wo 2017/074321 A1 | I 00 OO OO0 O R AT

(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(19) World Intellectual Property
Organization
International Bureau

(43) International Publication Date
4 May 2017 (04.05.2017)

—~
é

=

\

WIPOIPCT

(10) International Publication Number

WO 2017/074321 Al

(51) International Patent Classification:

HO4R 3/04 (2006.01)

(21) International Application Number:

HO4R 5/02 (2006.01)

PCT/US2015/057616

(22) International Filing Date:

(25) Filing Language:

27 October 2015 (27.10.2015)

(26) Publication Language:

(71) Applicant: AMBIDIO, INC. [US/US]; 453 S. Spring St.
Suite 1038, Los Angeles, CA 90013 (US).

(72) Inventors: WU, Tsai-Yi; 453 S. Spring St. Suite 1038,
Los Angeles, CA 90013 (US). HSIEH, Pei-Lun; 453 S.
Spring St. Suite 1038, Los Angeles, CA 90013 (US).

(74) Agents: SUN, Yalei et al.; Morgan Lewis & Bockius LLP,
2 Palo Alto Square, 3000 El Camino Real, Suite 700, Palo
Alto, CA 94306 (US).

English
English

(81) Designated States (uniess otherwise indicated, for every

kind of national protection available). AE, AG, AL, AM,
AO, AT, AU, AZ, BA, BB, BG, BH, BN, BR, BW, BY,
Bz, CA, CH, CL, CN, CO, CR, CU, CZ, DE, DK, DM,
DO, DZ, EC, EE, EG, ES, FI, GB, GD, GE, GH, GM, GT,
HN, HR, HU, ID, IL, IN, IR, IS, JP, KE, KG, KN, KP, KR,
KZ, LA, LC, LK, LR, LS, LU, LY, MA, MD, ME, MG,
MK, MN, MW, MX, MY, MZ, NA, NG, NI, NO, NZ, OM,
PA, PE, PG, PH, PL, PT, QA, RO, RS, RU, RW, SA, SC,
SD, SE, SG, SK, SL, SM, ST, SV, SY, TH, TJ, TM, TN,
TR, TT, TZ, UA, UG, US, UZ, VC, VN, ZA, ZM, ZW.

Designated States (uniess otherwise indicated, for every
kind of regional protection available): ARIPO (BW, GH,
GM, KE, LR, LS, MW, MZ, NA, RW, SD, SL, ST, SZ,
TZ, UG, ZM, ZW), Eurasian (AM, AZ, BY, KG, KZ, RU,
TJ, TM), European (AL, AT, BE, BG, CH, CY, CZ, DE,
DK, EE, ES, FI, FR, GB, GR, HR, HU, IE, IS, IT, LT, LU,
LV, MC, MK, MT, NL, NO, PL, PT, RO, RS, SE, SI, SK,
SM, TR), OAPI (BF, BJ, CF, CG, CI, CM, GA, GN, GQ,
GW, KM, ML, MR, NE, SN, TD, TG).

[Continued on next page]

(54) Title: APPARATUS AND METHOD FOR SOUND STAGE ENHANCEMENT

106 *\\

Processing
Unit(s) 104

Memory 106

Peraistent
Storage 108

C e ]

P

g 5

1

Il

T 1

Communication
Unit(s) 118

Tnput/Cuiput
Unit 112

Digplay Speaker(s)
114 116

[122

Computer-Readable Storage Media

Program Code/
Module 120

FiG. 1

(57) Abstract: A method for processing an audio signal is
performed at a computing device. The method includes the
following steps: receiving a digital stereo audio input sig-
nal; extracting localization cues from the digital stereo au-
dio input signal; generating a left-side component and a
right-side component from the digital stereo audio input
signal, at least partially, in accordance with the localiza-
tion cues; performing crosstalk cancellation to the left-side
component and the right-side component, respectively, to
obtain a crosstalk-cancelled left-side component and a
crosstalk-cancelled right-side component; and generating
a digital stereo audio output signal including the crosstalk-
cancelled left-side component and the crosstalk-cancelled
right-side component.



WO 2017/074321 A1 IWAIT 000 000N R 0 0

Published:
—  with international search report (Art. 21(3))



WO 2017/074321 PCT/US2015/057616

APPARATUS AND METHOD FOR SOUND STAGE ENHANCEMENT

TECHNICAL FIELD
[0001] The present application is related generally to audio signal processing and in
particular to a computer implemented method, apparatus, and computer usable program code

for sound stage enhancement.

BACKGROUND
[0002] Binaural hearing improves performance in most listening tasks. Two-channel
stereophonic became the standard consumer medium in the late 1950’s, and is still the most
commonly used playback system even after 84 years of its introduction. Marching from mono
to stereo to multichannel, consumers are continuously pursuing a more immersive listening
experience. Previous and current efforts on creating immersive sound have primarily focused
on using multiple speakers or Head-Related Transfer Functions (HRTF) related approaches to
simulate virtual speakers only.
[0003] Although a lot of efforts have been carried out in the field of immersive sound
in last decades, there are still various limitations with existing systems. For instance, it is
difficult to create a true 360° sound effect with simulated virtual speakers and the listener has
to stay at a fixed point to have the desired outcome. This is typically done by applying a set
of directional transfer function, for example, Head-Related Transfer Functions or Binaural
Room Impulse Response, to the sound sources. Another conventional solution is to
incorporate more and more loudspeakers, e.g., 22 channels plus 2 subwoofer channels, into
the sound system. This approach might be impractical in many cases because of the high

costs and large space required for implementation.

SUMMARY
[0004] An object of the present application is to develop a robust sound stage

enhancement method in connection with a data processing system such as a desktop or a
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laptop. The method can create an immersive sound effect from an audio input signal that can
be a mono signal, a stereo signal or a multi-channel signal.

[0005] According to a first aspect of the present application, a method for processing
an audio signal is performed at a computing device having one or more processors, at least
two speakers, memory, and a plurality of program modules stored in the memory and to be
executed by the one or more processors. The method includes the following steps: receiving a
digital stereo audio input signal; extracting localization cues from the digital stereo audio
input signal; generating a left-side component and a right-side component from the digital
stereo audio input signal, at least partially, in accordance with the localization cues;
performing crosstalk cancellation to the left-side component and the right-side component,
respectively, to obtain a crosstalk-cancelled left-side component and a crosstalk-cancelled
right-side component; and generating a digital stereo audio output signal including the
crosstalk-cancelled left-side component and the crosstalk-cancelled right-side component.
According to another aspect of the present application, a computing device comprises: one or
more processors; memory; and a plurality of program modules stored in the memory and to
be executed by the one or more processors. The plurality of program modules, when executed
by the one or more processors, cause the computing device to perform the method described
above for processing an audio signal. According to yet another aspect of the present
application, a computer program product stored in a non-transitory computer-readable storage
medium in conjunction with a computing device having one or more processors, the
computer program product including a plurality of program modules that, when executed by
the one or more processors, cause the computing device to perform the method described
above for processing an audio signal.

[0006] According to a second aspect of the present application, a method for
processing an audio signal is performed at a computing device having one or more
processors, at least two speakers, memory, and a plurality of program modules stored in the
memory and to be executed by the one or more processors. The method includes: receiving a

digital mono audio input signal; panning the digital mono audio input signal into a left-side
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component and a right-side component, respectively; upmixing two copies of the digital
mono audio input signal with the left-side component and the right-side component,
respectively, wherein there is a predefined time interval between the two copies of the middle
component; performing crosstalk cancellation to the left-side component and the right-side
component, respectively, to obtain a crosstalk-cancelled left-side component and a
crosstalk-cancelled right-side component; and generating a digital stereo audio output signal
including the crosstalk-cancelled left-side component and the crosstalk-cancelled right-side
component. According to another aspect of the present application, a computing device
comprises: one or more processors; memory; and a plurality of program modules stored in the
memory and to be executed by the one or more processors. The plurality of program
modules, when executed by the one or more processors, cause the computing device to
perform the method described above for processing an audio signal. According to yet another
aspect of the present application, a computer program product stored in a non-transitory
computer-readable storage medium in conjunction with a computing device having one or
more processors, the computer program product including a plurality of program modules
that, when executed by the one or more processors, cause the computing device to perform
the method described above for processing an audio signal.

[0007] According to a third aspect of the present application, a method for processing
an audio signal is performed at a computing device having one or more processors, at least
two speakers, memory, and a plurality of program modules stored in the memory and to be
executed by the one or more processors. The method includes: receiving a digital stereo audio
input signal; extracting a middle component, a left-side component and a right-side
component from the digital stereo audio input signal; panning the middle component into the
left-side component and the right-side component, respectively; creating first and second
copies of the middle component, wherein there is a predefined time interval between the first
and second copies of the middle component; combining the first copy of the middle
component with the left-side component into a left channel and the second copy of the middle

component with the right-side component into a right channel, respectively; and generating a
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digital stereo audio output signal including the left channel and the right channel. According
to another aspect of the present application, a computing device comprises: one or more
processors; memory; and a plurality of program modules stored in the memory and to be
executed by the one or more processors. The plurality of program modules, when executed by
the one or more processors, cause the computing device to perform the method described
above for processing an audio signal. According to yet another aspect of the present
application, a computer program product stored in a non-transitory computer-readable storage
medium in conjunction with a computing device having one or more processors, the
computer program product including a plurality of program modules that, when executed by
the one or more processors, cause the computing device to perform the method described
above for processing an audio signal.

[0008] According to a fourth aspect of the present application, a method for
processing an audio signal is performed at a computing device having one or more
processors, memory, and a plurality of program modules stored in the memory and to be
executed by the one or more processors. The method includes: receiving a digital audio input
signal; performing equalization to the digital audio input signal by enhancing the digital
audio input signal within a predefine frequency range and generating a residual audio signal
from the equalized audio signal; performing dynamic range compression to the equalized
audio signal; performing crosstalk cancellation to the equalized audio signal to obtain a
crosstalk-cancelled audio signal; and combining the crosstalk-cancelled audio signal and the
residual audio signal into a digital audio output signal. According to another aspect of the
present application, a computing device comprises: one or more processors; memory; and a
plurality of program modules stored in the memory and to be executed by the one or more
processors. The plurality of program modules, when executed by the one or more processors,
cause the computing device to perform the method described above for processing an audio
signal. According to yet another aspect of the present application, a computer program
product stored in a non-transitory computer-readable storage medium in conjunction with a

computing device having one or more processors, the computer program product including a
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plurality of program modules that, when executed by the one or more processors, cause the

computing device to perform the method described above for processing an audio signal.

