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A METHOD AND APPA'RA'fUS FOR STEREO ENHANCEMENT OF AN AUDIO SYSTEM

Field Of Invention
The present disclosure generally‘s relates to signal processing -of audio signals. More particularly,
various embodiments of the disclosure relate to a system, a processing apparatus and a processing

method suitable for enhancing stereo audio output of an audio system.

Background

In an audio sysfem which produces stereo audio output, it is often desirable improve an aspect of
sound performance of the audio system by providing a wide stereo,effect to the stereo audio output.
Conventional techniques for providing ,wide‘ stereo effect to a stereo audio output include digital
signal processing (DSP) based techniques. For example, a stereo audio output can be digitally
manipulated in a DSP system via an algorithm 50 as to prO\/ide a wide stereo effect.

Additionally, audio frequencies nearing lower and higher extremities of the audio range of 20Hz to
20KHz are often perceived to have poor sound. performance, for example in respect to loudness, as
compared to mid-range audio frequencies. Such perceived poor performance can be due to
limitation in sensitivity of a human ear to audio frequencies at the aforementioned audio range

.extremities.

Moreover, an audio system generally has an associated system noise floor.. The system noise floor
can be associated with noise signals having a loudness level which may adversely affect sound
performance if perceived loudness at extremities of the audio range becomes indistinguishable from
the loudness level of the noise signals. Particularly, the Anbise signals may be more audible than
audio frequencies nearing lower and higher extremities of the audio range. Thus, noise performance

of the audio system may be adversely affected.

_Conventional techniques to overcome poor sound performance include pfoviding sufficient gain to
compensate the limitation in sensitivity of the human ear, so as to increase perceived loudness of
the audio frequencies at the extremities of the audio 'range."'For example, the perceived loudness of
audio frequencies at the lower extremity, from 20Hz to 120Hz, of the audio range, is lesser than the '
perceived loudness of mid range audio frequencies, frorﬁ 300Hz to 5KHz. Therefore, more gainv is

required to boost loudness of the audio frequencies from 20 Hz to 120Hz as compared to audio

frequencies from 300Hz to 5KHz.
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Unfortunately conventional techniques implemented with respect to improving sound performahce
of an audio system fail to facilitate improvement of sound performance in a suitably. e_fffcient

manner. -

Moreover, conventional techniques may adversely affect the quality of the stereo audio output of an

audio system in a manner which detracts listening experience of a user of the audio system.

It is therefore desirable to provide a solution to address at least one of the forégoing problems of

conventional techniques for improving sound performance of an audio system.

Summary of the Invention

In accordance with a first aspect of the disclosure, a processing appavratus, which is suitable for signal
communication with a system having at least one of an input module and an output modulie, is
provided. The processing apparatus can be configured to receive input signals from the input
module of the system. The processing apparatus includes a first channel processing portion to which
the input signéls are communicable. The first channel processing portion can be configured to
receive and process the input signals in a manner such that bass frequency audio signals are
extracted from the input signals. The bass frequency audio signals can be further processed via at
least one of linear dynamic range processing, manipulation of dynamic range via compression and

manipulation of dynamic range via expansion.

The first channel processing portion includes a low frequency processing portion and a sub-channel

combiner,

The low frequency processing portion includes a first dynamic range compressor (DRC), a splitter
coupled to the first DRC and a low frequency adjustment module coupled to the splitter. The first
DRC which receives and processes the bass frequency audio signals via at least one of linear dynamic
range processing, manipulation of dynamic range via compression and manipulation of dynamic
range via expansion. The splitter receives and further processes the proceésed bass frequency audio
signals to ‘produce a first bass portion and a second bass portion. The low frequency adjustment

module receives and processes the second bass portion.
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The sub-channe! combiner module is coupled to the splitter and the low frequency adjustment
module. The sub-channel combiner module -recei‘veé and processes the first basé portidn and the
~_processed s_ecbﬁ‘d-b'bass_ po_r_tfibny,tp_::p'ro_dt_jc_e’ a"first c'hva'nnél' signal which is""cbmmur'\ica'ble_to the

*sutput module.

The processing appafatus can further inciude a second éhannel processing povrtion to which the
input signals are communicable. The second channel proces‘sing portion can be configured to
receive and process the input signals via manipulation of dynamic range by expansion, thereby
producing a second channel signal. The second channel signal can be furthér communicated to the

output module, in addition to the first channel signal.

In accordance with a second aspect of the disclosure, a method for processing signhals communicated
from an audio source is provided. The signals communicated from the audio source include a left
channel audio signal and a right channel audio source. Both the left and right channel audio signals
can be processed to produce at least one input combinati;)n signal. The method includes a signal
processing step which includes a first channel processing step at which the at least one input

combination signal is received and processed at a first channel processing portion.

Processing the at least one input combination signal at the first channel processing portion includes

an extraction step, a dynamic range processing step, a splitting step, an adjustment step and a

combining step.

At the extraction step, bass frequency audio signals are extracted from the at least one input
combination signal. At the dynamic range processing step, the bass frequency audio signals can be
processed via at least one of linear dyn‘amic range proceSsing, manipulation of dynamic range via
compression and manipulation. of dynamic range via expansion to prod.uce processed bass frequency
audio signals. At the splitting step, the processed bass frequency audio signals can be processed to
produce a first bass bortion and a second bass portion. At the adjustment step, the second bass
portion can be processed to produce a processed second bass portion. At the combining step, the

first bass portion and the processed second bass portion can be processed to produce a first channel

signal.
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~ Brief De:SCription of the Drawings _
Embodiments of‘fhe disclosure. are described hereinafter with feference to the following drawings,

in which:

Fig.-1a shows a syétem which.ihcludes an input module to which an audio source producing left and
right channel audio signals can be coupled, a processing apparatus having a low frequency
adjustment module, and an output module via which left and right output signals can be produced,

according to an embodiment of the disclosure;

Fig. 1b illustrates an exemplary scenario wherein the right and left channel audio signals from the

audio source mentioned in Fig. 1 can be recorded by a recording device;

- Fig. 1c shows a speaker array, included in the output portion of the system of Fig. 1, via which the
right and left output signals can be experienced by a user of the system of Fig. 1.

\
Fig. 2a shows an overview of an exemplary embodiment of the system of Fig. 1;

Fig. 2b shows, in further detail, the input module of the exemplary embodiment of the system

shown in Fig. 2a;

Fig. 2c and Fig. 2d show, in further detail, the processing apparatus of the exemplary embodiment of

the system shown in Fig. 2a;

Fig. 2e shows, in further detail, the output module of the exemplary embodiment of the system

shown in Fig. 2a;

Fig. 3a to Fig. 3e illustrate an example of signal processing of a fundamental bass frequency signal via

the low frequency adjustment module of Fig. 1, according to an embodiment of the disclosure;

Fig. 4 shows a loudness Dynamic Range Compressor (DRC) graph, which includes a first to a fifth

loudness DRC curve, via which DRC settings of a first to a third DRC can be derived, according to an

embodiment of the disciosure;
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Fig. 5 shows a soundstage graph having a first'to a fourth DRC setting curve via which DRC setting of

a fourth DRC can be derived, according to an embodiment of the disclosure;

Fig. 6 shows a DRC setting graph which includes a first to a fourth DRC setting plot corresponding,
respectively, to the first and the fourth DRCs mentioned in Fig. 4 and Fig. 5, according to an -

emboaiment 6f the disclosure;
Fig. 7 shows a polar plot in association with the DRC settihg of the fourth DRC of Fig. 5; -

Fig. 8 shows an output graph depicting ffequency response at the output module of the exemplary

embodiment of the system shown in Fig.2a; and

Fig. 9a to Fig. 9¢ show a processing method implemented in association with the system of Fig. 1, in

-accordance with another embodiment of the disclosure.

Detailed Description e
Representative embodiments of the disclosure, for addressing one or more of the foregoing
probiems associated with conventional techniques for improving sound performance of an audio

system, are described hereinafter with reference to Fig. 1 to Fig. 9.

A system 100, (in accordance with an embodrime‘nt of the disclosure, which includes an input module
110, a processing apparatus 120 and an output module 130, is shown in Fig. 1a. The input module

110 is coupled to the processing apparatus 120 which is coupled to the output module 130.

The input module 110 includes an audio source input portion 112 and a mixer portion 114 which is
coupled to the audio source input portion 112. The audio source input portion 112 can be coupled

to an audio source (not shown) which produces a left channel audio signal and a right channel audio

signal.

Each of the left and right channel audio signals is associable ‘with a magnitude which is indicative of
signal strength, which is in turn associable with loudness level. The audio source can have an
adjustable gain module which provides an adjustable gain with respect to the magnitude of each of
the left and right channel audio signals. The adjustable gain can be adjusted to vary reference gain -

level which can be used to one of boost and attenuate-the magnitude of each of the left and right
' 5
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channel audio signals. More specifically, based on an adjustment of the adjustable gain using the
adjustable gain mbdule, a reference gain level for the magnitude of ’each of the left and right
channel audio signals can_bé obtained. Multiple adjustments of the adjustable gain using the

‘adjustme.nt gain module result in corresponding multiplé reference 'gain levels. An exampie of the
: adjustable gain module is a volume control associéted with the audio source. The volume control
can be used to increase or reduce the adjustable gain and thus, corresbondingly increase or reduce
the reference gain level. If the reference gain level is increased, magnitude of each of the left and
right channel audio signals is correspondingly boosted. Conversely, if the reference gain level is

reduced, magnitude of each of the left and right channe! audio signals is correépondingly attenuated.

Each of the left and right channel audio signals (symbolized as “L” and “R", respectively, in equation
(1) and equation (2) below) can be received by the audio source input portion 112. The input
module 110 processes the received left and right channel audio signals, via the mixer portion 114, to
_ form one or more input combination signals. The received left and right channel audio signals can
be processed by the mixer portion_114 vié one or both of in-phase processing and out-of-phase

processing.

