system 10, 30 for the resultant
first output signal 15e, 27c and the resultant second output signal 16e,

29c are shownpobesPEGhIY givikn abdvd SHIWY] thRefaakfel Renction Iptdsed in thideblbdk) Uthe
wavef orm has only one conponent at 50 Hz. Referring to FIG 6, the

resul tant firQetPBUYSStAr sisdrsically derivedcaties ppssingethe iput yeetgr Kdhrough gmgn
conmponent at 'f% . tfatird AR "' harmoni cs (even) of the input
wavef orm [00@% eﬁae}lg?tﬁ%g'%ggﬂfé ) gﬁgunrcggﬁltant second out put signal

16e, 29c conprises of the original signal conponent at 50 Hz and the 3rd,
5th and Hifialh®rixerBleek (odd) of the input waveform [0082] A second

simul ati on was perforned using an i nput waveform containing frequency
conponents at 50 and 70 Hz as shown in FIG 8. Referring to FIG9, the

onents ) | » $ ring to :
component at ' BT SREIBYGARer BREK 1915 CRPRILRTR: WGP Aok
120, 140, 160fir2@put di@inelalrsd ahdherzcofdRBH chReied 164 irht SedohGeitBoditnivet.

resul tant second, qutput sjgnal 1he, 27c conprises the original si%n(%l
conponent at Bbe jwitigqpixepblpgk {3 gHewe uisTtiA cpptEe]fBhpgrcent fieQnight of50,

170, 190, Zlocac%%gpéﬂ%aﬁﬁg 135, 1699PtHe Bsdilint GupuiBbARlL 98e WPk, PERS RiitFRA

usi ng an input audfo signal having
mixer block 19 mixes the contents of the two input channels 15a, 16a weighted by

weights w1l and w2 as specified by the user. Eqn.4 given below specifies how the

mixer channel output is obtained.

q@)=wl*I@)+w2*r(@) Eqn.4

Where

1(i) is the content in audio channel 1

r(i) is the content in audio channel 2

w1 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, 27¢

and the resultant second output signal 16e, 29¢ are shown respectively.




frequency conponents at 50 Hz and 75 Hz for input into the system 60, 60a
in accordance with the third enbodinent. [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
wavefornms of the system 10, 30 for the resultant first output signal 15e,
27c¢ and the resultant second output st@nal 16e, 29c are shown
respectively. [0086] When this input audio signal is input to the
exponential function block 30, the out put of the block is as shown in FIG

12. It can be seen_that the_output has quency onponent s at Hz
( Har moni ¢ of @GS%Z}QBPFZ@F&F 5 35@%2")3“’3 ey hag only, one eompRORERt 4 #%(7)% ‘Hz) ,

25 Hz (75 - 5Refé¥rln%f6dﬂ@@ tﬁ%k&hﬂéﬂt flrkt %hﬁﬂ%&na?ﬁi@?‘?@@&ﬁ fades B difgiRdld 75

Hz.. [0087] It can be seen In respo se to t I nput |gnal whi ch

consi sted of Sgnalicongwindat atfF0eHnandites 2"t #& andi6 itarromips (eves) of tesopuia
frequenci es at %% Hz, 50 Hz, 75 Hz, 100 Hz, 125 Hz, 150 Hz and 175 Hz.
[0088] It wilMeBd°YPpreciated that although the embodi ments have been
described in detail, various nodifications and i nprovenents can be made by

a person skilled in the art without departing fromthe scope of the
present i nvenfoodt. RF@MQ toddfe’, athl@tesultﬂmasem@pﬂip@h$lgmi§6¢,cﬂ90fcgmﬁéﬁfs of

he d b b d
i Ttors Cot nibey e ehifcoBboigl bR BT TR bl Gy brrese

conponent s Ofﬂkhﬁpﬂﬂﬁﬂ%ﬁﬁ@@nnels 15a, 16a, 13a before adding themto the
band filtered output signals 15d, 16d, 27b, 29b, 35a, 35b, 13d to thereby
produce the resultant output S|gnals 15e, 16e, 27c, 29c, 36, 37, 24. [0090]

procher eXaTDlGosh ISR SILHL AR BHA TSR IR I LRIHRRY,
processi ng. Z2firequency components at 50 and 70 Hz as shown in FIG.8. Referring to FIG.9, the
resultant first output signal 15e, 27¢ 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, 27¢c

and the resultant second output signal 16e, 29¢ 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