BRIEF DESCRIPTION OF DRAWINGS
[0009] The accompanying drawings, which are included to provide a further
understanding of the embodiments and are incorporated herein and constitute a part of the
specification, illustrate the described embodiments and together with the description serve to
explain the underlying principles. Like reference numerals refer to corresponding parts.
[0010] Figure 1 is a block diagram of a computer system in accordance with an
illustrative embodiment of the present application.
[0011] Figure 2A is a block diagram illustrating a sound processing pipeline of a
stereo or mono sound input signal including different stages in accordance with an illustrative
embodiment.
[0012] Figure 2B is a flowchart illustrating a process of creating an immersive sound
effect from a stereo audio input signal in accordance with an illustrative embodiment.
[0013] Figure 3A is a flowchart of pre-processing steps of creating an immersive
sound effect from a stereo audio input signal in accordance with an illustrative embodiment.
[0014] Figure 3B is a block diagram of the pre-processing steps of creating an
immersive sound effect from a stereo audio input signal in accordance with an illustrative
embodiment.
[0015] Figure 4A is a flowchart of converting an audio signal including a left signal
and a right signal into three components in accordance with an illustrative embodiment.
[0016] Figure 4B is a block diagram of the left signal and the right signal of the audio
signal in accordance with an illustrative embodiment.
[0017] Figure 4C is a block diagram of the three components generated from the
audio signal in accordance with an illustrative embodiment.
[0018] Figure 5A is a flowchart of panning a middle component of an audio signal

into two side components in accordance with an illustrative embodiment.
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[0019] Figure 5B is a flowchart of determining spatial cues of a sound source and
applying the spatial cues to one of the mid-left and mid-right components of the audio signal
in accordance with an illustrative embodiment.

[0020] Figure 5C is a block diagram illustrating the angle of a sound source in
accordance with an illustrative embodiment.

[0021] Figure 5D is a block diagram illustrating the relationship between interaural
time difference (ITD) and the sound source angle in accordance with an illustrative
embodiment.

[0022] Figure 5E is a block diagram illustrating the relationship between interaural
intensity difference (IID) and the sound source angle in accordance with an illustrative
embodiment.

[0023] Figure 6 is a flowchart of processing steps before and after performing
crosstalk cancellation to the left-side and right-side components of an audio signal in
accordance with an illustrative embodiment.

[0024] Figures 7A-7C are flowcharts of dynamic range compression of an audio
signal in accordance with an illustrative embodiment.

[0025] Figures 8 A-8C are block diagrams illustrating different sound processing
stages of converting stereo/multichannel sound signals into multichannel/stereo sound signals

in accordance with an illustrative embodiment.

DETAILED DESCRIPTION
[0026] Reference will now be made in detail to embodiments, examples of which are
illustrated in the accompanying drawings. In the following detailed description, numerous
non-limiting specific details are set forth in order to assist in understanding the subject matter
presented herein. But it will be apparent to one of ordinary skill in the art that various
alternatives may be used without departing from the scope of claims and the subject matter

may be practiced without these specific details. For example, it will be apparent to one of
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ordinary skill in the art that the subject matter presented herein can be implemented on many
types of radio communication systems such as smartphones and tablets.

[0027] With reference now to the figures and in particular with reference to Figure 1,
exemplary block diagrams of data processing environments are provided in which illustrative
embodiments may be implemented. It should be appreciated that Figure 1 is only exemplary
and are not intended to assert or imply any limitation with regard to the environments in
which different embodiments may be implemented. Many modifications to the depicted
environments may be made.

[0028] Figure 1 depicts a block diagram of a data processing system 100 in
accordance with an illustrative embodiment of the present application. In this illustrative
example, the data processing system 100 includes communications fabric 102, which
provides communications between processor unit 104, memory 106, persistent storage 108,
communications unit 110, input/output (I/O) unit 112, display 114, and one or more speakers
116. Note that the speakers 116 may be built into the data processing system 100 or external
to the data processing system 100. In some embodiments, the data processing system 100
make take the form of a laptop computer, a desktop computer, a tablet computer, a mobile
phone (such as a smartphone), a multimedia player device, a navigation device, an
educational device (such as a child’s learning toy), a gaming system, or a control device (e.g.,
a home or industrial controller).

[0029] Processor unit 104 serves to execute instructions for software programs that
may be loaded into memory 106. Processor unit 104 may be a set of one or more processors
or may be a multi-processor core, depending on the particular implementation. Further,
processor unit 104 may be implemented using one or more heterogeneous processor systems
in which a main processor is present with secondary processors on a single chip. As another
illustrative example, processor unit 104 may be a symmetric multi-processor system
containing multiple processors of the same type.

[0030] Memory 106, in these examples, may be a random access memory or any

other suitable volatile or non-volatile storage device. Persistent storage 108 may take various
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forms depending on the particular implementation. For example, persistent storage 108 may
contain one or more components or devices such as a hard drive, a flash memory, a rewritable
optical disk, a rewritable magnetic tape, or some combination of the above. The media used
by persistent storage 108 may also be removable. For example, a removable hard drive may
be used for persistent storage 108.

[0031] Communications unit 110, in these examples, provides for communications
with other data processing systems or devices. In these examples, communications unit 110 is
a network interface card. Communications unit 110 may provide communications through the
use of either or both physical and wireless communications links.

[0032] Input/output unit 112 allows for input and output of data with other devices
that may be connected to data processing system 100. For example, input/output unit 112
may provide a connection for user input through a keyboard and mouse. Further, input/output
unit 112 may send output to a printer. Display 114 provides a mechanism to display
information to a user. Speakers 116 play out sounds to the user.

[0033] Instructions for the operating system and applications or programs are located
on persistent storage 108. These instructions may be loaded into memory 106 for execution
by processor unit 104. The processes of the different embodiments as described below may
be performed by processor unit 104 using computer implemented instructions, which may be
located in a memory, such as memory 106. These instructions are referred to as program code
(or module), computer usable program code (or module), or computer readable program code
(or module) that may be read and executed by a processor in processor unit 104. The program
code (or module) in the different embodiments may be embodied on different physical or
tangible computer readable media, such as memory 106 or persistent storage 108.

[0034] Program code/module 120 is located in a functional form on the computer
readable storage media 118 that is selectively removable and may be loaded onto or
transferred to data processing system 100 for execution by processor unit 104. Program
code/module 120 and computer readable storage media 118 form computer program product

122 in these examples. In one example, computer readable storage media 118 may be in a



WO 2017/074321 PCT/US2015/057616

tangible form, such as, for example, an optical or magnetic disc that is inserted or placed into
a drive or other device that is part of the persistent storage 108 for transfer onto a storage
device, such as a hard drive that is part of the persistent storage 108. In a tangible form, the
computer readable storage media 118 may also take the form of a persistent storage, such as a
hard drive, a thumb drive, or a flash memory that is connected to data processing system 100.
The tangible form of computer readable storage media 118 is also referred to as computer
recordable storage media. In some instances, the computer readable storage media 118 may

not be removable from the data processing system 100.

[0035] Alternatively, program code/module 120 may be transferred to data processing
system 100 from computer readable storage media 118 through a communications link to
communications unit 110 and/or through a connection to input/output unit 112. The
communications link and/or the connection may be physical or wireless in the illustrative
examples. The computer readable media also may take the form of non-tangible media, such

as communications links or wireless transmissions containing the program code/module.

[0036] The different components illustrated for data processing system 100 are not
meant to provide architectural limitations to the manner in which different embodiments may
be implemented. The different illustrative embodiments may be implemented in a data
processing system including components in addition to or in place of those illustrated for data
processing system 100. Other components shown in Figure 1 can be varied from the
illustrative examples shown.

[0037] As one example, a storage device in data processing system 100 is any
hardware apparatus that may store data. Memory 106, persistent storage 108 and computer
readable storage media 118 are examples of storage devices in a tangible form.

[0038] In another example, a bus system may be used to implement communications
fabric 102 and may be comprised of one or more buses, such as a system bus or an
input/output bus. The bus system may be implemented using any suitable type of architecture

that provides for a transfer of data between different components or devices attached to the



WO 2017/074321 PCT/US2015/057616

bus system. Additionally, a communications unit may include one or more devices used to
transmit and receive data, such as a modem or a network adapter. Further, a memory may be,
for example, memory 106 or a cache such as found in an interface and memory controller hub
that may be present in communications fabric 102.

[0039] To overcome the issues with the conventional approaches described in the
background of the present application, different embodiments of the present application are
described below and associated with a set of audio signal processing methods based on
psychoacoustic principles to delude the human auditory system. Unlike the conventional
methods, there is no requirement for creating simulated or physical speakers. The methods
create a 3D-like immersive sound effect while keeping the sound quality unchanged
regardless of the number of the input and output channels.

[0040] Human auditory system determines the direction of a presented sound event
by the interaural difference, and the width of that sound event is mostly contributed by
interaural correlation. When a sound wave reaches the two ears, a one-dimensional
movement of the eardrum is generated regardless of the nature of that sound source.
According to some embodiments, the spatial localization cues are put back into the processed
audio signals as inter-channel differences that ultimately move a listener’s eardrums in a
location-dependent pattern. Unlike the conventional approaches, such a movement is based
on a listener’s own transfer function (depending on the listener's head shape and other body
parts) and different playback environments such as room size and the loudspeaker systems
being used. As such, the auditory system is able to analyze and compare the relevant physical
cues embedded in the audio signals to extract the presented auditory space and synthesize the
sound events.

[0041] Figure 2A is a block diagram illustrating a sound processing pipeline of a
stereo or mono sound input signal including different stages in accordance with an illustrative
embodiment. In some embodiments, the input to this pipeline is a stereo audio input signal
210 including a left signal (L) and a right signal (L). In some other embodiments, the input is

a mono audio signal 250. The pipeline includes three stages: the pre-processing stage 220, the

10
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sound enhancement processing stage 230, and the post-processing stage 240. Each processing
stage includes one or more processing blocks for processing the input audio signal and
generating an output audio signal accordingly. For example, the pre-processing stage 220
further includes a mid/side (M/S) mixer 221, an audio signal panning tool 223, and an
upmixer 227; the sound enhancement processing stage 230 includes an equalizer (EQ) 231, a
dynamic range compressor (DRC) 233, and a crosstalk cancellation block 235; and the
post-processing stage 240 includes another dynamic range compressor (DRC) 241.