The input combination signals can be communicated to, and received by, the processihg apparatus
120 from the input module 110. Depending on whether the received left and right channel audio
signals are processed by the mixer portion 114 via in-phase processing or out-of-phase processing ,
each input combinétion signal can be eithef an in-phase/summed input combination signal -
(symbolized as “M” in equation (1)) or an out-of-phase/subtracted input combination signal

(symbolized as “S” in equation (2)) as represented by equation (1) and equation (2), respectively,

below:

M=L+R (1)
S S=L-R . (2)

As seen in equations (1) and (2), an in-phase input combination signal can be formed based on a
summation of the left channel audio and right channel audio signals whereas an out-of-phase input

combination signal can be formed based on a subtraction between the left channel audio and right

channel audio signals.
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The processing apparatus 120 processes the input combination signals to produce processed sub-
signals.mfhé'processing apparatus 120 includes one or both of a first channel processing portion 122
and a second channel processing portion 124, each of which can be coupled to the input module 110.
More Specifically, the first and second ;hannel processing portions 122/124 can each be coupled to

the mixer portion 114 of the input module 110.

The first and second channel processing portions 122/124 receive at least one in-phase input
combination signal and at least one out-of-phase input combination signal, respectively, from the

input module 110.

~ Thus the first channel processing portion 122 is associated with in-phase processing and the second
channel processing portion 124 is associated with out-of-phase processing. Therefore in-phase
processed sub-signals (symbolized as “Sub 1” in equation (3) below) and out-of-phase processed
sub-signals (symbolized as “sub 2” in equation (4) below) are produced by thé first channel
processing and second channel processing portions 122/124 respectively. Additionally, each of the
first and second channel prlocessin‘g pdrtior'\s 122/124 can be associable with a multiplication factor
symbolized as “K1” and “K2” -respectively. Sub 1 and Sub 2 are represented by equation (3) and

equation (4), respectively, below:

Subl=K1*M=K1*(L+R). (3)
Sub2=K2*S=K2*(L-R)  (4)

Each of the respective multiplication factors K1 andeZ for the first and second channel processing
portions 122/124 can be a gain factor, an attenuation factor or a unity factor. In one example, K1
can be a gain factor which doubles magnitude of Sub 1 (i.e., K1 = 2) and K2 can be an attenuation
factor halving magnitude of Sub 2 (i.e., K2 = 0.5). In another example, both K1 and K2 can be unity
factors (i.e., KI = K2 = 1) such that magnitudes of both Sub 1 and Sub 2 are not affected by

respective K1 and K2. ' ST S A

The output module 130 receives the processed sub signals from the processing apparatus 120 and
further processes them to produce output signals which include a left output signal (symbolized as
Lout in equation (5) below) and a right output signal (symbolized as Rout in equation (6) below).
The output module 130 includes a combiner portion 132 and an output portion 134. The combiner

portion 132 couples the processing apparatus 120 and the output portion 134,
7
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-The combiner portioh 132 includes a first combiner 132a and a second combiner 132b. The output
portion 134 includes a first output port 134a to which the left output signal corresponds and a
second output port 134b to which the right output signal corresponds. The first-and second output

_ports 134a/134b are coupled to the first and second combiners 132a/132b respectively.

The oUtput module 130 can be associable with a multiplication factor at, for example, each of the
first and second output ports 134a/134b or each of the first and second combiners 132a/132b. For
example, where the output module 130 is associable with a multiplication at each of the first and
second output ports 134a/134b, the multiplication factor for each thereof can be symbolized as

“G1” and “G2" respectively.

Additionally, each of the first and second combiners 132a/132b can either combine Sub 1 and Sub 2

via summation (i.e., Sub 1 + Sub 2) or combine Sub 1 and Sub 2 via subtraction (i.e., Sub 1 —Sub 2).

© For example, where the first combiner 132a combines Sub 1 and Sub 2 via summatioh and whefe
the second combiner 132a combines Sub 1 and Sub 2 via subtraction, the left output signal
(symbolized as Lout in equation (5} below) and the right output signal (symbolized as Rout in

equation (6) below) can be represented by equation (5) and equation (6), respectively, below:

Lout = G1*(Sub 1 + Sub 2) = GI*(K1*(L+ R) + K2* (L= R)) (5)
Rout = G2*(Sub 1 — Sub 2) = G2*(K1*(L + R) — K2* (L - R)) (6)

.As with the earlier described K1 and K2, G1 and G2 can each be a gain factor, an attenuation factor

or a unity factor. Thus the earlier description in relation to K1 and K2 analogously applies to G1 and
G2.

Assuming K1, K2, G1 and G2 are each a uhity factor (i.e., K1 =K2 = Gl=G2= 1); equation {5) and
equation (6) in the above example can be simplified as shown in equation (7) and equation (8),

respectively, below:

Lout=2L (7)
Rout = 2R (8)
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In general, the left output signal and the right output signal (symbolized as “Lout” and “Rout”
respectively in equations 7 and 8 above), in combination, correspond to stereo audio output of the

system 100.

Referring to Fig. 1b, the right and left channel audio signals from the aforementioned audio source
can be recorded by a recording device 140 babsed on an exemplary scenario 141 wherein the right
and left channel audio signals are recorded based, respectively, on a predetermined right recording

angle 140a and a predetermined left recording angle 140b.

The recording device 140 is associable with a recording incident axis 142. The recording device 140
is further associable with a right recording axis 144 and a left recording axis 146. The predetermined
right recording angle 140a is based on angle separation between the recording incident axis 142 and
the right récording axis 144. The bredetermined left recording angle 140b is based on angle
- separation between the recording incident axis 142 and the left recording axis 146. The
_predetermihed right and left récordibg angles 140a/140b can, for éxample, be an angle of 30

degfees each.

Referring to Fig. 1c, the output portion 134 can include a speaker array 150 which includes a right
spé‘aker 150a and a left speaker 150b for the right and left output signals respectively. A user 160 of

the system 100 experiences the right and left output signals via the speaker array 150.

For optimized stereo audio experience, it is preferable that tonality of soundstage is preserved.
Soundstage can generally be associated with considerations such as sense of width, depth and
height of the stereo audio output (i.e., the left and right output signals) as experienced by the user

160 when listening to the stereo audio output from the speaker array 150.

More specifically, tonality of soundstage is indicative of the extent to which original recordings, by
~ the recording device 140, of the location associated with left and right channel audio signals, such as

instruments and vocalists as they were positioned during recording, is faithfully reproduced at the

speaker array 150.

For example, assuming considerations such as multiplication factors (for example, the
aforementioned K1, K2, G1 and G2) associated the system 100 are disregarded, tonality of

soundstage can be associated with extent of faithful reproduction, as right and left output signals at
9



WO 2012/008923 o PCT/SG2011/000216

the speaker array 150, of the corresponding right and left channel audio signals as originally

recorded by the recording device 140. .

Therefore tonality of soundstage can generally be considered preéerved w(hen the right and left
channel audio signals are substantially faithfully reproduced as corresponding right and left output
signals at the speaker array 150. Conversely, tonality of soundstage can generally be considered
compromised when the right and left channel audio signals are not substéntially faithfully
reproduced as corresponding right and left outpﬁt signals at the speaker array 150. For example, if
the sense of any of the width, depth and height, associated with the right and left channel audio
signals, originally recorded by the recording device 140 is not substantially faithfully réproduced at

the speaker arréy 150, tonality of soundstage can be considered compromised.

Tonality of soundstage can, for examplél be preserved by arranging or positioning the right and left
speakers 150a/150b substantially in accordénce with the respective predetermined right and left
recording angles 140a/140b. For example, in accordance with the abovementioned -exemplary
scenario 141 wherein the predéterrﬁined- }ight and left recording angles 140a/140b are 30 degrees
each, the right and left speakers 150a/150b can be positioned, correspondingly, at an angle of 30

degrees each with respect to-the user 160.

An exemplary embodiment of the system 100 will be discussed hereinafter with respect to Fig. 2a to

Fig. 2e.

" Fig. 2a provides an overview of the exemplary embodiment of the system 100, in which the input .
module 110, the processing apparatus 120 and the output moddle 130 are illustrated in further
detail. The input module 110, the processing apparatus 120 and the output module 130 are,
-~ individually, further illustrated in Fig. 2b, Fig. 2c to Fig. 2d and Fig. 2e, fespectiveiy. 7

Referring to Fig. 2a and Fig. 2b, at the inbut module 110, the audio source ihput portion ilz.includes
an input port portion 112a and a channel splitter portion 112b. The input port portion 112a includes
a firstinput port 112c and a second input porf 112d, each of which is coupled to the channel splitter
portion 112b. The left audio channel and right audio channel siénals which are respectively received

via the first and second input ports 112¢/112d, are subsequently fed to the channel splitter portion
112b.

10
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. Additionally, the mixer bortion 114 includes a mixer array haVing at least one mixer. As shown in Fig.
. 2b, the mixer portion 114 includes a mixer array having, for example, a first mixer 114a, a second

mixer 114b, a third mixer 114c and a fourth mixer 114d.

Based on the left_audio— channel and right audio channel signals received, the channel splitter portion
112b produces one or more sets of left input signal and right input signal pair, the number of pairs of
which preferably corresponds to the number of mixers in the mixer array of the mixer portion 114.
For example, for each of the first to fourth mixers 114a/114b/114c/114d, a set of left and right input

signal pair is produced.

Each mixer in the mixer array of the mixer portion 114 processes the received set of left and right
input signal pair to produce an input combination signal which can be either an in-phase input

combination signal or an out-of-phase input combination signal.

Referring to Fig. 2a, F_ig;»2c and Fig. 2d, at the processing apparatus.120, the first channel processing
portion 122, in one embodiment, includes a low frequency processing bortion 125 and a sub-channel
combiner r_nodule 126 which has a plurélity of vinp.ut ports and an output port. As shown, the low
frequency processing portion 125 is coupled to the sub-channel combiner module 126. In anothier
embodiment, the first channel processing portion 122 further includes at least one of a high
frequency processing portion 127 and a mid-range frequency processing portion 128. As shown,
each is the high frequency processing poﬁion 127 and the mid~rangé frequency processing portion
128 can be coupled to the sub-channel combiner module 126. The second channel- processing

portion 124 includes a soundstage processing portion 129,

The first channel processing portion 122 will be described in more detail hereinafter with reference

to Fig. 2a and Fig. 2c, while the second processing portion 124 will be described later in more detail

with reference to Fig. 2a and Fig. 2d.