Claims 1. A nethod for enhancing bass effect in audio signals, the audio
signals having a first input channel and a second i nput channel, the

nmet hod conprising the steps: a. extracting | ow frequency conponents of the
first input channel and the second input channel producing |ow frequency
conponents of the first input channel and the second input channel; b.
passing the | ow frequency conponents @Qthe first input channel through a
sine wave transfer function to produce a first output signal; c. passing
the low frequHac@Hdaniopinent’s olz)! hs ¥Lq0Ad- iSOpHE) aharheloridifgiugBquancgosi ne
wave transfer function to produce a second output signal; d. filtering the
first output ngenﬁﬁ&ISQHga@égérﬂFout put signal by a band pass filter to
produce a band filtered first output signal and a band filtered second

out put signal; e. adding the band filtered first output signal to the first
i nput channel [oomotttmhrlg: seenethad inarespérisestd theitigputt signghavhjclaoehsistedadfiing t he

band filtered seco out put, SI nal to the second . t channel cing a
resul tant sec%‘ﬁﬂsoé “E‘P“d‘?ﬁalt WPE?WP%SF%?I@MCWCP%‘FS ah?%@f 3 gnal

and the resul fans §ECRRALLYLP YL, $5@A3Ln@M 95 pput to stereo speakers.
The nmet hod of ‘claim™, whérein Step d. the first output signal and the

second output signal are limted to a predet erm ned frequency range. 3.
The met hod of 1 vvherelnt Sf e tio
fepr esent e bpBedl fii be3Ph s Bro heuguet e o BEneEls nae it hacdn o
normal i zed; agdlail Wakidud MRJFIEhRs AMArifprd%atnt @AdE madd 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, 29¢, 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.




4. The nmethod of claim1, wherein the cosine wave transfer function is
represented by: y(i) = cos(x(i)) where, x is the input signal which is
normal i zed; and y is the output normalized signal. 5. The method of claim
1, wherein step e. further conprises extracting high frequency conponents
of the first input channel and adding the high frequency conponents to the
band filtered first output signal. 6. Z"he nethod of claim1, wherein step
f. further conprises extracting high frequency conponents of the second

i nput ch@tuims and the addi ng the high frequency conponents to the band
filtered second output signal. 7. The nethod of claim1, wherein step a.
further conprises attenuating the Iow frequency conponents of the first

i nput channel ; bass
e Fect 1 b aud aerodfyraahiaitthd BRLLTECHAARIo pneld (B ST ERA, BRI O
and a sempntichanpeltand haacreld, inpmeh&yst ¢im motipd cempgsing tHeaweppass filter for
recei vi ng the firs con ut channel s tr.acti | qw frequency
conponents of #t he ?W%‘%n&ﬁaw E‘BJr‘? Y ﬁBWPOE‘H%HE% ILstdppy ‘ir‘l’%ﬂjé‘%l ock
for receiving |ow §erc6ﬂa1mvcm%mngﬂa@quwﬁémﬂmeﬁts o RIS infh@r
produci ng a first output "signal; cosine function bl'ock for receiving | ow
frequency corrponenc@nuela‘nldéhﬁchndmmpmhanmiannel for pr odum ng a second

output St onaly, & DARGSRR ALY Sl bR RS BRI TRORREL

frequency range f0§1né%96&bh§fﬁ4ﬂn¢tfdﬁdbl@tdlmceaﬁbsiﬂdtﬁ.ltélgﬂaled first output
signal and a band filtered second output signal; and a m xer for _ adding the

band filteredcfirspassimeghe losy faaueney componanissaf the perond prevh ghannglffroughnm xer
for adding the band fi;}1 &L et SEEQPhHAUE RV broth@ Blech bitFuSEGRNd | nPUt

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(7))

where,
x is the input signal which is normalized; and
y is the output normalized signal.



channel . 23 9. The systemof claim8, further conprising a high pass filter
for extracting high frequency conponents of the first input channel and

t he second input channel before adding to the band filtered first output
signal and the band filtered second out put signal. 10. The system of claim
8, further conprising an attenuator for attenuating the |low frequency
conponents of the first input channel 2nhd the second input channel. 11. A
met hod for enhancing bass effect in audio signals, the audio signals having
a first 4i npuThe hetngl ofaclging 1 s@bemth thepsksine vedvieatansfeh €unatiohdsl reppeseniedi ng
the steps: a. extracting | ow frequency conponents of the first input
channel B¥%d the second i nput channel producing | ow frequency conponents of
the first input chggquﬂﬁ t he second input channel; b. mxing the | ow
frequency conponen? of 't irst input channel together wth the | ow
frequency conponents of the second input channel to produce an initial
audio stream c. sPPP®ting the initial audio streaminto a first audio
stream and a second iatheiisputsignahyrhich is perswilipg end first audi o stream

t hrough a sine wavg is therpytput npbrmaizedsignel. produce a first output signal; e.
passi ng the second audi o stream through a cosine wave transfer function to

produce second oyt qut. siignal; f. filteri the first output,. signal and

t he second ouﬁlgweﬁﬁoaﬁéffaﬁﬁqa%m YR E: ﬂlﬁﬁ?&f@fﬂ%@%@@ﬁ% @gbirﬁgu%% ered
first outRuborh@H thstan r@laﬁhélta%ﬁeﬂldﬁ&ﬁtﬂgqhglpﬁ&ﬂ%cf 'cgfﬁgbﬁerﬂs toPfdi N9
the band filtered first output signal to tthe fiTtst nput channel producing

a resul t band filiered fisstiowput ssgrghal ; and h. adding the band filtered second
out put signal to the second input channel