[0042] M/S mixer 221 is a mixing tool of generating three components (sider, sideg,
and mid) from the stereo audio input signal 210. Unlike the conventional M/S mixing tools
which only generate one side component and one mono component, the M/S mixer 221 is to
separate out the information in the input signal that is useful for various subsequent analyses
and to minimize unnecessary distortion in the sound quality (e.g., coloration). By doing so,
the correlation between different components generated by the M/S mixer 221 is reduced.
[0043] As shown in Figure 2A, the output of the M/S mixer 221 includes three
components, one of which is the mid component (M) and the other two are represented by the
letter “S”. The mid component M is then the input to the pan block 225. The pan block 225 is
responsible for “replacing” the mid signal to anywhere in the sound stage and optimize the
overall sound effect or emphasizing certain sound in the sound stage. During this process, the
mid signal is treated the same as the mono sound signal 250. A user can change the position
of the mid signal (or the mono signal) by applying certain parameters to the panning process
based on his/her intention. The panned mid signals (mid;, and midg) are added to the side
components (sider, and sider) generated by the M/S mixer 221, and thus become the new
sider, and sider components.

[0044] The upmixer 227 in the pre-processing stage 220 doubles the mid component
(or the mono signal) into two copies and adds a predefined time delay to one of the two
copies and then adds them to the new sider, and sider components, respectively, as shown in
Figure 2A. In some embodiments (shown in Figure 2A), an amplifier is applied to new sider,

and sider components and the upmixed mid/mono components, respectively, before they are
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combined together. As described below, the time delay between the two copies of the mid
component (or the mono signal) is carefully chosen to achieve the so-called precedence effect
by adding more stereo width to the audio image that stays in the middle of the sound stage.
[0045] As shown in Figure 2A, the output of the pre-processing stage 220
includes two audio signals, sider, and sidegr. They are inputs to the sound enhancement
processing stage 230 and processed by the different processing blocks therein. For example,
the equalizer (EQ) 231 encountered by the two side signals includes one or more multi-band
equalizers for performing bandpass filtering to the two side signals. In some embodiments,
the multi-band equalizers applied to each side signal are the same. In some other
embodiments, the multi-band equalizers applied to one side signal are not the same as those
applied to the other side signal. Nonetheless, their functions are to keep the original color of
the sound signals and to avoid ambiguous spatial cues present in these two signals. In some
embodiments, this EQ 231 can also be used to select the target sound source based on the
spectral analysis of the two side components.

[0046] As shown in Figure 2A, the pipeline includes two dynamic range compressors
233 and 241. In some embodiments, the first dynamic range compressor 233 includes a
bandpass filtering feature for amplifying the two sound signals within a predefined frequency
range in order to maximize the sound stage enhancement effect achieved by the crosstalk
cancellation block 235. The second dynamic range compressor 241 is used in the
post-processing stage 240 to amplify the overall output level of the sound signals in the audio
mastering process.

[0047] Crosstalk is an inherent problem in stereo loudspeaker playback. It occurs
when a sound reaches the ear on the opposite side from each speaker, and introduces
unwanted spectral coloration to the original signal. The solution to this problem is a crosstalk
cancellation (XTC) algorithm. One type of the XTC algorithm is to use a generalized
directional binaural transfer function, such as Head-Related Transfer Functions (HRTFs)
and/or Binaural Room Impulse Response (BRIR), to represent the angles of the two physical

loudspeakers with respect to the listener's position.
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[0048] Another type of the XTC algorithm system, represented by the crosstalk
cancellation block 235, is a recursive crosstalk cancellation method that does not require
head-related transfer function (HRTF), binaural room impulse response (BRIR), or any other
binaural transfer functions. The basic algorithm can be formulated as follows:
left[n] = left[n] — A, * right[n — d]

right[n] = right[n] — A = left[n — dg]
where Ay and Ay are the attenuation coefficients of the signal and d; and dy are the delays in
number of data samples from the respective speakers to the opposite-side ears. A more
detailed description of the crosstalk cancellation block 235 can be found in US Patent
Application No. 14/569,490, entitled "APPARATUS AND METHOD FOR SOUND STAGE
ENHANCEMENT" and filed on December 12, 2014, which is incorporated by reference in
its entirety.
[0049] Figure 2A depicts that there are two pairs of output signals from the EQ 231.
One pair of the output signals (i.e., the pair of bandpass-filtered audio signals) are processed
by the DRC 233, the XTC 235 and optionally another amplifier in a row; the other pair of the
output signals is defined as residuals between the pair of bandpass-filtered audio signals and
the pair of input side signals. This pair of residual signals is then fed into an amplifier before
being combined with the two audio signals that has been subject to the crosstalk cancellation
operation. As shown in Figure 2A, the output of the pipeline is a stereo audio signal including
a left channel (L’) and a right channel (R’). It should be noted that the same pipeline is able to
convert a mono audio input signal 250 into a stereo audio signal including a left channel (L)
and a right channel (R’).
[0050] Figure 2B is a flowchart illustrating a process of creating an immersive sound
effect from a stereo audio input signal using the data processing system 100 shown in Figure
I in accordance with an illustrative embodiment. The data processing system 100 receives
(281) a digital audio input signal. In some embodiments, the digital audio input signal
includes a left signal (also known as “left channel”) and a right signal (also known as “right

channel”). The data processing system 100 then extracts (283) localization cues from the
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digital audio signal. In some embodiments, the localization cues includes the angle of the
sound source producing the stereo signal with respect to a listener’s location as well as the
interaural time difference and the interaural intensity difference between the audio signals
arriving at the two ears of the listener. The data processing system 100 then generates (285) a
left-side component and a right-side component from the digital audio input signal. In some
embodiments, the two side components are generated at least partially based on the
localization cues produced by the previous step. Note that the process so far roughly matches
the pre-processing stage 220 and the first two blocks in the sound enhancement processing
stage 230 as described above in connection with Figure 2A. Next, the data processing system
100 performs (287) the crosstalk cancellation to the left-side component and the right-side
component, respectively, to obtain a crosstalk-cancelled left-side component and a
crosstalk-cancelled right side component. In some embodiments, the crosstalk cancellation is
a recursive process that uses the right-side component to cancel crosstalk noise in the left-side
component and the left-side component to cancel crosstalk noise in the right-side component.
After the crosstalk cancellation, the data processing system 100 generates (289) a digital
audio output signal including the crosstalk-cancelled left-side component and the
crosstalk-cancelled right side component. For example, the data processing system 100 may
play the digital audio output signal using its speakers 116 to the listener.

[0051] The process described above in connection with Figure 2B depicts a general
workflow of performing sound stage enhancement to a sterco audio signal using the methods
disclosed in the present application. More detailed descriptions are provided below for some
of the steps shown in Figure 2B to create an immersive sound effect.

[0052] In particular, Figure 3A is a flowchart of pre-processing steps of creating an
immersive sound effect from a stereo audio input signal in accordance with an illustrative
embodiment. These pre-processing steps primarily correspond to the steps 283 and 285 of
Figure 2B. Upon receipt of the digital stereco audio signal, the data processing system 100
extracts (301) a middle component, an initial left-side component, and an initial right-side

component from the digital stereco audio signal. As described above in connection with Figure
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2A, this step is carried out by the M/S mixer 221, which splits the two input signals L and R
into three components. Next, the data processing system 100 pans (303) the middle
component into the initial left-side component and the initial right-side component,
respectively, in accordance with the localization cues to obtain an intermediate left-side
component and an intermediate right-side component. This step corresponds to the panning
tool 223 shown in Figure 2A. Finally, the data processing system 100 generates two copies of
the middle component and upmixes (305) a first copy of the middle component with the
intermediate left-side component and a second copy of the middle component with the
intermediate right-side component to obtain a left-side component and a right-side
component. This step corresponds to the upmixer 227 and the combination operation at the
end of the pre-processing stage 220. In some embodiments, a gain operation using amplifiers
is applied to the intermediate side components and the upmixed middle components
separately to ensure that the components before the combination preserve the original
location cues of the stereo input signal. In some embodiments, there is a predefined time
delay between the first and second copies of the middle component before the combination.
The time delay is chosen to achieve the precedence effect in the stereo audio signal.

[0053] Figure 3B is a block diagram of the pre-processing steps of creating an
immersive sound effect from a stereo audio input signal in accordance with an illustrative
embodiment. As shown in the figure, the M/S mixer 221 generates three components, i.c., the
initial left-side component Sy, 311, the middle component M 313, and the initial right-side
component Sg 315. The middle component M 313 is then split into an initial mid-left
component My, 321 and an initial mid-right component Mg 323. The initial left-side
component S, 311 and the initial mid-left component My, 321 are combined by the combiner
325 into the intermediate left-side component Sy 331 and the initial right-side component S
315 and the initial mid-right component Mg 323 are combined by the combiner 327 into the
intermediate right-side component Sg 335. Note that the block diagram in Figure 3B does not

include the upmixing operation and the combination operation after that.
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[0054] As noted above, the M/S mixer 221 is responsible for converting an audio
signal into multiple components. Figure 4A is a flowchart of converting a sterco audio signal
including a left signal and a right signal into three components in accordance with an
illustrative embodiment. The data processing system 100 first transforms (401) the left signal
and the right signal from the time domain to the frequency domain using, e.g., a discrete

short-time Fourier transform as follows:

Vi

wherein i+ Hmeans the magnitude of each frequency ® and < {<**'means the phase.
[0055] Next, the data processing system 100 defines (403) the middle component in
the frequency domain as one of the left signal and the right signal that has a smaller
magnitude for a particular frequency in the frequency domain. Assuming that the overlap

length equal to half of the window length of the short-time Fourier transform, the

spectrogram of the middle component is defined using the following equation:

[0056] After determining the middle component in the frequency domain, the data
processing system 100 transforms (405) the middle component from the frequency domain

back to the time domain using the discrete short-time inverse Fourier transform as follows:

[0057] Finally, the data processing system generates (407) the initial left-side
component and the initial right-side component by subtracting the middle component from

the left signal and the right signal, respectively, as follows:

[0058] Figure 4B is a block diagram of the left signal and the right signal of the audio

signal in accordance with an illustrative embodiment. In this example, the curve 411

16



WO 2017/074321 PCT/US2015/057616

represents the left signal and the curve 413 corresponds to the right signal. Figure 4C is a
block diagram of the three components generated from the audio signal shown in Figure 4B
in accordance with an illustrative embodiment. In particular, the curve 421 shown in Figure
4C represents the middle component and the curves 423 and 425 represent the left and right
components of the audio signal, respectively.