As shown in Fig. 2a and Fig. 2c, the low frequericy processing portion 125 includes a first filter 125a
which is coupled to a mixer in the mixer array of the mixer portion 114, and which receives the input
combination signal therefrom. The low frequency proceésing portion 125 also includes a first
dynamihc range compressor (DRC) 125b having an input and an.output, a splitter 125c and a low

frequency adjustment module 125d. The input and output of the first DRC 125b are coupled,

11



WO 2012/008923 PCT/SG2011/000216

respectively, to the first filter 125a and the splitter 125¢c. Thus, the first DRC 125b couples the first
filter 125a and the splitter 125c. '

The splitter 125¢ has a first splitter output 125e which is coupled to one of the input ports Qf the
sub-channel combiner module 126 and a second splitter output 125f which is coupled to the low

frequency adjustment module 125d.

The low frequency adjustment module 125d includes a harmonic generator 125g which is coupled to
the second splitter output 125f, a second filter 125h which is coupled to the harmonic generator
126g and a shifter 125i which couples the second filter 125h to one of the input ports of the sub-

channel combiner module 126.

The first filter 125a has filter characteristics in association thereto and is, for example, a low pass
filter which can be configured to fil‘ter.the input combination signal such that bass frequency audio.
signals, such as a 50Hz audio signal, are received and processed by the first DRC 125b whereas mid-
_ raﬁge to high frequency audio signals having frequencies above, for example, 300Hz are filtered off
and receipt by the first DRC 125b thereof can thus be impeded. Theréfou;e, the first filter 125a can
. be configured such that bass frequency audio signals can be extracted from the input combination

signal for further processing by the first DRC 125b.

The first filter 125a can be configured, as mentioned above, by appropriate consideration as to its
- filter characteristics. Filter characteristics can include parameters such as type of filter, filter order .

and -3dB cutoff frequency.

An example of a low pass filter is a first order low pass Butterworth filter having a -3dB cutoff
frequency within a frequency range of 70Hz to 300Hz. Other exampies of a low pass filter inciude a

first order low pass Butterworth filter having -3dB cutoff frequencies below 70Hz, such és a -3dB

cutoff frequency of 50Hz.

. The first DRC 125b is capable of linear dynamic range processing the bass frequency audio signals,
received at its input, to produce processed bass frequency audio signals at its output. More
specifically, the first DRC 125b is capable of processing the bass frequency audio signals such that

magnitude of each bass frequency audio signal at the input of the first DRC 125b is substantially

12
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similar to magnitude of each corresponding processed bass frequency audio signal at the output of

the first DRC 125b.

The first DRC 125b is also capable of processing the bass‘ frequency audio signals, received at its
input, to produce processed bass frequency audio signals at its output by manipulating dynamic
range, such that difference between magnitude of each bass frequency audio signal at the input of
the first DRC 125b and magnitude of each corresponding processed bass frequency audio signal at
the output of the first DRC 125b, is variable. The aforementioned difference between magnitude at
the input of the first DRC 125b and magnitude at the output of the first DRC 125b can be varied by

manipulation of dynamic range, via the first DRC 125b, by one of compression and expansion.

In one embodiment, the first DRC 125b manipulates dynamic range by compression to produce
processed bass frequency audio signals at its output. In another embodiment, the first DRC 125b
manipulates dynamic range by expansion to produce pro’cesséd bass frequency audio signals at its
~output. In this. réspéct, difference between ma'gnifude of each bass frequency audio signal at the
input of the first DRC 125b and magnitude of each corresponding processed bass frequency audio
signal at the output of the first DRC 125b, is lesser via manipulation of dynamic rahge by
compression -as compared to manipulation of dynamic range by expansion. In yet another
embodiment, the first DRC 125b manipulates dynamic range by compression and expansion to

produce processed bass frequency audio signals at its output.
. The first DRC 125b will also be discussed later, in further detail, with respect to Figs. 4 and 6.

After processing by the first DRC 125b, the processed bass frequency audio signals are
communicated-to the splitter 125¢ and further brocessed such that the processed bass frequency
audio signals are split into a first bass portion and a second bass portion. The first bass portion is

received by an input of the sub-channel combiner module 126 via the first splitter output 125e of
' the splitter 125¢c. The second.bass portion is received by the low freqﬁency adjustment module
125d via the second splitter output 125f of the splitter 125c. The low frequency adjustment module

125d prodvuces a processed second bass portion.

Preferably, both first and second bass portions from the first and second splitter outputs 125e/125f
are substantially identical. More specifically, bass frequency audio signals can be associated with the

first-and second bass portions, and the bass frequency audio signals associated with the first and
13
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second bass portions are preferably substantially identical. For example, where the first bass
portion is associable with a bass frequency audio signal having a frequency of 50Hz, the second bass

portion is similarly associable with a bass frequency audio signal having a frequency of 50Hz. )

The second bass portion is fed to the harmonic generator 125gband processed such that harmonics
of a fundamentai bass frequency signal within the bass frequency audio signals associated with the
second bass portion are generated. The generated harmonics can include high order harmonics and
low order harmonics. The generated harmonics can, for example, be processed by the second filter
125h such that communication of the high order harmonics to the shifter 125i is impeded whereas

the low order harmonics are received by the shifter 125i.

~ After processing of the generated harmonics by the seconq filter-125h, the-low order harmonics can
be processed by the éhifter 125i such t_Hat there is an offset between harmonics of the fundamental
bass frequency signal and the bass frequency audio signals associated with the first bass portion.
The low order harmonics can be processed by the shifter 125i by, for example, time shifting and the
-offset can be, for example, a time delay between harmonics of the fundamental bass frequency

signal and the bass frequency audio signals associated with the first bass portion.

The processed second bass portion and the first bass portion are both subsequently fed to, and

processed by, the sub-channel combiner 126, as will be described later in greater detail.

The harmonic generator 125g can, for example, be a rectifier which can include a DC offset remover.
The rectifier can, for example, be implemented via a diode, capacitor and resistor combination. The

second filter 125h can, for example, be a low pass filter.

As mentioned earlier, conventional techniques to overcome poor sound performance at the lower
extremity of the audio frequency range may adversely affect quality of stereo audio output. For
example, power associated with harmonics of the fundamental bass frequency signal can be
harnessed to improve sound performance at the lower extremity of the audio frequency range.
However, guality of the stereo audio output may be adversely affected due to an effect wherein
fidelity of bass frequency audio signals is compromised when power associated with the
fundamental bass frequency signal is harnessed. The low frequency adjustment module 125d
mitigates such an effect, thus sound performance at the lower extremity of the audio frequency

range can be improved without adversely affecting quality of stereo audio output.
14
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 The foregoing in relation to the low frequency adjustment module 125d will be discussed later, in

further detail, with respect to Figs. 3a to 3e.

~ Further mentioned earlier, an audio system generally has an associated system floor noise which can
be associated with noise signals which may adversely affect noise performance of the audio system.
In this regard, the low frequency processing portion 125 can be configured to mitigate such poor

noise performance via at least one of the first filter 125a and the first DRC 125b.

More specifically, the low frequency processing portion 125 can, in one embodiment, be configured,
by appropriate considerations as to filter characteristics associated with the first filtel_' 1253, such
that the aforementioned noise signals associated with system noise_ floor. can be substantially
‘ﬁlteréd away by the first filter 125a. For example, 3dB cutoff frequency of the first filter can be
configuréd based Oh a cutoff frequency in association with the noise signals.’ .Communication of the

noise\sigunals to the first DRC 125b can therefore be impeded.

in another embodiment, the low frequency processing portion 125 can be configured such that bass
-audio frequency signals associated with low level. magnhitudes can be processed to produce
processed bass audio frequency signals which can be distinguished from the aforementioned noise
signals by appropriately configuring the first DRC 125b to manipulate dynamic range by expansion,

as will be discussed further with respect to Fig. 6.

In yet another embodiment, the low frequency processing portion 125 can be configured to mitigate

the abovementioned poor noise performance via a combination of the first filter 125a and the first
DRC 125b.

Further shown in Fig. 2a and Fig. 2¢, the high frequency processing portion 127 includeé a third filter
127a which is coupled to a mixer in the mixef array of the mixer portion 114, and which receives the
input combination signal therefrom. The high frequency processing portion7127 further includes a
second shifter 127b and a second DRC 127¢ having an input and an output. The second shifter 127b
couples the third filter 127a to the input of the second DRC 127c. The output of the second DRC
127c is coupled to one of the input ports of the sub-channel combiner module 126. Thus, the

second DRC 127c couples the second shifter 127b to the sub-channel combiner module 126.
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. The third filter 127a has filter characteristfcs in association thereto and is, for example, a high pass
filter which is configufed to filter the input combination signal such that high audio frequency signals
having audio frequencies above, for example, 2KHz are received and processed by the second DRC
- 127c¢ whereas bass to mid-range audio frequency signals having frequencies-below, for example,
2KHz are filtered off and receipt by the second DRC 127¢ thereof can thus be impeded. An example
of a high pass filter is a first order high pass Butterworth filter having a -3dB cutoff frequency at 2KHz.
, Therefore, the third filter 127a can be configured such that high audio frequ'ency signals can be

extracted from the inpuf combination signal for further processing by the second DRC 127c.

‘As earlier mentioned, filter characteristics can include parameters such as type of filter, filter order

and -3dB cutoff frequency.

The second shifter 127b is, for exarhplé, an all pass filter (APF) which functions to phase shift high
- audio frequency signals received from the second filter 127a so as to compensate phase shift due to,

for example, propagation delay incurred during signal processing at the input module 110.

The second DRC 127c¢ receives the phase shifted high audio frequency signais from the second
shifter '127b and processes them in a manner which is analogous to the first DRC 125b, thus

producing processed high audio frequency signals.
The second DRC 127¢ will also be discussed later, in further detail, with respect to Figs. 4 and 6.