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.



produci ng a resultant second out put signal; wherein the resultant first

out put signal and the resultant second output signal are input to stereo
speakers. 24 12. The nethod of claim 11, wherein step f. the first out put
signal and the second output signal are limted to a predeterm ned
frequency range. 13. The nethod of claim 11, wherein the sine wave transfer
function is represented by: y(i) = si2gx(i)) where, x is the input signa
which is normalized; and y is the output normalized signal. 14. The net hod
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 vy
i s the ofit put ThesHEemARfFlainy §afurthes compesingihbighgrst filiphdor exttapiiehighst ep

g. furth rd r i i i rst
Tput chogASe kR ERgERS bl Thsinpl chiifll SRE (e STRATSANS rabeipe
filteredaddingto thebpt fikérged kst oltput Sipneal aed Hedaod fittbw@dredohd ontpet signalst ep h.
further conprises extracting high frequency conponents of the second i nput
channel and addi ng the high frequency conponents to the band filtered
second oy put Thk g?ﬁém Hclaif'8, FRIHRPLoRbriSingi R dfenudiBEF&! dHeRhftgthe flwt her
conprises attenuating the low frequency conponents of the first input
channel &mnguenhye companedts afphe ficshmpne¢hanad and theysstend ihput cbatrehci ng bass

effect in audio signals, the audio signals having a first input channel
and a second input channel, the system conpri sing:

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.




a low pass filter for receiving the first and second i nput channels for
extracting low frequency conponents of the first and second i nput
channels; an initial block mxer for mxing the | ow frequency conponents of
the first and second input channels producing an initial audio stream 25
a sine function block for receiving the initial audio streamfor producing
a first output signal; a cosine funct2en bl ock for receiving the initial
audi o stream for producing a second output signal; a band pass filter for
i mtingl2.he Thegqethwl of alage Idf, wHeeeihistegt f.ahé st @itputadigead dintl the ss®adnd

out put si‘gnal .to_a predeterm ned frequency range for respectively producing
a band f PYHPREgna predimifsdtg apredetsrmin QCHATE"8S | t er ed second out put
signal; and a mi xer for adding the band filtered first output signal to the
first input channel; and a mxer for adding the band filtered second

out put si@nal Theometwdoéckird lil hpbereinctha sime wavd ansférefusstinnasrapiesentad hy:18,
further conprising hi Q ss filter for extracting high frequency
conponents of the fy?ips‘tsg'} ﬁg& channel and the second i nput channel before
adding to the band filtered first output signal and the band filtered
second out put si gnwhere20. The system of claim 18, further conprising an

att enuat or for att ensé#teinputtsignal ehichfis eqqueatiegd; andrponent s of the first i nput
channel and the segdgthe dupptit nohasiel sigddl. A method for enhancing bass
effect in audio signals, the audio signals having a first input channel
and a second i nput channel, the nmethod conprising the steps: a. extracting
| ow f reqliency Thomstwdrmislam theviiareintthg egrine wieninaisterfunetiva is seppessatednput
channel %oduci ng | ow frequency conmponents of the first input channel and
t he seco i nput channel; b. mxing the | ow frequency conponents of the
first input channely#egetfen) W th the low frequency conponents of the
second i nput channel to produce

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;



a down m xed single audio stream c. passing the down m xed single audio
stream t hrough a exponential transfer function to produce an out put
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 sidgfal to the second input channel
produci ng a second resultant output signal; wherein the first and second
resul t ant out pusinesfugotdn bloek ifopraceiving ther iadtiad padicestam2fdr pfédncingt & dalstof
claim 21, wherein ste? d. the first output signal and the second out put
signal are |i AYPEPIEH LA predet ernmined frequency range. 23. The nethod of

claim 21, wheyeg} i : 43 | i y:
o) T xSy BCRAPREE e AR SAIER] G FRUBBREA G |

is the out put ouipnihagnated signal. 24. The nmethod of claim 21, wherein step

e. further conprises racting high. frequenc nents of the fjrst
Chout | channel S B BERS TG FTAIRTGR (A EoRiSREy Tanes o SRa e ot Bt ah e
filtered outpydcoridl BtPlt sigdal td A Qreﬂélfeﬂﬁﬂle@ffreﬁhéicWr&%e WhRERIcAvey pRoducinkur t her
conpri ses extractlggﬁgéguﬁﬁfrequency conponents of the second input channe

and addi ng t hebaady giput Herad enéabend Blierné s¢rand optppt Bgrad andt put
signal. 26. The.pet | ai el . C S
attenuating tﬁ§ﬂ?§ﬁ£9g¥§%%%ﬁ?@E%ﬁﬁggﬁgﬁﬁguﬁwf%ﬁgﬂﬁ?F%ﬁlé{ﬁﬁﬁﬁ%; aﬁ%éﬁaand
the second i npuhixeh&smedding 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