[0059] M/S mixing is widely used in recording, mixing and mastering by sound
engineers. But unlike the conventional mixing process, the M/S mixer 221 generates three
components (sidey, sideg and middle) from one sterco audio signal. The side; component
represents the sound source that appears only at the left channel, whereas the sideg
component corresponds to the sound only appears at the right channel. The middle
component is the sound source that appears only in the phantom center of the sound stage,
¢.g., main musical element and dialog. By doing so, this process separates the information
that is useful for subsequent sound stage enhancement and minimizes unnecessary distortion
in the sound quality (e.g., coloration). Moreover, this step also helps lower the correlation
between the left and right components.

[0060] Figure 5A is a flowchart of panning a middle component of an audio signal
into two side components in accordance with an illustrative embodiment. The data processing
system 100 first applies (501) a left amplitude panning parameter and a right amplitude
panning parameter to the middle component, respectively, to obtain an initial mid-left

component and an initial mid-right component as follows:

wherein Gr, and Gg are the gains of the left and right components, respectively, and they are a
function of @, which represents the angle of the sound source. Note that panning a mono
signal in a stereo speaker setting can be expressed by putting the left signal and the right

signal as the mono input signal. In some embodiments, Gr, and Gg are defined as follows:
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wherein -1 <@ <1 is the panning value.

[0061] Note that, in many cases, the amplitude difference between the left and right
signals is not sufficient to become a working interaural localization cue as required by the
auditory spatial processing. Additional interaural differences are introduced into the
amplitude panning in order to be picked up by the auditory system. For example, the data
processing system 100 determines (503) an interaural time difference and an interaural
intensity difference (IID) between the left signal and the right signal. These interaural
differences are the primary information for human auditory system to decode a spatial
complex sound event. More specifically, ITD represents the difference in the arrival time of a
sound at the two ears. IID, on the other hand, corresponds to the level difference between the
sounds reaching the two ears, which is caused by head shadowing effect and the attenuation
in propagating. Spatial cues like ITD and IID provide information as to the relative numbers
and locations of sources and objects in the sound environment.

[0062] The data processing system 100 then applies (505) the ITD and the IID to at
least one of the initial mid-left component and the initial mid-right component to obtain an
intermediate mid-left component and an intermediate mid-right component. Such interaural
differences are put back into the two components as inter-channel time and intensity
differences. Finally, the data processing system 100 combines (507) the initial left-side
component with the intermediate mid-left component and the initial right-side component
with the intermediate mid-right component, respectively, to obtain the intermediate left-side
component (corresponding to the intermediate left-side component Sy, 331 in Figure 3B) and
the intermediate right-side component (corresponding to the intermediate right-side
component Sg 335 in Figure 3B).

[0063] Figure 5B is a flowchart of determining spatial cues of a sound source and
applying the spatial cues to one of the mid-left and mid-right components of the audio signal
in accordance with an illustrative embodiment. The data processing system 100 determines
(511) an angle of a sound source associated with the digital audio input signal with respect to

the listener’s current position.
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[0064] Figure 5C is a block diagram illustrating the angle of a sound source in
accordance with an illustrative embodiment. Consider a human head placed at the origin O
facing the direction of y-axis with head radius of r. The left ear is at E; and the right ear at
Er. Assuming a sound source S is located relatively far away from the origin, with an angle
of 9 relative to the y-axis, and that the sound wave is a plane wave traveling in parallel while
it arrives at the head, the sound arriving at E; is coming from Sy, and the sound arriving at Ex

is from Sg. The distance between Sy and Ep is longer than the distance between Sg and Er by

a+f, where
o =rsin @, and
B=r0.
[0065] The distance difference between the two sides is:
a+P = rsin 6+r0 = r(sin 6+0).
[0066] The data processing system 100 calculates (513) the ITD and the IID in

accordance with the angle of the sound source. For example, the ITD can be defined as the

distance difference divided by the speed of sound ¢ as follows:

ITD = Distance dif ference _ Z(Sil’l 9+9).
Speed of sound c
[0067] In other words, there is a small time delay at the left (i.e., far) side of the head.

Figure 5D is a block diagram illustrating the relationship between interaural time difference
(ITD) and the sound source angle as defined by the formula above.
[0068] It is known that the intensity of sound SI is inversely proportional to the

square of the distance d between the listener and the sound source as follows:

[0069] The interaural intensity difference can then be defined as the intensity ratio

between the distance travelled from the sound source to each ear:

',

[0070] Assuming the distance of between SR and ER is equal to 1 meter, then
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EIEY = 8 fgy e
NSRER
= 20log,o(1 + 1 (6 + sind)).

[0071] In some embodiments, a head shadow constant m is introduced to take into the

consideration that the head is blocking the sound wave as follows:

D= m20log,o(1 + r (6 + sind)).
[0072] Figure 5E is a block diagram illustrating the relationship between interaural
intensity difference (IID) and the sound source angle in accordance with an illustrative
embodiment as defined by the formula above.
[0073] Using the ITD and IID curves shown in Figures 5D and 5E, the data
processing system 100 updates (515), e.g., the initial mid-right component by applying a time
shift defined by the ITD and an amplitude multiplication defined by the IID to the initial
mid-right components as follows:

right"[n] = A;pright’'[n — t;p].
[0074] Next, the data processing system 100 combines (517) the updated initial
mid-right component with the initial mid-left component to be the intermediate mid-left
component as follows:

left"[n] = left'[n] + right"[n].

[0075] As describe above in connection with Figure 2A, there are multiple processing
blocks in the sound enhancement processing stage 230 before the crosstalk cancellation block
235. Similarly, there is at least one processing block in the post-processing stage 240 after the
crosstalk cancellation block 235. Figure 6 is a flowchart of processing steps before and after
performing crosstalk cancellation to the left-side and right-side components of an audio
signal in accordance with an illustrative embodiment.
[0076] Before performing the crosstalk cancellation to the left-side component and
the right-side component (601), the data processing system 100 performs (603) equalization
to the left-side component and the right-side component using a first bandpass filter to obtain

a bandpass-filtered left-side component and a bandpass-filtered right-side component. In
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some embodiments, the first bandpass filter is to minimize the unwanted coloration caused by
the comb filtering caused by the crosstalk cancellation block 235 and to keep the sound stage
width from shrinking. Crosstalk cancellation has a side effect of comb filtering. A comb filter
happens when two or more copies of a sound signal are identical but have phase differences.
It is named by the shape of the filter's frequency response, which consists of a series of
regularly spaced spikes. In order to reduce the effect of comb filtering, the first bandpass
filter is introduced in the EQ block 231 before the left and right signals enter the crosstalk
cancellation block 235. By suppressing the audio signal outside a predefined frequency range,
the amount of the comb filtering effect can be better controlled, thus reduce the coloration of
the output signals. By bandpass filtering the audio signals before crosstalk cancellation, the
auditory system can ignore the ambiguous information, which the auditory system cannot
solve through head movement.

[0077] It has been found that there is a predefined frequency range that produces the
best response with the invention disclosed in the present application. Human auditory system
detects and compares differences in the movement of the two eardrums. Each neuron has a
specific frequency range that it is most sensitive to. Moreover, there are some other
physical and physiological constraints affecting the performance of the human auditory
system. For example, the auditory neuron has a perception threshold to reach to fire an
impulse, it requires some time to cool down until the next fire. In order to make the process
more efficient and more effective, it is found that the best frequency of response for the
invention disclosed herein is approximately 150 to 6000 Hz, and preferably from 150 to 2300
Hz.

[0078] As shown in Figure 2A, the residual from the first bandpass filter is added
back to the result signal after the crosstalk cancellation step. To do so, the data processing
system 100 generates (605) a left-side residual component and a right-side residual
component by subtracting the left-side component and the right-side component from the
bandpass-filtered left-side component and the bandpass-filtered right-side component,

respectively. In some embodiments, an amplifier is applied to the residual signal and the
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result signal from the crosstalk cancellation step to adjust the gains of the two signals before
they are combined together.

[0079] Figures 7A-7C are flowcharts of dynamic range compression of an audio
signal in accordance with an illustrative embodiment. In some embodiments, a second
bandpass filter is included in the DRC block 233. A user (e.g., a sound engineer) can adjust
the second bandpass filter to window out a specific frequency band before applying the
crosstalk cancellation. By doing so, the user can highlight certain specific sound events of
his/her choice. For example, after performing equalization to the left-side component and the
right-side component using the first bandpass filter (701), the data processing system 100
removes (703) a predefined frequency band from the left-side component and the right-side
component using a second bandpass filter. Representative bandpass filters used in the EQ
block 231 and the DRC block 233 include a biquadratic filter or a Butterworth filter.

[0080] In some embodiments, after performing equalization to the left-side
component and the right-side component using the first bandpass filter (711), the data
processing system 100 performs (713) first dynamic range compression to the left-side
component and the right-side component to highlight a predefined frequency band with
respect to other frequencies.

[0081] In some embodiments, after combining the left-side residual component and
the right-side residual component into the left-side component and the right-side component,
respectively, the data processing system 100 performs (723) second dynamic range
compression to the left-side component and the right-side component to preserve the
localization cues in the digital audio output signals.

[0082] In some embodiments, the cross-correlation between the two channels (left
and right) is maximized when putting the localization information back into the sound signal.
As a result, the resulting sound stage width may be too wide for certain types of sound such
as classical music or background music for films. This issue can be addressed by adjusting

the width of the sound stage using the following equation:
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Left'[n] = Left[n] —

B .
=7 Right[n]
Right'[n] = Right[n] —

1 f 5 Left[n]

where -5<B<0 is the stage width parameter. The resulting signal has the maximum sound
stage width when B = 0, and is close to a mono signal when § = -5.

[0083] The examples above assume that the input signal is a stereo audio signal (two
channels) or a mono audio signal (one channel). But the same process pipeline can be casily
adapted for processing a multi-channel audio input signal (including more than two channels)
or generating a multi-channel audio output signal.

[0084] Figures 8 A-8C are block diagrams illustrating different sound processing
stages of converting stereo/multichannel sound signals into multichannel/stereo sound signals
in accordance with an illustrative embodiment.