The sub-channel combiner module 126 subsequently receives and further processes the prdcessed

high audio frequency signals, as will be described later in greater detail.

Referring yet again to Fig. 2a and Fig. 2¢, the mid-range frequency processing portion 128 includes a
fourth .filter 128a which is coupled to a mixer in the mixer array of the mixer portidn 114, and which
receives the input combination signal therefrom. The mid-range frequency processing portion 128
also includes a third shifter 128b and a third DRC 128c¢ having an input and an output. The third
shifter 128b couples the fourth filter 128a to fhe input of the third DRC 128c. The output of the third
DRC 128c is coupled to one of the input ports of the sub-channel combiner module 126. Thus, the
third DRC 128c¢ couples the third shifter 128b to the sub-channel combiner module 126.
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in one embodiment, the fourth filter 128aisa bandpass filter'having a high pass cutoff portion which
-3dB cutoff frequ_ency corresponds to the -3dB cutoff frequency of the first filter 125a and a low pass
cutoff portion which -3dB cutoff freqluency corresponds to the -3dB cutoff frequency of the thfrd
filter 127a. In another embodiment, the fourth filter 128a is a combination of a lowpass filter which
--3dB cutoff frequencyb corresponds to the -3dB cutoff frequency of the third filter 127a and a
highpass filter which: -3dB cutoff frequency corresponds to the -3dB cutoff frequency of the first
filter 125a. | |

in this regard, the foregoing discussion relating to the first and third filters 125a/127a analogously
applies.

Thus the fourth filter 128a filfers the input combination signal such that mid-range audio fre_qﬁency
signals having audio frequenties betWeen, fdr example, 70Hz énd 2KHz are received and processedv
by the third DRC 128c whereas bass and high audio frequency signals having frequencies, for
example, below 70Hz and above 2KHz, respectively, are filtered off and receipt by the third DRC
128c thereof can thus be impeded. Therefore, the fourth filter 128a can be Eonfigured such that
mid—range' audio frequency signals can be extracted from the input combination signal for further

processing by the third DRC 128c.

The third shifter 128b is énalogdus to the second shifter 127b. In this regard, the foregoing

discussion relating to the second shifter 127b analogously applies.

T The third DRC 128¢ reéeives'th‘e"ph’a’se*sh'ifted mid-range audio frequency signals from the third
shifter 128b and processes them in a manner which is analogous to any one of the first and second

DRCs 125b/127c, thus producing processed mid-range audio frequency signals.
The third DRC 128c will aiso be discussed later, in further detail, with respect to Figs. 4 and 6.

The sub-channel combiner module 126 subsequently receives and further processes the processed

mid-range audio frequency signals, as will be described in greater detail hereinafter.

-In one embodiment, the sub-channel combiner module 126.receives, at its input ports, the
processed second bass portion and the first bass portion from the low frequency processing portion

125. The received first bass and processed second bass portions can be processed by the sub-
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channel combiner module 126 via in-phase processing/summation, to produce’a first channel signal

at its output port.

In another embodiment, the sub-channel combiner module 126 further receives, at its input ports,
either the processed high audio frequency signals from the high frequency processing portion 127 or
the pfocessed mid-range audio frequency signals from the mid-range frequency processing portion
128. Either the received processed high audio frequency signals or the received processed mid-
"range audio frequency signals can be processed by the sub-channel combiner module 126 in
combination with the received first bass portion and received processed second bass portion via in-

phase processing/summation, to produce a first channel signal at its output port.

In a yet another embodiment, the sub-channel éqmbiner module 126 further receives, at its input
ports, the processed high audio freduency signals and the processed mid-range audio frequency
signals from the high frequency processing portion 127 and the mid-range frequency processing
portion 128, respectively. The received processed high audio frequency signals and the received
~ -processed midjrange audio frequency signals can be proc.essed by the sub-channel combiner module
126 in combination with the‘received first bass portion and received processed second bass portion.

via in-phase processing/summation, to produce a first channel signal at its output port.

The first channel signal, which is subsequently received by the output module 130, corresponds to

the earlier described Sub 1 of Fig. 1.

The second channel processing portion 124, which includes the sound stage processing portion 129

as earlier mentioned, will be described hereinafter in more detail with reference to Fig. 2a and Fig.
2d.

Referring to Fig. 2a and Fig. 2d, the sound stage processihg portion 129 inciudes a fifth filter 129a
- which is coupled to a mixer in the mixer array of the mixer portion 114, and which receives the input
combination signal therefrom. The sound stage processing portion 129 further includes a fourth
shifter 129b and a fourth DRC 129c¢ having an input and an output. The fourth shifter 129b couples
the fifth filter 129a to the input ofjthe fourth DRC 129c. The output of the fourth DRC 129c is

coupled to the output module 130. Thus, the fourth DRC 129¢ couples the fourth shifter 129b to the
output module 130. »
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The fifth filter 129a and the fourth shifter 129b are analogous to the high pass cutoff portion
“associated with the fourth filter 128a and the second shifter 127b respecfively.' In this regérd, the
foregoing description in relation to the fourth filter 128a and the second shifter 127b analbgously

applies.

The fourth DRC 129c receives, at its input, phase shifted audio frequency signals from the fourth
- shifter 129b and processes them in a manner which is analogous to any one of the first, second and

third DRCs 125b/127¢/128c, thus producing a second channel ;ignal atits output.

As mentioned earlier, conventional techniques to improve sound performance by providing a wide

stereo effect to the stereo audio output may affect quality of stereo audio output.

For example, although wide stereo effect may be provided to the stereo audio output, quality of the

stereo audio output may be adversely affected due to an effect wherein tonality of soundstage is

compromised.

The fourth DRC 129c¢ can be configured to mitigate the effect wherein tonality of soundstage is
compromised whilst providing wide stereo effect to the stereo audio output of the system 100, as
will be discussed later with reference to Figs. 4 to 6. The fourth DRC 129c¢ can further be configured

to improve directivity of the stereo audio output of the system 100 at the output portion 134, as will

also be discussed later with reference to Fig. 7.

The second channe! signal, which is subsequently received by the output module 130, corresponds

to the earlier described Sub 2 of Fig. 1.

Referring to Fig. 2a and Fig. 2e, at the output module 130, the combiner portion 132 further inciudes
a receiver portion 132¢ which is.coupled to the processing apparatus 120. The receiver portion 132c
includes a first receiver input port 132d, a second receiver input port 132e, and a plurality of
receiver output ports 132f which are coupled to the first and second combiners 132a/132b. The first

and second receiver input ports 132d/132e receives the first channel and second channel signals

respectively.
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The receiver portion 132c processes the received first channel and second channel signals in a

manner, for example via signal splitting techniques, such that both the first channel and second -

channel signalS are received by each of the first and second combiners 132a/132b.

Each of the first and second combiners 132a/132b processes the received first channel and second
channel signals from the receiver portion 132c to produce the left output and right output signals,

respectively, of Fig. 1 (i.e., Lout and Rout, respectively).

The left output and right output signals can subsequently be received at the first and second output

ports 134a/134b, respectively, of the output portion 134.

Referring to Fig. 3a to Fig. 3e, the foregoing in relation to the low frequency adjustment module
125d of Fig. 2a and Fig. 2c is further discussed via an example of a fundamental bass frequéncy signal

which can be included in the second bass portion.

As shown in Fig. 3a, the fundamental bass frequency signal is, for example, a 50Hz sinusoidal signal

310.

Referﬁng'to Fig. 3b, the harmonic generator 125g processes the 50Hz sinusoidal signal 310 to
produce a rectified signal 320 of the 50Hz sinusoidal signal 310, thereby producing harmonics

thereof. Ascan be noted from.Fig. 3b, DC offset for the rectified signal 320 is removed.

The second filter 125h can thus be implemented using a low pass filter having a 141Hz cutoff
frequency and a 24dB roll off, such that harmonics associated with frequencies below
approximately 150Hz are processed by the shifter 125i. More specifically, the 50Hz signal can have
a harmonic associated with a 100 Hz frequency which can be processed by the shifter 125i whereas
receipt, by the shifter 125i, of harmonics of the 50Hz signal above the harmonic associated with the
100Hz frequency can be impeded by the second filter iZSh. In this regard, harmonics of the 50Hz
signal above the harmonic associated with the 100Hz frequency can be examples of the
aforementioned high order harmonics whereas the harmonic of the 50Hz signal associated with the

100 Hz frequency can be an example of the aforementioned low order harmonics.

Fig. 3c illustrates a filter processed signal 330 at the second filter 125h output. The filter processed

signal 330 is compared with a bass frequency audio signal 332 associated with the first bass portion
. o . .
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_ received by an input of the sub-channel combiner module 126 via the first splitter output 125e of

the splitter 125c.

The filter processed signal 330 includes peaks 330a and troughs 330b, and the bass frequency audio
signal 332 includes peaks 332a and troughs 332b. The peaks 330a/332a and the troughs 330b/332b
are respectively indicative of positive amplitude and negative amplitude of the respective filter

>processed and bass frequency audio signals 330/332.

As can be observed in Fig. 3¢, the filter processed ‘signal 330 and the hass frequency audio signal 332
are out of phase. More specifically, the peaks 332a and troughs 332b of the bass frequency audio
signal 332 coincide, respectively, with the troughs 330b and the peaks 330a of the filter processed
signal 330. Thus, destructive interference between the filter processed signal 330 and the. bass
-frequency audio signal 332 may occur in a manner in which posftive and negative amplifudes of each

of the filter processed and bass frequency audio signals 330/332 are reduced.

In one example, a peak 330a of the filter processed signal 330 may coincide with a trough 332b of
the bass frequency audio signal 332. Thus the positive amplitude of the filter processed signal 330
may be reduced by a magnitude corresponding to, for example, the negative amplitude of the bass

frequency audio signal 332,

In another example, a trough 330b of the filter processed signal 330 may coincide with a peak 332a
of the bass frequency audio signal 332. Thus positive amplitude of the bass frequency audio signal
332 may be reduced by a magnitude corresponding to, for example, the negative amplitude of the

filter processed signal 330.