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
conprising: a |low pass filter for receiving the first and second i nput
channel s for extracting |low frequency conponents of the first and second
i nput channels; a mxer for mxing the | ow frequency conponents of the
first and second i nput channels produg ng a down-m xed single audio
stream 27 an exponential block for receiving the initial audio stream for
produci ng a ofit put addihgti@lband fidered q§ss sighdltte thd Rtodd iphi shgniidl @rddueimgency
range of the output signal to a predeterm ned frequency range for
respectivel y produdsgnd resyHentiquinugsigaalout put  signal; and a mixer for

adding t i i o the. £irst.] nnel ; and a
i cer -t oV RSl e kR SEeoRlf i Rk el Eirblf SisiqrRPeaf AT - ¢
channel . 28. The systemof claim 27, further conprising a high pass filter
for extragcting, hi r ency c gnents.of the first .i nput .channel and
the secofitt i ngh‘? “%’E%‘P%Bfg%é‘f’cﬁe Wq’fngedpﬁbept‘_é) T_}’Fl I ORPY ﬁlsﬁé&dc}g? S5erondi gnal .
29. The §Mt§h€sﬁ§r&}i afel 1Bhi %6 a ridddielinORRYub iy tdn@ attenuator for

attenuating the low frequency conmponents of the first input channel and
the second i nput channel. 30. A nethod for enhancing bass effect in audio

signal s, 5t he di 0 ,Si l,s._ hayi ng a. no i nput, .chapn t he net had

Compri oi Y t hengpiepied ciginy P Wierin B Ssanshied! deRiRt Tuteun It RS nput
channel p%;oduci ng low frequency conponents of the nono input channel; b.
passing the | ow frequency conponents of the nono input channel through a
exponenti al transf k) FReEpbiOh to produce an output signal; c. filtering the
out put signal by a band pass filter to produce a band filtered output
signal; and 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;




d. adding the band filtered output signal to the nono input channel
producing a resultant output signal; wherein the resultant output signal

is input to nono speakers. 31. The method of claim 30, wherein step c. the
output signal is limted to a predeterm ned frequency range. 32. The

met hod of claim 30, wherein the exponential transfer function is
represented by: 28 y(i) = exp(x(i)) whpre, x is the input signal which is
normal i zed; and y is the output normalized signal. 33. The nmethod of claim

30, wherein sktfpxponchtil bl6ck CHTREiIGIAE thX inigdltaudld ste@ih fob hRIERE) e@pmonent s
of the nono input channel and adding the high frequency conponents to the

band fllteredskgﬂﬁlput signal. 34. The nethod of claim 30, wherein step a.

L Comrbst%@qagésﬁrﬁ'l%r 1t firl ne-the. fré&ge‘ﬁ‘ég ?§e§f?&e% Pfs@ﬁ?té“&r‘o

i nput channel . stemfor entr anci ng  bas in a Ignal's, the

audi o si gnal Spmatetelmgna:d firuondynamnige Ciaraspdctivelyeproghsdisgra dang fileratgoutputl ow
pass filter for receiw ng the nono i nput channel for extracting |ow

frequency coﬁ‘;% of the nmono input channel; an exponential block for

receiving the, 'ﬁ%ﬁﬁ?%&ﬁ%ﬁ%ﬁ&%%ﬁl gﬁamﬂféﬁrhﬂ #ﬁtcﬁ&ﬁgp% gfor

produci ng a output sig pass for Timt frequency
range of the oumigerfosadiiag thedand fifered eugubsigea té tlreqamm:lynptamgmrfebr
producing a band filtered output signal; and a m xer for adding the band
filtered output signal to the nono input channel. 36. The systemof claim

35, furthgr comBrLiysbRGbEcIhdd7 PRsttedl tdhSisin@h heet pASIIRG f6Y Sltracting 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:



frequency conponents of the nono input channel before adding to the band
filtered output signal. 37. The systemof claim35, further conprising an
attenuator for attenuating the low frequency conponents of the nono input
channel .

28
y(@) = exp(x(7))

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.