[0085] As shown in Figure 8A, the pipeline is similar to the one shown in Figure 2A.
The input to the pipeline is a stereo audio signal having a left channel and a right channel.
The output of the pipeline is a multi-channel audio signal having five channels, i.e., a left
surround channel (Ls) 801, a right surround channel (Rg) 803, a left channel (L) 805, a right
channel (R) 807, and a center channel (C) 809. In this example, the left surround channel (Lg)
801 and the right surround channel (Rs) 803 are the left-side component and the right-side
component after the panning step. The center channel (C) 809 is the middle component
generated by the M/S mixer. Note that the left surround channel (Ls) 801 and the right
surround channel (Rs) 803 correspond to the intermediate left-side component and the
intermediate right-side component as described above in connection with Figure 3A. In some
embodiments (not shown in Figure 8A), the left surround channel (Ls) 801 and the right
surround channel (Rs) 803 are further amplified before being fed into corresponding speakers
of a multi-channel audio system. In some other embodiments, the left surround channel (L)
801 and the right surround channel (Ry) 803 are the output signals of the amplifier A1 shown

in Figure 8A.
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[0086] As shown in Figure 8B, the pipeline is similar to the one shown in Figure 2A
except that the input to the pipeline is a multi-channel audio signal having five channels, i.e.,
a left surround channel (Ls) 811, a right surround channel (Rg) 813, a left channel (L) 815, a
right channel (R) 817, and a center channel (C) 819. In this example, the left surround
channel (Ls) 811 and the right surround channel (Rs) 813 are combined into the left-side
component and the right-side component after the panning step. The center channel (C) 819
is also combined into the middle component generated by the M/S mixer. After the
pre-processing stage that combines the five channels into two channels, the remaining
operations are the same as the one shown in Figure 2A.

[0087] Finally, Figure 8C depicts a pipeline whose input and output are both
multi-channel audio signals having five channels. The input multi-channel audio signal has a
left surround channel (Lg) 821, a right surround channel (Rs) 823, a left channel (L) 825, a
right channel (R) 827, and a center channel (C) 829. The output multi-channel audio signal
has a left surround channel (L ’s) 831, a right surround channel (R’s) 833, a left channel (L")
835, aright channel (R”) 837, and a center channel (C’) 839. In this example, the left
surround channel (Lg) 821 and the right surround channel (Ry) 823 are combined into the
left-side component and the right-side component after the panning step and then output as
the left surround channel (L ’s) 831 and the right surround channel (R ’s) 833. The center
channel (C) 819 is also combined into the middle component generated by the M/S mixer and
then output as the center channel (C’) 839. The processing steps of generating the left channel
(L") 835 and the right channel (R”) 837 remain the same as the one shown in Figure 2A.
[0088] Finally, it should be noted that the invention can take the form of an entirely
hardware embodiment, an entirely software embodiment or an embodiment containing both
hardware and software elements. In a preferred embodiment, the invention is implemented in
software, which includes but is not limited to firmware, resident software, microcode, etc.
[0089] Furthermore, the invention can take the form of a computer program product
accessible from a computer-usable or computer-readable medium providing program code for

use by or in connection with a computer or any instruction execution system. For the
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purposes of this description, a computer-usable or computer readable medium can be any
tangible apparatus that can contain, store, communicate, propagate, or transport the program
for use by or in connection with the instruction execution system, apparatus, or device.
[0090] The medium can be an electronic, magnetic, optical, electromagnetic, infrared,
or semiconductor system (or apparatus or device) or a propagation medium. Examples of a
computer-readable medium include a semiconductor or solid state memory, magnetic tape, a
removable computer diskette, a random access memory (RAM), a read-only memory (ROM),
a rigid magnetic disk and an optical disk. Current examples of optical disks include compact
disk - read only memory (CD-ROM), compact disk - read/write (CD-R/W) and DVD.

[0091] A data processing system suitable for storing and/or executing program code
will include at least one processor coupled directly or indirectly to memory elements through
a system bus. The memory elements can include local memory employed during actual
execution of the program code, bulk storage, and cache memories which provide temporary
storage of at least some program code in order to reduce the number of times code must be
retrieved from bulk storage during execution. In some embodiments, the data processing
system is implemented in the form of a semiconductor chip (e.g., a system-on-chip) that
integrates all components of a computer or other electronic system into a single chip
substrate.

[0092] Input/output or I/O devices (including but not limited to keyboards, displays,
pointing devices, etc.) can be coupled to the system either directly or through intervening 1/0
controllers.

[0093] Network adapters may also be coupled to the system to enable the data
processing system to become coupled to other data processing systems or remote printers or
storage devices through intervening private or public networks. Modems, cable modem and
Ethernet cards are just a few of the currently available types of network adapters.

[0094] The description of the present application has been presented for purposes of
illustration and description, and is not intended to be exhaustive or limited to the invention in

the form disclosed. Many modifications and variations will be apparent to those of ordinary
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skill in the art. The embodiment was chosen and described in order to best explain the
principles of the invention, the practical application, and to enable others of ordinary skill in
the art to understand the invention for various embodiments with various modifications as are
suited to the particular use contemplated.

[0095] The terminology used in the description of the embodiments herein is for the
purpose of describing particular embodiments only and is not intended to limit the scope of
claims. As used in the description of the embodiments and the appended claims, the singular

(13 2% ¢
a

forms an,” and “the” are intended to include the plural forms as well, unless the context
clearly indicates otherwise. It will also be understood that the term “and/or” as used herein
refers to and encompasses any and all possible combinations of one or more of the associated
listed items. It will be further understood that the terms “comprises” and/or “comprising,”
when used in this specification, specify the presence of stated features, integers, steps,
operations, elements, and/or components, but do not preclude the presence or addition of one
or more other features, integers, steps, operations, elements, components, and/or groups
thereof.

[0096] It will also be understood that, although the terms first, second, efc. may be
used herein to describe various elements, these elements should not be limited by these terms.
These terms are only used to distinguish one element from another. For example, a first port
could be termed a second port, and, similarly, a second port could be termed a first port,
without departing from the scope of the embodiments. The first port and the second port are
both ports, but they are not the same port.

[0097] Many modifications and alternative embodiments of the embodiments
described herein will come to mind to one skilled in the art having the benefit of the
teachings presented in the foregoing descriptions and the associated drawings. Therefore, it is
to be understood that the scope of claims are not to be limited to the specific examples of the
embodiments disclosed and that modifications and other embodiments are intended to be

included within the scope of the appended claims. Although specific terms are employed
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herein, they are used in a generic and descriptive sense only and not for purposes of
limitation.

[0098] The embodiments were chosen and described in order to best explain the
underlying principles and their practical applications, to thereby enable others skilled in the
art to best utilize the underlying principles and various embodiments with various

modifications as are suited to the particular use contemplated.
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WHAT IS CLAIMED IS:

1. A method for processing an audio signal, comprising:
at a computing device having one or more processors, at least two speakers, memory,
and a plurality of program modules stored in the memory and to be executed by the one or
MOore Processors:
receiving a digital stereo audio input signal;
extracting localization cues from the digital stereo audio input signal;
generating a left-side component and a right-side component from the digital
stereo audio input signal, at least partially, in accordance with the localization cues;
performing crosstalk cancellation to the left-side component and the right-side
component, respectively, to obtain a crosstalk-cancelled left-side component and a
crosstalk-cancelled right-side component; and
generating a digital stereo audio output signal including the

crosstalk-cancelled left-side component and the crosstalk-cancelled right-side component.

2. The method of claim 1, wherein the step of generating a left-side component and a
right-side component from the digital stereo audio input signal further includes:

extracting a middle component, an initial left-side component and an initial right-side
component from the digital stereo audio input signal;

panning the middle component into the initial left-side component and the initial
right-side component, respectively, in accordance with the localization cues to obtain an
intermediate left-side component and an intermediate right-side component; and

upmixing a first copy of the middle component with the intermediate left-side
component and a second copy of the middle component with the intermediate right-side
component, respectively, to obtain the left-side component and the right-side component,
wherein there is a predefined time interval between the first and second copies of the middle

component.
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3. The method of claim 2, wherein the middle component, the intermediate left-side
component and the intermediate right-side component correspond to a center channel, a left

surround signal and a right surround channel of a multi-channel audio system, respectively.

4. The method of claim 2, wherein the step of panning the middle component into the
initial left-side component and the initial right-side component, respectively, in accordance
with the localization cues to obtain an intermediate left-side component and an intermediate
right-side component further includes:
receiving a center channel, a left surround channel and a right surround channel of a

multi-channel audio system;

combining the center channel with the middle component; and

combining the left surround channel and the right surround channel with the

intermediate left-side component and the intermediate right-side component, respectively.

5. The method of claim 2, wherein the digital stereo audio input signal further includes a
left signal and a right signal, and the step of extracting a middle component, an initial
left-side component and an initial right-side component from the digital stereo audio input
signal further includes:

transforming the left signal and the right signal from a time domain to a frequency
domain using discrete short-time Fourier transform;

defining the middle component in the frequency domain as one of the left signal and
the right signal in the frequency domain having a smaller magnitude for a predefined
frequency in the frequency domain;

transforming the middle component from the frequency domain back to the time
domain using discrete short-time inverse Fourier transform; and

generating the initial left-side component and the initial right-side component by
subtracting the middle component in the time domain from the left signal and the right signal,

respectively.
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6. The method of claim 2, wherein the digital stereo audio input signal further includes a
left signal and a right signal, the step of panning the middle component into the initial
left-side component and the initial right-side component, respectively, in accordance with the
localization cues to obtain an intermediate left-side component and an intermediate right-side
component further includes:

applying a left amplitude panning parameter and a right amplitude panning parameter
to the middle component, respectively, to obtain an initial mid-left component and an initial
mid-right component;

determining an interaural time difference (ITD) and an interaural intensity difference
(IID) between the left signal and the right signal;

applying the ITD and the IID to at least one of the initial mid-left component and the
initial mid-right component to obtain an intermediate mid-left component and an intermediate
mid-right component; and

combining the initial left-side component with the intermediate mid-left component
and the initial right-side component with the intermediate mid-right component, respectively,

to obtain the intermediate left-side component and the intermediate right-side component.

7. The method of claim 6, further comprising:

determining an angle of a sound source associated with the digital stereo audio input
signal;

calculating the ITD and the IID in accordance with the angle of the sound source;

updating the initial mid-right component by applying a time shift of the ITD and an
amplitude multiplication of the IID to the initial mid-right component; and

combining the updated initial mid-right component into the initial mid-left component

as the intermediate mid-left component.

8. The method of claim 1, further comprising:
before performing crosstalk cancellation to the left-side component and the right-side

component:
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performing equalization to the left-side component and the right-side
component using a first bandpass filter to obtain a bandpass-filtered left-side component and
a bandpass-filtered right-side component, respectively;

generating a left-side residual component and a right-side residual component
by subtracting the left-side component and the right-side component from the
bandpass-filtered left-side component and the bandpass-filtered right-side component,
respectively; and

after performing crosstalk cancellation to the left-side component and the right-side

component:

combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled

right-side component, respectively.

9. The method of claim 8, further comprising:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
removing a predefined frequency band from the left-side component and the

right-side component using a second bandpass filter.