The filter processed signal 330 corresponds to the harmonics, associated with the 50Hz sinusoidal
signal 310. The bass frequency audio signal 332 is, for example, a 100Hz signal. Thus, if harmonics
of the 50Hz sinusoidal signal 310 destructively interferes with the 100Hz bass frequency signal,

fidelity of the 100Hz bass frequency signal may be adversely compromised although power

associated with harmonics of the 50Hz sinusoidal signal 310 is harnessed.

Fig. 3d itlustrates an example of a reduced signal 340 due to an effect of the aforementioned

destructive interference, wherein the positive and negative amplitudes of the bass frequency audio
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signal 332 are reduced, as compared to the bass frequency audio signal 332 illustrated in Fig. 3c, due

to destructive interference by harmonics of the filter processed signal 330.”

Thus by, for example, time shifting the generated harmonics of the filter processed signal 33Q via the
shifter 125i, as discussed earlier with respect to Fig.-Za and Fig. 2¢, such that there is a time delay
between harmonics of the filter processed signall' 330 and the bass frequency audio signals
associated with the first bass portion, the effect of destructive interference illustrated in Fig. 3d can

be mitigated.

In one embodiment, the generated harmonics of the filter processed signal 330 are shifted by the

shifter 125i such that the peaks 330a and troughs 330b of the filter processed signal 330 do not

destructively interfere with the peaks 332a and troughs 332b of the bass frequency audio signal 332.
o F )

In another embodiment, the generated harmonics of the filter processed signal 330 are shifted by
the shifter 125i such that the positive and negative amplitudes of the bass frequency audio signal
332 are increased by a magnitude corresponding to a portion of the réspective positive and negative

amplitudes of the filter processed signal 330.

In yet another embodiment, the generated harmonics of the filter processed signal 330 are shifted
by the shifter 125i such that the positive and negative amplitudes of the bass frequency audio signal
332 are increased by a magmtude correspondmg to magmtude of the respectlve posntlve and_ :

negative amplitudes of the filter processed signal 330

Fig. 3e shows an example of an amplified signal 350 wherein the positive and negative amplitudes of
the bass frequency audio signal 332 are increased, as compared to the bass frequency audio signal
332 of Fig. 3¢, by a magnitude corresponding to the positive and negative amplitudes of the filter

processed signal 330 of Fig. 3c.

Thus, as illustrated by Fig. 3a to Fig. 3e via the filter processed signal 330 and the bass frequency
signal 332, the low frequency adjustment module 125d facilitates preservation of fidelity of bass

frequency audio signals while harnessing power associated with the fundamental bass frequency

signal.
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Moreover, the low frequency adjustment module 125d facilitates amplification of bass frequency -
audio signals, as illustrated by the amplified signal 350 of Fig. 3e. Thus additional gain circuitries or
components to compensate the limitation in sensitivity of the human ear at bass audio frequencies

“are not required.

The first to fourth DRCs 125b/127¢/128¢/129c can be cdnfigured in accordance with DRC settings
which can be derived based on a loudness DRC graph 400 and a soundstage graph 500 as shown in
Fig. 4 and Fig. 5 respectively. More specifically, the DRC settings associated with the first to third
DRCs 125b/127¢/128¢ can be derived based on the loudness DRC graph 400 as shown in Fig. 4 and
the DRC setting associated with the fourth DRC 129c¢ can be derived based on the soundstage graph
500 as shown in Fig. 5.

Referring to Fig. 4, the loudness DRC graph 400, which can be baséd on international standards for
equal-loudness level contours {1ISO 226 :2003), is shown. The loudness DRC graph 400 includes a first
loudness DRC curve 410a, a second ioudness DRC curve 410b, a third loudness DRC curve 410c, a
fourth loudness DRC curve 410d and a fifth loudness DRC curve 410e. Each of the first to fifth
loudness DRC curvesv 410a to 410e corfeSponds to a frequency, measured in hertz (Hz), within the
range of, for example, 50Hz to 10KHz. For example, the first to fifth loudness DRC curves 410a to

410e correspond to frequencies of 50Hz, 70Hz, 1KHz, 3KHz and 10KHz respectively.

v The loudness DRC graph 400 further includes a sound pressure axis 420 which measures sound

pressure Ie\)el in dB SPL and a loudness axis 430 which measures loudness level in phons.

The loudness DRC graph 400 can be used to derive DRC settings associated with the first to third

DRCs 125b/127¢/128c, as will be discussed later in greater detail with reference to Fig. 6.

Referring to Fig. 5, a soundstage graph 500 is shown. The soundstage graph can be based on various
scenarios such as the exemplary scenario 141 mentioned in Fig. 1b. More specifically, the
soundstage graph 500 can be associated with the aforementioned the out-of-phase processed sub-

signals (symbolized as “sub 2” in equation 4).

The soundstage graph 500 includes a gain axis 510 and a phase axis 520. The gain axis 510 can be . -
indicative of g'ain of the second channel signal received at each of the first. and second combiners

132a/132b of the output portion 134. The phase axis 520 can be indicative of the phase difference
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between the left output and right output signals received at the respective first and second output

ports 134a/134b of the output portion 134.

More specifically, the gain axis 510 can be associated with the multiplication factor, symbolized as
“K2”, in equation 4 whereas the phase axis 520 can be associated with the predetermined right and

left recording angles 140a/140b.

The soundstage graph 500 also includes a first DRC setting curve 530a, a second DRC setting curve
530b, a third DRC setting curve 530c and a fourth DRC setting curve 530d. The soundstage graph
500 further includes an original sound stage indication axis 540. The original sound stage indication

axis 540 corresponds to the earlier mentioned tonality of soundstage.

The soundstage graph 500 can be used to derive DRC setting in association with the fourth DRC 129c.
For example, each of the first to fourth DRC setting curves 530a to 530d corresponds to an
expansion ratio for the DRC setting in association with the fourth DRC 129¢c. More specifically, for
example, the first to fourth DRC setting curves 5303/530b/530c/530d correspond to expansion
ratios of 1:1, 1.2:1, 1.5:1 and 2:1, respectively. |

As mentioned earlier, based on loudness DRC graph 400 and the soundstage graph 500, DRC settings
associated with the first to fourth DRCs 125b/127¢/128c/129¢c can be derived. DRC settings

asSociated with the first to fourth DRCs 125b/127¢/128¢/129¢ will be discussed in greater detail
" hereinafter with reference to Fig. 6. . ' |
Fig. 6 iII.ustrates a DRC setting gl;aph 600 in which a first DRC setting‘plot 600a, a second DRC setting
plot 600b, a third DRC setting plot 600c and a fourth DRC setting plot 600d are shown. The first DRC
setting plot 600a includes a first setting portion 602a, a second setting portion 602b and a third
setting portion 602c. The DRC setting graph 600 includes an input axis' 610 which is indicative of
magnitude of an audio sighal input and an output axis 620 which is indicative of magnitude of an

audio signal output. Both the audio signal input and output are measured in decibels (dB).

The first to fourth DRC setting plots 600a/600b/600c/600d correspond to the first to fourth DRCs
125b/127¢/128¢/129¢ respectively. Each of the first to fourth -DRC setting plots
600a/600b/600c/600d is indicative of DRC setting for each corresponding first to fourth DRCs
125b/127¢/128¢/129c. |
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Thus the input and output axes 610/620 of the DRC setting graph 600 generally relate to magnitudes

of audio signals at, respectively, the input and output of the first to fourth DRCs
125b/127¢/128¢/129c.

In one example, magnitude of an audio signal input indicated by the input axis 610 and magnitude of
an audio signal output indicated by the output axis 620, with respect to the first DRC setting plot
600a, correspond to, respectively, magnitude of a bass frequency audio signal at the input of the
first DRC 125b and magnitude of a processed bass frequency audio signal at the output of the first
DRC 125b.

In a further example, with respect to the fourth DRC setting blot 600d, magnitude of an audio signal
input indicated by the input axis 610 and magnitude of an audio signal output indicated by the
output axis 620 correspond, respectively, td magnitude of the aforementioned phase shifted audio
frequency signals at the input of the fourth DRC 129b and magnitude of the aforementioned second

channel signal at the output of the fourth DRC 129b.

The above discussion pertaining to the input and output axes 610/620 of the DRC setting graph 600,
with respect to the first and fourth DRC setting plots 600a/600d, applies analogously to each of the
second and third DRC setting plots 600b/600c.

" The DRC settmg correspondmg to each of the first to fourth DRCs 125b/127c/128c/129c can include
at least one of expansion ratio, compressmn ratio and llnear ratio. The linear ratio, expansion ratlo_ _
and compression ratio correspond, respectively, to linear dynamic range processing, manipulation of
dynamic range via expansion and manipulation of dynamic range via compression, as discussed

earlier with respect to Fig. 2a to Fig. 2d.

The firsf to third DRC setting plots 600a to 600c are based on the loudness DRC graph 400 of Fig. 4.
The fourth DRC setting plot 600d is based on the soundstage graph 500 of Fig. 5.

Taking reference to the first to fifth loudness DRC curves 410a to 410e of Fig. 4 at various
frequencies, the DRC setting for each of the first to third DRCs 125b/127¢/128c corresponding to the

aforementioned various frequencies can be derived.
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For examp‘ie, the first DRC setting plot 600a corresponding to the first DRC 125b, which is associated
to processing of bass audio frequency signals in the low frequency processing portion 125 of the
processing apparatus 120, can be derived by taking reference to loudness DRC curves which are
associated with bass audio frequency signals. Such DRC loudness curves include the first and second
loudness DRC curves 4105/410b, of Fig. 4, which are associated with bass frequencies of 50Hz and

70Hz respectively.

The above example of the first DRC setting plot 600a corresponding to the first DRC 125b
analogously applies to the second and third DRC setting plots 600b/600c corresponding to the
second and third DRCs 127¢/128c respectively.