10. The method of claim 8, further comprising:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
performing first dynamic range compression to the left-side component and
the right-side component to highlight a predefined frequency band with respect to other

frequencies.

11. The method of claim 8, further comprising:
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after combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled
right-side component, respectively:
performing second dynamic range compression to the crosstalk-cancelled
left-side component and the crosstalk-cancelled right-side component to preserve the

localization cues in the digital stereo audio output signal.

12. A computing device for processing an audio signal, comprising:
ONe Or More processors;
memory; and
a plurality of program modules stored in the memory and to be executed by the one or
more processors, wherein the plurality of program modules, when executed by the one or
more processors, cause the computing device to perform a plurality of steps including:
receiving a digital stereo audio input signal;
extracting localization cues from the digital stereo audio input signal;
generating a left-side component and a right-side component from the digital
stereo audio input signal, at least partially, in accordance with the localization cues;
performing crosstalk cancellation to the left-side component and the right-side
component, respectively, to obtain a crosstalk-cancelled left-side component and a
crosstalk-cancelled right-side component; and
generating a digital stereo audio output signal including the

crosstalk-cancelled left-side component and the crosstalk-cancelled right-side component.

13. The computing device of claim 12, wherein the step of generating a left-side
component and a right-side component from the digital stereo audio input signal further
includes:

extracting a middle component, an initial left-side component and an initial right-side

component from the digital stereo audio input signal;
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panning the middle component into the initial left-side component and the initial
right-side component, respectively, in accordance with the localization cues to obtain an
intermediate left-side component and an intermediate right-side component; and

upmixing a first copy of the middle component with the intermediate left-side
component and a second copy of the middle component with the intermediate right-side
component, respectively, to obtain the left-side component and the right-side component,
wherein there is a predefined time interval between the first and second copies of the middle

component.

14. The computing device of claim 13, wherein the middle component, the intermediate
left-side component and the intermediate right-side component correspond to a center
channel, a left surround signal and a right surround channel of a multi-channel audio system,

respectively.

15.  The computing device of claim 13, wherein the step of panning the middle component
into the initial left-side component and the initial right-side component, respectively, in
accordance with the localization cues to obtain an intermediate left-side component and an
intermediate right-side component further includes:

receiving a center channel, a left surround channel and a right surround channel of a
multi-channel audio system;

combining the center channel with the middle component; and

combining the left surround channel and the right surround channel with the

intermediate left-side component and the intermediate right-side component, respectively.

16.  The computing device of claim 13, wherein the digital stereo audio input signal
further includes a left signal and a right signal, and the step of extracting a middle component,
an initial left-side component and an initial right-side component from the digital stereo audio

input signal further includes:
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transforming the left signal and the right signal from a time domain to a frequency
domain using discrete short-time Fourier transform;

defining the middle component in the frequency domain as one of the left signal and
the right signal in the frequency domain having a smaller magnitude for a predefined
frequency in the frequency domain;

transforming the middle component from the frequency domain back to the time
domain using discrete short-time inverse Fourier transform; and

generating the initial left-side component and the initial right-side component by
subtracting the middle component in the time domain from the left signal and the right signal,

respectively.

17.  The computing device of claim 13, wherein the digital stereo audio input signal
further includes a left signal and a right signal, the step of panning the middle component into
the initial left-side component and the initial right-side component, respectively, in
accordance with the localization cues to obtain an intermediate left-side component and an
intermediate right-side component further includes:

applying a left amplitude panning parameter and a right amplitude panning parameter
to the middle component, respectively, to obtain an initial mid-left component and an initial
mid-right component;

determining an interaural time difference (ITD) and an interaural intensity difference
(IID) between the left signal and the right signal;

applying the ITD and the IID to at least one of the initial mid-left component and the
initial mid-right component to obtain an intermediate mid-left component and an intermediate
mid-right component; and

combining the initial left-side component with the intermediate mid-left component
and the initial right-side component with the intermediate mid-right component, respectively,

to obtain the intermediate left-side component and the intermediate right-side component.

18. The computing device of claim 17, wherein the plurality of steps further include:
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determining an angle of a sound source associated with the digital stereo audio input
signal;

calculating the ITD and the IID in accordance with the angle of the sound source;

updating the initial mid-right component by applying a time shift of the ITD and an
amplitude multiplication of the IID to the initial mid-right component; and

combining the updated initial mid-right component into the initial mid-left component

as the intermediate mid-left component.

19.  The computing device of claim 12, wherein the plurality of steps further include:
before performing crosstalk cancellation to the left-side component and the right-side
component:
performing equalization to the left-side component and the right-side
component using a first bandpass filter to obtain a bandpass-filtered left-side component and
a bandpass-filtered right-side component, respectively;
generating a left-side residual component and a right-side residual component
by subtracting the left-side component and the right-side component from the
bandpass-filtered left-side component and the bandpass-filtered right-side component,
respectively; and
after performing crosstalk cancellation to the left-side component and the right-side
component:
combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled

right-side component, respectively.

20. The computing device of claim 19, wherein the plurality of steps further include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
removing a predefined frequency band from the left-side component and the

right-side component using a second bandpass filter.
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21. The computing device of claim 19, wherein the plurality of steps further include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
performing first dynamic range compression to the left-side component and
the right-side component to highlight a predefined frequency band with respect to other

frequencies.

22. The computing device of claim 19, wherein the plurality of steps further include:
after combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled
right-side component, respectively:
performing second dynamic range compression to the crosstalk-cancelled
left-side component and the crosstalk-cancelled right-side component to preserve the

localization cues in the digital stereo audio output signal.

23. A computer program product stored in a non-transitory computer readable storage
medium in connection with a computing device having one or more processors for processing
an audio signal, the computer program product including a plurality of program modules that,
when executed by the one or more processors, cause the computing device to perform a
plurality of steps including:

receiving a digital stereo audio input signal;

extracting localization cues from the digital stereo audio input signal;

generating a left-side component and a right-side component from the digital stereo
audio input signal, at least partially, in accordance with the localization cues;

performing crosstalk cancellation to the left-side component and the right-side
component, respectively, to obtain a crosstalk-cancelled left-side component and a
crosstalk-cancelled right-side component; and

generating a digital stereo audio output signal including the crosstalk-cancelled

left-side component and the crosstalk-cancelled right-side component.
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24.  The computer program product of claim 23, wherein the step of generating a left-side
component and a right-side component from the digital stereo audio input signal further
includes:

extracting a middle component, an initial left-side component and an initial right-side
component from the digital stereo audio input signal;

panning the middle component into the initial left-side component and the initial
right-side component, respectively, in accordance with the localization cues to obtain an
intermediate left-side component and an intermediate right-side component; and

upmixing a first copy of the middle component with the intermediate left-side
component and a second copy of the middle component with the intermediate right-side
component, respectively, to obtain the left-side component and the right-side component,
wherein there is a predefined time interval between the first and second copies of the middle

component.

25. The computer program product of claim 24, wherein the middle component, the
intermediate left-side component and the intermediate right-side component correspond to a
center channel, a left surround signal and a right surround channel of a multi-channel audio

system, respectively.

26. The computer program product of claim 24, wherein the step of panning the middle
component into the initial left-side component and the initial right-side component,
respectively, in accordance with the localization cues to obtain an intermediate left-side
component and an intermediate right-side component further includes:

receiving a center channel, a left surround channel and a right surround channel of a
multi-channel audio system;

combining the center channel with the middle component; and

combining the left surround channel and the right surround channel with the

intermediate left-side component and the intermediate right-side component, respectively.
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27. The computer program product of claim 24, wherein the digital stereo audio input
signal further includes a left signal and a right signal, and the step of extracting a middle
component, an initial left-side component and an initial right-side component from the digital
stereo audio input signal further includes:

transforming the left signal and the right signal from a time domain to a frequency
domain using discrete short-time Fourier transform;

defining the middle component in the frequency domain as one of the left signal and
the right signal in the frequency domain having a smaller magnitude for a predefined
frequency in the frequency domain;

transforming the middle component from the frequency domain back to the time
domain using discrete short-time inverse Fourier transform; and

generating the initial left-side component and the initial right-side component by
subtracting the middle component in the time domain from the left signal and the right signal,

respectively.

28. The computer program product of claim 24, wherein the digital stereo audio input
signal further includes a left signal and a right signal, the step of panning the middle
component into the initial left-side component and the initial right-side component,
respectively, in accordance with the localization cues to obtain an intermediate left-side
component and an intermediate right-side component further includes:

applying a left amplitude panning parameter and a right amplitude panning parameter
to the middle component, respectively, to obtain an initial mid-left component and an initial
mid-right component;

determining an interaural time difference (ITD) and an interaural intensity difference
(IID) between the left signal and the right signal;

applying the ITD and the IID to at least one of the initial mid-left component and the
initial mid-right component to obtain an intermediate mid-left component and an intermediate

mid-right component; and
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combining the initial left-side component with the intermediate mid-left component
and the initial right-side component with the intermediate mid-right component, respectively,

to obtain the intermediate left-side component and the intermediate right-side component.

29. The computer program product of claim 28, wherein the plurality of steps further
include:

determining an angle of a sound source associated with the digital stereo audio input
signal;

calculating the ITD and the IID in accordance with the angle of the sound source;

updating the initial mid-right component by applying a time shift of the ITD and an
amplitude multiplication of the IID to the initial mid-right component; and

combining the updated initial mid-right component into the initial mid-left component

as the intermediate mid-left component.

30. The computer program product of claim 23, wherein the plurality of steps further
include:
before performing crosstalk cancellation to the left-side component and the right-side
component:
performing equalization to the left-side component and the right-side
component using a first bandpass filter to obtain a bandpass-filtered left-side component and
a bandpass-filtered right-side component, respectively;
generating a left-side residual component and a right-side residual component
by subtracting the left-side component and the right-side component from the
bandpass-filtered left-side component and the bandpass-filtered right-side component,
respectively; and
after performing crosstalk cancellation to the left-side component and the right-side

component:
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combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled

right-side component, respectively.

31. The computer program product of claim 30, wherein the plurality of steps further
include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
removing a predefined frequency band from the left-side component and the

right-side component using a second bandpass filter.

32. The computer program product of claim 30, wherein the plurality of steps further
include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
performing first dynamic range compression to the left-side component and
the right-side component to highlight a predefined frequency band with respect to other

frequencies.

33. The computer program product of claim 30, wherein the plurality of steps further
include:
after combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled
right-side component, respectively:
performing second dynamic range compression to the crosstalk-cancelled
left-side component and the crosstalk-cancelled right-side component to preserve the

localization cues in the digital stereo audio output signal.

34. A method for processing an audio signal, comprising:
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at a computing device having one or more processors, memory, and a plurality of

program modules stored in the memory and to be executed by the one or more processors:

receiving a digital audio input signal including a left channel and a right
channel;

extracting a middle component, a left-side component and a right-side
component from the digital audio input signal;

panning the middle component into the left-side component and the right-side
component, respectively;

upmixing two copies of the middle component with the left-side component
and the right-side component, respectively, wherein there is a predefined time interval
between the two copies of the middle component;

performing crosstalk cancellation to the left-side component and the right-side
component, respectively, to obtain a crosstalk-cancelled left-side component and a
crosstalk-cancelled right-side component; and

generating a digital audio output signal including the crosstalk-cancelled

left-side component and the crosstalk-cancelled right-side component.

35. A method for processing an audio signal, comprising:
at a computing device having one or more processors, at least two speakers, memory,

and a plurality of program modules stored in the memory and to be executed by the one or
MOore Processors:

receiving a digital mono audio input signal;

extracting localization cues from the digital mono audio input signal;

generating a left-side component and a right-side component from the digital
mono audio input signal, at least partially, in accordance with the localization cues;

performing crosstalk cancellation to the left-side component and the right-side
component, respectively, to obtain a crosstalk-cancelled left-side component and a

crosstalk-cancelled right-side component; and
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generating a digital stereo audio output signal including the

crosstalk-cancelled left-side component and the crosstalk-cancelled right-side component.

36.  The method of claim 35, wherein the step of generating a left-side component and a
right-side component from the digital mono audio input signal further includes:

panning the digital mono audio input signal into an initial left-side component and an
initial right-side component, respectively, in accordance with the localization cues; and

upmixing a first copy of the digital mono audio input signal with the initial left-side
component and a second copy of the digital mono audio input signal with the initial right-side
component, respectively, to obtain the left-side component and the right-side component,
wherein there is a predefined time interval between the first and second copies of the digital

mono audio input signal.

37.  The method of claim 36, wherein the digital mono audio input signal, the initial
left-side component and the initial right-side component correspond to a center channel, a left

surround signal and a right surround channel of a multi-channel audio system, respectively.

38.  The method of claim 36, wherein the step of panning the digital mono audio input
signal into an initial left-side component and an initial right-side component, respectively, in
accordance with the localization cues further includes:

applying a left amplitude panning parameter and a right amplitude panning parameter
to the digital mono audio input signal, respectively, to obtain an initial mid-left component
and an initial mid-right component;

determining an interaural time difference (ITD) and an interaural intensity difference
(IID) in accordance with the localization cues; and

applying the ITD and the IID to at least one of the initial mid-left component and the
initial mid-right component to obtain the initial left-side component and the initial right-side

component.

39.  The method of claim 35, further comprising:
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before performing crosstalk cancellation to the left-side component and the right-side
component:
performing equalization to the left-side component and the right-side
component using a first bandpass filter to obtain a bandpass-filtered left-side component and
a bandpass-filtered right-side component, respectively;
generating a left-side residual component and a right-side residual component
by subtracting the left-side component and the right-side component from the
bandpass-filtered left-side component and the bandpass-filtered right-side component,
respectively; and
after performing crosstalk cancellation to the left-side component and the right-side
component:
combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled

right-side component, respectively.

40.  The method of claim 39, further comprising:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
removing a predefined frequency band from the left-side component and the

right-side component using a second bandpass filter.

41. The method of claim 39, further comprising:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
performing first dynamic range compression to the left-side component and
the right-side component to highlight a predefined frequency band with respect to other

frequencies.

42. The method of claim 39, further comprising:
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after combining the left-side residual component and the right-side residual
component into the left-side component and the right-side component, respectively:
performing second dynamic range compression to the crosstalk-cancelled
left-side component and the crosstalk-cancelled right-side component to preserve the

localization cues in the digital stereo audio output signal.

43. A computing device for processing an audio signal, comprising:
ONE Or MOTre Processors;
memory; and
a plurality of program modules stored in the memory and to be executed by the one or
more processors, wherein the plurality of program modules, when executed by the one or
more processors, cause the computing device to perform a plurality of steps including:
receiving a digital mono audio input signal;
extracting localization cues from the digital mono audio input signal;
generating a left-side component and a right-side component from the digital
mono audio input signal, at least partially, in accordance with the localization cues;
performing crosstalk cancellation to the left-side component and the right-side
component, respectively, to obtain a crosstalk-cancelled left-side component and a
crosstalk-cancelled right-side component; and
generating a digital stereo audio output signal including the

crosstalk-cancelled left-side component and the crosstalk-cancelled right-side component.

44. The computing device of claim 43, wherein the step of generating a left-side
component and a right-side component from the digital mono audio input signal further
includes:
panning the digital mono audio input signal into an initial left-side component and an
initial right-side component, respectively, in accordance with the localization cues; and
upmixing a first copy of the digital mono audio input signal with the initial left-side

component and a second copy of the digital mono audio input signal with the initial right-side
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component, respectively, to obtain the left-side component and the right-side component,
wherein there is a predefined time interval between the first and second copies of the digital

mono audio input signal.

45.  The computing device of claim 44, wherein the digital mono audio input signal, the
initial left-side component and the initial right-side component correspond to a center channel,
a left surround signal and a right surround channel of a multi-channel audio system,

respectively.

46.  The computing device of claim 44, wherein the step of panning the digital mono
audio input signal into an initial left-side component and an initial right-side component,
respectively, in accordance with the localization cues further includes:

applying a left amplitude panning parameter and a right amplitude panning parameter
to the digital mono audio input signal, respectively, to obtain an initial mid-left component
and an initial mid-right component;

determining an interaural time difference (ITD) and an interaural intensity difference
(IID) in accordance with the localization cues; and

applying the ITD and the IID to at least one of the initial mid-left component and the
initial mid-right component to obtain the initial left-side component and the initial right-side

component.

47.  The computing device of claim 43, wherein the plurality of steps further include:
before performing crosstalk cancellation to the left-side component and the right-side
component:
performing equalization to the left-side component and the right-side
component using a first bandpass filter to obtain a bandpass-filtered left-side component and
a bandpass-filtered right-side component, respectively;
generating a left-side residual component and a right-side residual component

by subtracting the left-side component and the right-side component from the
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bandpass-filtered left-side component and the bandpass-filtered right-side component,
respectively; and
after performing crosstalk cancellation to the left-side component and the right-side
component:
combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled

right-side component, respectively.

48.  The computing device of claim 47, wherein the plurality of steps further include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
removing a predefined frequency band from the left-side component and the

right-side component using a second bandpass filter.

49. The computing device of claim 47, wherein the plurality of steps further include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
performing first dynamic range compression to the left-side component and
the right-side component to highlight a predefined frequency band with respect to other

frequencies.

50.  The computing device of claim 47, wherein the plurality of steps further include:
after combining the left-side residual component and the right-side residual
component into the left-side component and the right-side component, respectively:
performing second dynamic range compression to the crosstalk-cancelled
left-side component and the crosstalk-cancelled right-side component to preserve the

localization cues in the digital stereo audio output signal.

51. A computer program product stored in a non-transitory computer readable storage

medium in connection with a computing device having one or more processors for processing
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an audio signal, the computer program product including a plurality of program modules that,
when executed by the one or more processors, cause the computing device to perform a
plurality of steps including:

receiving a digital mono audio input signal;

extracting localization cues from the digital mono audio input signal;

generating a left-side component and a right-side component from the digital mono
audio input signal, at least partially, in accordance with the localization cues;

performing crosstalk cancellation to the left-side component and the right-side
component, respectively, to obtain a crosstalk-cancelled left-side component and a
crosstalk-cancelled right-side component; and

generating a digital stereo audio output signal including the crosstalk-cancelled

left-side component and the crosstalk-cancelled right-side component.

52.  The computer program product of claim 51, wherein the step of generating a left-side
component and a right-side component from the digital mono audio input signal further
includes:

panning the digital mono audio input signal into an initial left-side component and an
initial right-side component, respectively, in accordance with the localization cues; and

upmixing a first copy of the digital mono audio input signal with the initial left-side
component and a second copy of the digital mono audio input signal with the initial right-side
component, respectively, to obtain the left-side component and the right-side component,
wherein there is a predefined time interval between the first and second copies of the digital

mono audio input signal.

53. The computer program product of claim 52, wherein the digital mono audio input
signal, the initial left-side component and the initial right-side component correspond to a
center channel, a left surround signal and a right surround channel of a multi-channel audio

system, respectively.
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54.  The computer program product of claim 52, wherein the step of panning the digital
mono audio input signal into an initial left-side component and an initial right-side
component, respectively, in accordance with the localization cues further includes:

applying a left amplitude panning parameter and a right amplitude panning parameter
to the digital mono audio input signal, respectively, to obtain an initial mid-left component
and an initial mid-right component;

determining an interaural time difference (ITD) and an interaural intensity difference
(IID) in accordance with the localization cues; and

applying the ITD and the IID to at least one of the initial mid-left component and the
initial mid-right component to obtain the initial left-side component and the initial right-side

component.

55. The computer program product of claim 51, wherein the plurality of steps further
include:
before performing crosstalk cancellation to the left-side component and the right-side
component:
performing equalization to the left-side component and the right-side
component using a first bandpass filter to obtain a bandpass-filtered left-side component and
a bandpass-filtered right-side component, respectively;
generating a left-side residual component and a right-side residual component
by subtracting the left-side component and the right-side component from the
bandpass-filtered left-side component and the bandpass-filtered right-side component,
respectively; and
after performing crosstalk cancellation to the left-side component and the right-side
component:
combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled

right-side component, respectively.
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56. The computer program product of claim 55, wherein the plurality of steps further
include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
removing a predefined frequency band from the left-side component and the

right-side component using a second bandpass filter.

57. The computer program product of claim 55, wherein the plurality of steps further
include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
performing first dynamic range compression to the left-side component and
the right-side component to highlight a predefined frequency band with respect to other

frequencies.

58. The computer program product of claim 55, wherein the plurality of steps further
include:
after combining the left-side residual component and the right-side residual
component into the left-side component and the right-side component, respectively:
performing second dynamic range compression to the crosstalk-cancelled
left-side component and the crosstalk-cancelled right-side component to preserve the

localization cues in the digital stereo audio output signal.