Referring to the first DRC setting plot 6003, the first setting portion 602a is a high-level input pdrtion
in which magnitude of an audio signal input ranges approximately from, for exarﬁple, -25dB to 0dB.
The second setting pdrtion 602b is a mid-level input portion in which magnitude of an audio signal
input ranges approximately from, for example, more than -90dB to less than -25dB. The third setting
portion 602c is a low level input portion in which magnitude of an audio signal input ranges
approximately from, for example, more than -13068 to less than -80dB. The third setting portion
602c can correspond to the aforementioned bass audio frequency signals associated with iow level

magnitudes as discussed with reference to Fig. 2a and Fig. 2c.

Thus, at the first setting portion 602a, neither manipulation of dynamic range via compression nor
manipulation of dynamic range via expansion may be required. Therefore it is possible to configure

the first DRC 125b to have a DRC s"etting‘ corresponding to a linear ratio at the first setting portion
602a. |

Additionally, it may be desired to manipulate dynamic range such that difference between
magnitudes of audio signals at the input and output of the first DRC 125b is iesser at the second
setting portion 602b, as corhpared to that of the'third setting portion 602c. In this respect, dynamic

range of the third setting portion 602c is higher than dynamic range of the second setting portion
602b.

More specifically manipulation of dynamic range via compression and manipulation of dynamic
range via expansion may be desired at the second setting portion 602b and the third setting portion

602c, respectively. Therefore it is possible to configure the first DRC 125b to have a DRC setting
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corresponding to a compression ratio and an expansion ratio at the second and third setting

portions 602b/602c, respectively.

By configuring the first DRC 125b in. a manner such that the third setting portion 602c has a higher
dynamic range compared to the second setting portion 602b, bass audio frequency signals at the low
level input portion can be processed to produce processed bass audio frequency signals which can
_be distinguished from the aforementioned noise signals associated wifh system noise floor. Thus

mitigating poor noise performance due to noise signals associated with system noise floor.

In one example, the first DRC 125b can be configured, with reference to a sound pressure threshold
of 85 to 90dB SPL per meter, based on the first and second loudness DRC curves 410a/410b of Fig. 4.
The DRC setting of the first DRC 125b includes a linear ratio of 1:1 and a compression ratio between
1.2:1 ahd 2:1. The DRC sefting of the first DRC 125b further includes an expansion ratio which is
substantially similar to that of the fourth DRC setting plot 600d. The fourth DRC setting plot 600d

will be discussed later in greater detail.

Referring to the second DRC setting plot 600b, the second DRC 127c can be configured to

manipulate dynamic range via compression.

In one example, the second DRC 127c can be configured, with reference to a sound pressufe
threshold of 80 to 85 90dB SPL per meter, based on the fourth and fifth loudness DRC curves
410d/410e of Fig. 4. The DRC setting of the second DRC 127c includes a compression ratio of 1.2:1.

Referring to the third DRC setting plot 600c, the third DRC 128¢ can be configured for linear dynamic
range processing. Thus the DRC setting of the third DRC 128c includes a linear ratio of 1:1.

As mentioned earlier, the fourth DRC setting plot 600d is based on the soundstage graph 500 of Fig.
5. Hence, taking reference to the first to fourth DRC setting curves 530a to 530d of Fig. 5, the DRC
setting, in association with the fourth DRC setting plot 600d, for the fourth DRC 129¢ can be derived

as will be discussed hereinafter.

As discussed with reference to Fig. 2a and Fig. 2d, the fourth DRC 129c can be configured to mitigate

the effect wherein tonality of soundstage is compromised whilst providing wide stereo effect to the
stereo audio output.
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Further discussed with reference to Fig. 2a and Fig. 2d, soundstage can generally be associated with
considerations such as sense of width, depth and height of the stereo audio output as experienced
by a user when listening to the stereo audio output of the system 100. Thus considerations
associated with soundstage can includé considerations related to the predetermined right and left

recording angles 140a/140b.

Thus referring to the soundstage graph 500, the gain indicated at the gain axis 510 with respect to a
phase difference within a range of 60 to 120 degrees, indicated at the pHase axis 520, is

representative of wide stereo effect performance of the system 100.

Extent to which original recordings, by the recording device 140, of the location associated with left
' ahd right channel audio signals is féithfully reproduced, is indicated by the difference in gain,
indicated at the gain axis 510, between the phase difference of 30 degrees indicated at the phase

axis 520 and the original soundstage axis 540.

. More specifically, taking reference to a phase difference of, for example, 90 degrees at the phase
axis 510, the gain indicated at the gain axis 510 with reference thereto shouid ideally be as high as
possible in respect of ideal wide stereo effect performance of the systém 100. The difference in gain,
indicated at the gain axis 510, between the phase difference of 30 degrees indicated at the phase
axis 520 and the original soundstage axis 540 should ideally be as low as possible to indicate faithful
reproduction of ofigin"al recordings by the recording device 140. Thus tonality of soundstage is
considered to be substantially preserved when difference in gain between the phase difference of 30

degrees indicated at the phase axis 520 and the original soundstage axis 540 approaches a null value.

Referring again to the soundstage graph 500, the first DRC setting curve 530a, in comparison with
the second to fourth DRC setting curves 530b/530c/530d, provides the highest gain, indicated at the
gain axis 510, with respect to tHe phase difference of 90 degrees indicated at the phase axis 520. In
this regard, the first DRC setting curve 530a, corresponding to an expansion ratio of 1:1, ‘is ideal in

respect of ideal wide stereo effect performance of the system 100.

However, the gain difference between the phase difference of 30 degrees indicated at the phase axis
520 and the original soundstage axis 540 of the first DRC setting curve 5303, in comparison with the
second to fourth DRC setting curves 530b/530¢/5304d, is also the highest.
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Thus although ideal wide stereo effect performance of the system 100 can be achieved by
configuring the fourth DRC 129c in accordance with the first DRC setting curve 530a, it can be

appreciated that tonality of soundstage is compromised.

Referring yet again to the soundstage graph 500, the second DRC setting curve 530b, in comparison
with the first, third and fourth DRC setting curves 530a/530c/530d, provides the smallest gain
difference between the phase difference of 30 degrees indicated at the phase axis 520 and the

original soundstage axis 540.

Additionally, it is also notable that, for the second DRC setting curve 530b, the gain indicated at the
gain axis 510 with respect to the phase difference of 90 degrees indicated at the phase axis 520, is

comparable with respect to that of the first DRC setting curve 530a.

Thus by configuring the fourth DRC 129c in accordance with the second DRC setting curve 530b,
corresponding to an expansion ratio of 1.2:1, wide stereo effect to the stereo audio output can be

provided without substantially compromising tonality of soundstage.

Therefore, the fourth DRC setting plot 600d, as illustrated in Fig. 6, can correspond to the expansion
ratio of 1.2:1, in accordance with the second DRC setting curve 530b_. Thus, based on the fourth DRC
setting plot 600d, the fourth DRC 129c can be configured to manipulate dynamic range via expansion

- corresponding to an expansion ratio of 1.2:1.

A graphical representation in association with each of the DRC setting of the fourth DRC 129¢ and
the DRC settings of the first to third DRC 125b/127c/128c¢ is provided as shown in Fig. 7 and Fig. 8

respectively.

Referring to Fig. 7, a polar plqt 700 in association with the DRC setting of the fourth DRC 129c¢ is
shown. The polar plot 700 can be based on the exemplary scenario 141 of Fig. 1b and the
soundstage graph 500 of Fig. 5.

The polar plot 700 illustrates, with respect to various audio frequencies, input/output ratio in
conjunction with tonality of soundstage. The input/output ratio can be a measure of ratio of

magnitudes of the right and left channel audio signals, received by the audio source input portion
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112, with respect. to magnitudes of the right and left output signals respectively, received at the

output portion 134.

The pol.ar plot v700 includes a blurality’ of cbncentric axis, each of which corresponds to an
input/output ratio measured in dB(relative) (dBR). More specifically, the polar plot 700 includes a
first to tenth concentric axis 700a to 700j, eéch of which corresponds to an input/output ratio
ranging between 3dBR to -27dBR. For exahple, the second concentric axis 700b corresponds to an
input/output ratio of 0dBR and the fifth concentric axis 700e corresponds to an input/output ratio of
-9dBR.

The polar plot 700 also includes a plurality of tonality axis corresponding to the tonality of
soundstage. A tonality axis within the plurality of tonality axis can correspond to, for example, the
recording incident axis 142, the predetermined right recording angle 140a or the predetermined left
recording angle 140b. More specifically, the polar plot 700 includes a first tonality axis 702a,
associable .with an angle of O degrees, corresponding to the recording incident axis 142. The polar
plot 700 further includes a second tonality axis 702b, associable with an angle of 30 degrees, and a
third tonality axis 702c,.associa_ble with an angle of -30 degrees. The second and third tonality axes
702b/702c correspond to the predetermined right and left recording angles' 140a/140b, respectively,
each of which having a predetermined angle of 30 degrees. The polar plot 700 can further include a

fourth tonality axis 702d and a fifth tonality axis 702e.

As noted in the polar plot 700, the second and third tonality axes 702b/702c are associable with an
angle of 30 degrees and an angle of -30 degrees respectively. The difference in polarity of the angles

is indicative of the relative positioning of the second and third tonality axes 702b/702c with respect

to the first tonality axis 702a.

The polar plot 700 further includes a first polar curve 710 corresponding to a first audio frequency
and a second polar curve 720 corresponding to a second audio frequency. The first audio frequency

is, for example, a 4 KHz sinusoidal wave and the second audio frequency is, for example, an 8 KHz

sinusoidal wave.

As shown, input/output ratio in conjunction with tonality of soundstage is illustrated with respect to

the first and second polar curves 710/720.
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As earlier mentioned, the input/output ratio can be a measure of ratio of magnifudes of right and
left channel audio signals, received by the audio source input portion 112, with respect to

magnitudes of right and left output signals respectively, received at the output portion 134,

Thus, the ratio of the magnitude of the right channel audio signal and the magnitude of the right
output signal can. be the input/output ratio corresponding to the second tonality axis 702b. The
ratio of the magnitude of the left channel audio signal and the magnitude of the left output signal

can be the input/output ratio corresponding to the third tonality axis 702c.

The input/output ratio provides an indication of performance of the system 100 in association with

directivity of the stereo audio output at the output portion 134,

The first and second polar curves 710/720 correspond to response, in terms of directivity of the
stereo audio output of the system 100, of 4 KHz/ 8KHz audio signals at the output portion 134 when

the fourth DRC 129c is configured in accordance with the second DRC setting curve 530b.

The response will be described in further detail hereinafter with respect to the first polar curve 710.
As the responses for both of the first and second polar curves 710/720 are substantially similar, the

following discussion with respect to the first polar curve 710 applies analogously to the second polar

curve 720.

As shown, the first polar curve 710 intersects the second and third tonality axes 702b/702c at a first

intersection point 7103 and at a second intersection point710b respectively.” The first polar curve——

710 further intersects the fourth and fifth tonality axes 702d/702e at a third intersection point 710c¢

and a fourth intersection point 710d respectively.

Further shown, the first and second intersection points 710a/710b define a first input/output range
710f. The first and third intersection points 710a/710c define a second input/output range 710g.
The second and fourth intersection points 710b/710d define a third input/output range 710h. The

"input/output ratios within the first input/output range 710f are higher in comparison with the

input/output ratios within either the second input/output range 710g or the third input/output
range 710h.
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For exampie, an input/output ratio within the first input/output range 710f may range substantially
between 0 to 3 dBR whereas within the second input/output range 710g, approaching the third

intersection point 710c, an input/output ratio may range substantially between -9 to 0dBR.

Thus input/output ratios within the first input/output range 710f indicate better directivity of the
stereo audio output of the system 100 at the output portion 134 compared to that of input/output
ratios within either the second or third input/output ranges 710g/710h.

Therefore, when the fourth DRC 129c is configured in accordance with the second DRC setting curve
530b, corresponding to an expansion ratio of 1.2:1, performance of the system 100 in association

with directivity can be improved.

Referring to Fig. 8, an output graph 800 depicting frequency response at the output module 130 of
the system 100 is shown. More particularly, the output graph 800 depicts frequency response in
association with the left output signal received at the first output port 134a of the output portion

134,

The output graph 800 can generally be segmented into a first frequency response portion 800a, a
second frequency response portion 800b and a third frequency response portion 800c. Furthermore,
the output graph 800 includes an output level axis 810 indicating outhut sound pressure level (SPL)
measured in dBSPL and a frequency axis 820 indicating output aﬁdio frequency measured in Hz or

KHz.

An output audio frequency indicated at the frequency axis 820 éorresponds to a frequency in
association with the left output signal received at the first output port 134a of the output portion
134. Additionally, an output SPL indicated at the output ievel axi_s 810 corresponds to a magnitude
in association with the left output signal received at the first output port 134a of the output portion

134,

Frequency response in association with the left output signal received af the first output port 134a
of the output portion 134 can be depicted in the output graph 300 via a first response curve 830, a
sécond response curve 840, a third response curve 850 and a fourth response curve 860. In general,
the frequency responses depicted by the first to fourth response cﬁrves 830/840/850/860 are
similar, and differ only in respect to the output SPL, with respect to each other.
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The first to fourth response curves 830/840/850/860 can be based on, for example, the reference
géin level associated with the audio source earlier mentioned-in Fig. 1a. The differences in the
output SPLs of the first to fdurth response curves 830/840/850/860 correspond to, for example, the
corresponding reference gain levels based on corresponding adjustments of the adjustable gain
using the adjustable gain module of the audio source. For exarﬁple, the first response curve 830
corresponds to a higher reference gain level compared to any of the second to fourth response
curves 840/850/860. The fourth response curve 860 corrésponds to a lower reference gain level

compared to any of the first to third response curves 830/840/850.

In this regard, the output graph 800 will be discussed hereinafter with respect to the first response
curve 830. It is understood that the discussion with respect to the first response curve 830 applies

analogously to the second to fourth response curves 840/850/860.

As mentioned earlier, the output graph 800 can generally be segmented into a first, a second and a
third fre.quency response portion 800a/800b/800c. Thus the first response curve 830 can similarly
- be segmented according to the first, second and third frequency response portions 800a/800b/800c.
The first response curve 830 includes a first response point 830a, a second response point 830b and

a third response point 830c.

As shown, the first frequency response portion 800a can be a low frequency response portion having
-“ a frequency range which includes output audio frequehcies of 100Hz to 200Hz. The second response ‘
portion 800b can be a mid range frequency response porfion having a frequency range which
includes output audio frequencies of 500Hz to 2KHz. The third response portion 800c can be a high
frequency response portion having a frequency range which includes output audio frequencies of
5KHz to 20KHz. The first, second and third response points 8303/830b/.830c can each correspond to
an output audio frequency within the first, second and third response portions 800a/800b/800c,
respectively. - For example, the first response point 830a"'corresponds to a 160Hz output audio
frequency, the second response point 830b corresponds to a 900Hz output audio frequency and the

third respond point 830c corresponds to a 10KHz output audio frequency.

As can be observed from the output graph 800, the output SPLs associated with first and third
response portions 800a/800c are notably higher compared to that of the second response portion

800b. Particularly, the first response point 830a and the third response point 830c correspond,
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respectively, to output SPLs of 95 and 90 dBSPL whereas the second response point 830b
corresponds an output SPL of less than 85dBSPL. Thus the output SPL associated with each of the

first and third response points 830a/830c is higher compared to that of the second response point
830b.

Thus, with the first, second and third DRCs 125b/127c/128c configured in the aforementioned
manner as discussed with reference to Fig. 2a and Fig. 2c, the output SPLs associated with the first
and third response portions . 800a/800c can be notably higher as compared to that of the second
responsé portion 800b. Therefore, perceived loudness of the audio frequencies at the extremities of
the audio range can be improved, thus compensating limitation in sensitivity of the human ear at the

extremities of the audio range.

in view of thé foregoing, it can be appreciated that various embodiments of the system 100, which
includes the low frequéncy processing portion 125, is generally capable of facilitating the
preservation of fidelity of bass audio frequency signals while harnessing power associated with the
fundamental bass frequency signal. Moreover, the low frequency processing portion 125 facilitates
amplification of bass audio frequency signals without having to include additional gain circuitries or
components to compensate the limitation in sensitivity of the human ear at bass audio frequencies.
Additionally, the low frequency processing portion 125 further facilitates the mitigation of poor

noise performance due to noise signals associated with system noise floor.

. Furthermore, various embodiments of the system 100 which includes the soundstage processing
portion 129 is further generally capable of 'providing wide stereo effect to the stereo audio output
without substantially compromising tonality of soundstége. Additionally, the soundstage processing
portion 129 facilitates improvement in performance >of the system 100 in association with directivity

of the stereo audio output at the output portion 134.

Referring to Fig. 9a to 9¢, a processing method 900, in accordance with another embodiment of the
disclosure, is preferably implemented in association with the system 100. Fig 9a provides an
overview of the method 900 which includes an input step 910, a signal processing step 920 and an
output step 930. The signal _processing step 920 includes at least one of a first channel processing
step 942 and a second channel processing step 944. Fig. 9b and Fig. 9¢, respectively, illustrate the

first and second channel processing steps 942/944 in further detail.

34



WO 2012/008923 PCT/SG2011/000216

Referring to Fig. 9a, at the input step 910, left and right channel audio signals from an audio source
are received at the input module 110. The left and right channel audio signals can be processed at
the input module 110 and communicated ‘as one or more input- combination signals to the

processing apparatus 120, at the signal processing step 920, where they are further processed.

In one embodiment, at the signal processing step 920, the one or more input combination signals
can be processed at the first channel processing step 942. In anothér embodiment, at the signal
processing step 920, the one or more input combination signals can be processed at the second -
channel processing sfep 944. In yet another embodiment, at the signal processing step 920, the one
or more input combination signals can be processed at the first channel processing step 942 and the

second channel processing step 944.

At the first channel processing step 942, which will be discussed later in further detail with respect
to Fig. 9b, at least one inpuf combination signal can be processed at the first channel processing
portion 122 to produce the first channel signal. At the second channel processing step 944, which
will be discussed later in further detail with respect to Fig. 9c, af least one input combination signal
can be processed at the second channel processing portion 124 to produce the second channel

signal.

At the output step 930, either one or both of the first and second channe! signals can be
communicated to, and received at, the output module 130. The first and second channel signals can

thus be further processed to produce the left and right output signals.

Referring to Fig. 9b, the first channel processing step 942 includes an extraction step 942a, a

dynamic range processing step 942b, a splitting step 942c, an adjustment step 942d and a combining

step 942e.

At the extraction step 942a, bass frequ_éncy audio signals can be extracted from the at least one

input combination signal via the first filter 125a.

At the dynamic range processing step 942b, the bass frequency audio signals can be pr.ocessed, by
the first DRC 125b, via at least one of linear dynamic range processing, manipulation of dynamic
range via compression and manipulation of dynamic range via expansion to produce processed bass
frequency audio signals. '
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At the splitting step 942c, the processed bass frequency audio signals can be processed by the

splitter 125c¢ to produce the first bass portion and the second bass portion.

At the adjustment step 942d,.the second bass portion can be processed by the low frequency

adjustment module 125d to produce the processed second bass portion.

At the combining step 942e, the first bass portion and the processed second bass portion can be

processed by the sub-channel combiner 126 to produce a first channel signal.

Referring to Fig. 9¢, the second channel processing step 944 includes a dynamic range manipulation
step 944a where the at least one input combination signal can be processed by the fourth DRC 129c¢
via manipulation of dynamic range by expansion corresponding.to an expansion’ ratio, thereby

producing the second channel signal. The expansion ratio can be an expansion ratio of 1.2:1.

in the foregoing manner, various embodiments of the disclosure are described for addressing at
least one of the foregoing disadvantages. Such embodiments are intended to be encompassed by
the following claims, and are not to be limited to specific forms or arrangements of parts so
described and it will be apparent to one skilled in the art in view of this disclosure that ﬁumerous
changes and/or modification can be made, which are also intended to be encompassed by the

following claims.
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Claims

1. A processing apparatus suitable for signal communication with a system having at least one
of an input module and an output modulé, the processing.apparatus being configurable to receive
input signals from the input module of the system, the processing apparatus comprising:

a first channel processing portion to which the input signals are communicable, the
first channel processing portion being configurable tovreceive and process the input signals,
the input signals being processed in a manner such that bass frequency audio signals are
extraéted from the input signals, the bass frequency.audio signals being further processed
via at feast one of linear dynamic range processing, manipulation of dynamic range via
compression and manipulation of dynamic range via expansion, the first channel processing
portion comprising:

a low frequency processing portion which includes:

a first dynamic range cbmpressor {DRC) which receives and
processes the bass frequency audio signals via at least one of linear dynamic
range processing, manipulation of dynamic range via compression and
rﬁanipulation of dynamic range via expansion to produce processed bass
frequency audio signals;

a splitter which is coupled to the first DRC and which receives and
further processes the processed bass frequency audio signals to produce a
first bass portion and a second bass portibn; and

a low frequency adjustment module which is coupled to the splitter
and which receives and processes the second bass portion to produce a

- processed second bass portion, and .
a sub-channel combiner module coupled to the splitter and the low
frequency adjustment module, the sub-channel combiner module receiving and

processing the first bass portion and the processed second bass portion to produce a

first channel signal,

wherein the first channel signal is communicable to the output module.

2. The processing apparatus of claim 1 further comprising:
a second channel processing portion to which the input signals are communicable,

the second channel processing portion being configurable to receive and process the input
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signals via manipulation of dynamic range by expansion corresponding to an expansion ratio,
thereby producing a second channel signal,

wherein the second channel signal is communicable to the output module.

3 The processing apparatus of claim 2 wherein the first channel processing portion further
comprises at least one of a high frequency processihg portion and.a mid-range frerquency processing
portion, each of the high and mid-range frequency processing portions being configurable to receive -
and process the input signals, the input signals being processed in a manner such that high audio
frequency signals and mid-range audio frequency signals are extracted from the input signals by the

high and mid-range frequency processing portions_ respectively.

4.  -The processing apparatus of claim 3,

wherein the high frequency processing portion includes a second DRC and the mid-
range frequency processing portion includes a third DRC,

wherein the high and mid-range audio frequency signals are received and processed,
respectively,.b'y the second and third DRCs to produce, respectively, processed high audio
frequency signals and processed mid-range audio frequency signals, and

wherein the second DRC is configured to process the high audio frequency signals
via manipulation of dynamic range via compression which corresponds to a compression
ratio and the third DRC is configured to process the mid-range audio frequency signals via

linear dynamic range processing.

5. The processing apparatus of claim 4 wherein the second DRC is configured to process the
high audio frequency signals via manipulation of dynamic range via compression corresponding to a
compression ratio of 1.2:1 and the third DRC is configured to process the mid-range audio frequency

signals via linear dynamic range processing which corresponds to a linear ratio of 1:1.

6. The processing apparatus of claim 3 wherein the second channel processing portion includes
a fourth DRC via which the input signals are processed via manipulation of dynamic range by

expansion, thereby substantially preserving tonality of soundstage. -

7. The processing apparatus of claim 3, wherein at least one of the processed high frequency
audio signals and the processed mid-range frequency audio signals are further receivable by the sub-
channel combiner module for processing to produce the first channel signal
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8. The processing épparétﬁs of claim 2,

wherein the second channel procéssing portion is configured tb receive and process
the input signals via manipulation of dynamic range by expansion éorresponding to an

expansion ratio of 1.2:1, and
wherein the first dynamic range compressor (DRC) which receives and processes the
bass frequency audio signals via at least one of linear dynamic range processing
corresponding to a linear ratio of 1:1, manipulation of dynamic range via compression
" corresponding to a compression ratio between 1.2:1 and 2:1, and manipulation of dynamic

range via expansion corresponding to an expansion ratio of 1.2:1.

9. The - processing apparatus of claim 1 wherein the second bass portion includes a
fundamental bass frequency signal and the low frequency adjustment module corhprises:

a harmonic generator which receives and processes the second bass portion in a manner
such that 'hafmonics of the fundamental bass frequenéy signal are generated, the generated
harmonics including high order harmonics and low order hafmonics;

a filter coupled to the harmonic generator for processing the generated harmonics such that
communication of high order harmonics is impeded; and |

a shifter which is coupled to the filter and which is configured to reteive and process the low
order harmonics in a manner such that there is an offset between the harmonics of the fundamental

bass frequency signal and bass frequency audio signals associated with the first bass portion.

10. The processing apparatus of claim 9, wherein the shifter is configured to time shift the low

order harmonics and the offset is a-time delay.

11. The apparatus of claim 1,

- wherein the system is associable with system floor noise_to which noise signals are

associable, and

wherein bass audio frequency signals associated with Tow level magnitudes are
distinguishable from noise signals when the first DRC is configured to manipulate dynamic
" range by expénsion. '

12. The apparatus of claim 1,
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wherein the system is associable with system floor noise to which noise‘signals are
associable, and
~ wherein the low frequency processing portion further includes a low pass filter (LPF)

“which is coupled to the first DRC, the LPF configurable to at least one of process the input

signals such that bass frequency audio signals are extracted from the input signals and - '

substantially_filfer the noise signals thereby impeding communication,théreéfit'bj th_e’,,first" ‘_7".'

DRC.

13. The apparatus of claim 1,
| wherein the system is associable with system:floor noise to which noise signals are
associable, » »
“wherein the low frequency processing portion further includes a low pass filter {LPF)
which is coupled to the first DRC, the LPF configurable to at least one of process the input
signals such that bass frequency audio signals are extracted from the input signals and
substantially_filter the noise signals thereby impeding communication thereof to the first
DRC, and A
wherein bass audio frequency signals associated with low level magnitudes are

distinguishable from noise signals when the first DRC is configured to manipulate dynamic

range by expansion.

14. A method for processing signals communicatedv from an audio source, the signals
_communicated from the audio source include a left channel audio signal and a right channel audio
source, both of which being processable to produce at least one input combination signal, the
method comprising:

a signal processing step which includes a first channel processing step at which the at least
one input combination signal is received and processed at a first channel processing portion,
processing the at least one input combination signal at the first channel processing portion includes:

extracting, via an extraction step, bass frequency audio signals from the at least one

input combination signal; v

processing, via a dynamic rangé processing step, the bass frequency audio signals via
at least one of linear dynamic rangé processing, manipulation, of dynamic range via

compression and manipulation of dynamic range via expansion to produce processed bass

frequency audio signals;
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processing, via a splitting step, the processed bass frequency audio‘ signals to
produce a first bass portion and a second bass portion; )

processing, via an adjustment step, the second bass portion to produce a processed
second b.ass portion; and '

processing, via a combining'sfep, the first bass portion and the processed second..

" bass portion to produce a first channel signal.

15. The method of claim 14 wherein the signal processing step further includes a second
channel processing step at which the at least one input combination signal is further received and
processed by a second channel procéssing portion, and

wherein processing of the at least one input combination signal by the second channel
processing portion includes manipulation of dynamic range, via a dynamic range manip_ulationvstep,

by expansion corresponding to an expansion ratio, thereby producing a second channel signal.
16. The method of claim 15 wherein the expansion ratio-is 1.2:1.

17. The method of daim 14 wherein the second bass portion includes a fundamental bass
frequency signal and processing the second bass portion to produce a processed second bass
portion includes: | |

processing, via a har‘monic generator, the second bass portion in a manner such that
harmonics of the fundamental bass frequency signal are gehe’rated, the generated harmonics
including high order harmonics and low order harmonics;

processing the generated harmonics, via a filter, such that communication of high order
~ harmonics is impeded; and

processing the low order harmonics, via a shifter, in a manner such that there is an offset
between the harmonics of the fundamental bass frequency signal and bass frequency audio signals

associated with the first bass portion.

18.  The method of claim 17 wherein processing the low order harmonics via the shifter includes
time shifting the low order harmonics such that there is a time delay between the harmonics of the

fundamental bass frequency signal and bass frequency audio signals associated with the first bass

portion.
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19. ‘The method of claim 14 wherein processing the bass frequency audio signals via the first
DRC includes at least one of: ' |

linear dynamic range processing corresponding to a linear ratio of 1:1;

manipulation of dynamic range via compréssiion corresponding to a compression ratio
between 1.2:1 and 2:1; and

manipulation of dynamic rahge via expansidn corresponding to an expansion ratio of 1.2:1.

20. A p;ocessing apparatus suitable for signal communication with a systém having at least one
of an input module and an output module, the processing -apparatus being configurable to receive
input signals from the input module of the system, the processing apparatus comprising:

a first channel processing portion to which the input signals are communicable, the
first channel processing portion being configurable to receive and process the input signalis,
the input signals being processed in a manner such that bass frequency audio signals are
extracted from the input signals, the bass frequency audio signals being further processed
via at least one of linear dynamic range processing, manipulation of dynamic range via
compression and manipulation of dynamic range via expansion, the first channel proceséing
portion comprising:

a low frequency processing portion which includes:

a first dynamic range cbmpressor (DRC) which receives and
processes the bass frequency audio signals via at least one of linear dynamic
range proceséing, manipulation of dynamic range via compression and
manipulation of dynamic range via expansion to produce processed bass
frequency audio signals;

a splitter which is coupled to the first DRC ahd which receives and
further processes the processed bass frequency audio signals to produce a
firsf bass portion and a second bass portion; and

a low frequency adjustment module which is coupled to the splitter
and which receives and processes the second bass portion to produce a
processed second bass portion, and _

a sub-channel combiner module coupled to the splitter and the iow
frequency adjustment module, the sub-channel combiner module receiving and

processing the first bass portion and the proc'essed second bass portion to produce a

first channe! signal, and
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. a second channel processing porti.on to which the input signals are communicable,
the second channel pfocessing portion being configurable to receive énd process the input
signals via manipulation of dynamic range by expansion corresponding to an éxpansion ratio,
thereby producing a second channel signal, '

wherein the first and second channel signals are communicable to the output

: module.
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