59. A method for processing an audio signal, comprising:

at a computing device having one or more processors, at least two speakers, memory,
and a plurality of program modules stored in the memory and to be executed by the one or
MOore Processors:

receiving a digital mono audio input signal;
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panning the digital mono audio input signal into a left-side component and a
right-side component, respectively;

upmixing two copies of the digital mono audio input signal with the left-side
component and the right-side component, respectively, wherein there is a predefined time
interval between the two copies of the middle component;

performing crosstalk cancellation to the left-side component and the right-side
component, respectively, to obtain a crosstalk-cancelled left-side component and a
crosstalk-cancelled right-side component; and

generating a digital stereo audio output signal including the

crosstalk-cancelled left-side component and the crosstalk-cancelled right-side component.

60. A method for processing an audio signal, comprising:
at a computing device having one or more processors, at least two speakers, memory,

and a plurality of program modules stored in the memory and to be executed by the one or
MOore Processors:

receiving a digital stereo audio input signal;

extracting a middle component, a left-side component and a right-side
component from the digital stereo audio input signal;

panning the middle component into the left-side component and the right-side
component, respectively;

creating first and second copies of the middle component, wherein there is a
predefined time interval between the first and second copies of the middle component;

combining the first copy of the middle component with the left-side
component into a left channel and the second copy of the middle component with the
right-side component into a right channel, respectively; and

generating a digital stereo audio output signal including the left channel and

the right channel.
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61. The method of claim 60, wherein the digital stereo audio input signal further includes
a left signal and a right signal, and the step of extracting a middle component, a left-side
component and a right-side component from the digital stereo audio input signal further
includes:

transforming the left signal and the right signal from a time domain to a frequency
domain using discrete short-time Fourier transform;

defining the middle component in the frequency domain as one of the left signal and
the right signal in the frequency domain having a smaller magnitude for a predefined
frequency in the frequency domain;

transforming the middle component from the frequency domain back to the time
domain using discrete short-time inverse Fourier transform; and

generating the left-side component and the right-side component by subtracting the

middle component in the time domain from the left signal and the right signal, respectively.

62. The method of claim 60, wherein the digital stereo audio input signal further includes
a left signal and a right signal, the step of panning the middle component into the left-side
component and the right-side component, respectively, further includes:

applying a left amplitude panning parameter and a right amplitude panning parameter
to the middle component, respectively, to obtain an initial mid-left component and an initial
mid-right component;

determining an interaural time difference (ITD) and an interaural intensity difference
(IID) between the left signal and the right signal;

applying the ITD and the IID to at least one of the initial mid-left component and the
initial mid-right component to obtain an intermediate mid-left component and an intermediate
mid-right component; and

combining the left-side component with the intermediate mid-left component and the

initial right-side component with the intermediate mid-right component, respectively.

63.  The method of claim 62, further comprising:
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determining an angle of a sound source associated with the digital stereo audio input
signal;

calculating the ITD and the IID in accordance with the angle of the sound source;

updating the initial mid-right component by applying a time shift of the ITD and an
amplitude multiplication of the IID to the initial mid-right component; and

combining the updated initial mid-right component into the initial mid-left component

as the intermediate mid-left component.

64.  The method of claim 60, further comprising:

performing equalization to the left-side component and the right-side component
using a first bandpass filter to obtain a bandpass-filtered left-side component and a
bandpass-filtered right-side component, respectively;

generating a left-side residual component and a right-side residual component by
subtracting the left-side component and the right-side component from the bandpass-filtered
left-side component and the bandpass-filtered right-side component, respectively;

performing crosstalk cancellation to the bandpass-filtered left-side component and the
bandpass-filtered right-side component, respectively, to obtain a crosstalk-cancelled left-side
component and a crosstalk-cancelled right-side component; and

combining the left-side residual component and the right-side residual component into
the crosstalk-cancelled left-side component and the crosstalk-cancelled right-side component,

respectively.

65.  The method of claim 64, further comprising:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
removing a predefined frequency band from the left-side component and the

right-side component using a second bandpass filter.

66.  The method of claim 64, further comprising:
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after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
performing first dynamic range compression to the left-side component and
the right-side component to highlight a predefined frequency band with respect to other

frequencies.

67.  The method of claim 64, further comprising:
after combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled
right-side component, respectively:
performing second dynamic range compression to the crosstalk-cancelled
left-side component and the crosstalk-cancelled right-side component to preserve the

localization cues in the digital stereo audio output signal.

68. A computing device for processing an audio signal, comprising:
ONE Or MOTre Processors;
memory; and
a plurality of program modules stored in the memory and to be executed by the one or
more processors, wherein the plurality of program modules, when executed by the one or
more processors, cause the computing device to perform a plurality of steps including:
receiving a digital stereo audio input signal;
extracting a middle component, a left-side component and a right-side
component from the digital stereo audio input signal;
panning the middle component into the left-side component and the right-side
component, respectively;
creating first and second copies of the middle component, wherein there is a

predefined time interval between the first and second copies of the middle component;
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combining the first copy of the middle component with the left-side
component into a left channel and the second copy of the middle component with the
right-side component into a right channel, respectively; and

generating a digital stereo audio output signal including the left channel and

the right channel.

69.  The computing device of claim 68, wherein the digital stereo audio input signal
further includes a left signal and a right signal, and the step of extracting a middle component,
a left-side component and a right-side component from the digital stereo audio input signal
further includes:

transforming the left signal and the right signal from a time domain to a frequency
domain using discrete short-time Fourier transform;

defining the middle component in the frequency domain as one of the left signal and
the right signal in the frequency domain having a smaller magnitude for a predefined
frequency in the frequency domain;

transforming the middle component from the frequency domain back to the time
domain using discrete short-time inverse Fourier transform; and

generating the left-side component and the right-side component by subtracting the

middle component in the time domain from the left signal and the right signal, respectively.

70.  The computing device of claim 68, wherein the digital stereo audio input signal
further includes a left signal and a right signal, the step of panning the middle component into
the left-side component and the right-side component, respectively, further includes:
applying a left amplitude panning parameter and a right amplitude panning parameter
to the middle component, respectively, to obtain an initial mid-left component and an initial
mid-right component;
determining an interaural time difference (ITD) and an interaural intensity difference

(IID) between the left signal and the right signal;
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applying the ITD and the IID to at least one of the initial mid-left component and the
initial mid-right component to obtain an intermediate mid-left component and an intermediate
mid-right component; and

combining the left-side component with the intermediate mid-left component and the

initial right-side component with the intermediate mid-right component, respectively.

71.  The computing device of claim 70, wherein the plurality of steps further include:
determining an angle of a sound source associated with the digital stereo audio input
signal;
calculating the ITD and the IID in accordance with the angle of the sound source;
updating the initial mid-right component by applying a time shift of the ITD and an
amplitude multiplication of the IID to the initial mid-right component; and
combining the updated initial mid-right component into the initial mid-left component

as the intermediate mid-left component.

72. The computing device of claim 68, wherein the plurality of steps further include:

performing equalization to the left-side component and the right-side component
using a first bandpass filter to obtain a bandpass-filtered left-side component and a
bandpass-filtered right-side component, respectively;

generating a left-side residual component and a right-side residual component by
subtracting the left-side component and the right-side component from the bandpass-filtered
left-side component and the bandpass-filtered right-side component, respectively;

performing crosstalk cancellation to the bandpass-filtered left-side component and the
bandpass-filtered right-side component, respectively, to obtain a crosstalk-cancelled left-side
component and a crosstalk-cancelled right-side component; and

combining the left-side residual component and the right-side residual component into
the crosstalk-cancelled left-side component and the crosstalk-cancelled right-side component,

respectively.

55



WO 2017/074321 PCT/US2015/057616

73.  The computing device of claim 72, wherein the plurality of steps further include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
removing a predefined frequency band from the left-side component and the

right-side component using a second bandpass filter.

74.  The computing device of claim 72, wherein the plurality of steps further include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
performing first dynamic range compression to the left-side component and
the right-side component to highlight a predefined frequency band with respect to other

frequencies.

75.  The computing device of claim 72, wherein the plurality of steps further include:
after combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled
right-side component, respectively:
performing second dynamic range compression to the crosstalk-cancelled
left-side component and the crosstalk-cancelled right-side component to preserve the

localization cues in the digital stereo audio output signal.

76. A computer program product stored in a non-transitory computer readable storage
medium in connection with a computing device having one or more processors for processing
an audio signal, the computer program product including a plurality of program modules that,
when executed by the one or more processors, cause the computing device to perform a
plurality of steps including:

receiving a digital stereo audio input signal;

extracting a middle component, a left-side component and a right-side component

from the digital stereo audio input signal;
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panning the middle component into the left-side component and the right-side
component, respectively;

creating first and second copies of the middle component, wherein there is a
predefined time interval between the first and second copies of the middle component;

combining the first copy of the middle component with the left-side component into a
left channel and the second copy of the middle component with the right-side component into
a right channel, respectively; and

generating a digital stereo audio output signal including the left channel and the right

channel.

77. The computer program product of claim 76, wherein the digital stereo audio input
signal further includes a left signal and a right signal, and the step of extracting a middle
component, a left-side component and a right-side component from the digital stereo audio
input signal further includes:

transforming the left signal and the right signal from a time domain to a frequency
domain using discrete short-time Fourier transform;

defining the middle component in the frequency domain as one of the left signal and
the right signal in the frequency domain having a smaller magnitude for a predefined
frequency in the frequency domain;

transforming the middle component from the frequency domain back to the time
domain using discrete short-time inverse Fourier transform; and

generating the left-side component and the right-side component by subtracting the

middle component in the time domain from the left signal and the right signal, respectively.

78. The computer program product of claim 76, wherein the digital stereo audio input
signal further includes a left signal and a right signal, the step of panning the middle
component into the left-side component and the right-side component, respectively, further

includes:
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applying a left amplitude panning parameter and a right amplitude panning parameter
to the middle component, respectively, to obtain an initial mid-left component and an initial
mid-right component;

determining an interaural time difference (ITD) and an interaural intensity difference
(IID) between the left signal and the right signal;

applying the ITD and the IID to at least one of the initial mid-left component and the
initial mid-right component to obtain an intermediate mid-left component and an intermediate
mid-right component; and

combining the left-side component with the intermediate mid-left component and the

initial right-side component with the intermediate mid-right component, respectively.

79. The computer program product of claim 78, wherein the plurality of steps further
include:

determining an angle of a sound source associated with the digital stereo audio input
signal;

calculating the ITD and the IID in accordance with the angle of the sound source;

updating the initial mid-right component by applying a time shift of the ITD and an
amplitude multiplication of the IID to the initial mid-right component; and

combining the updated initial mid-right component into the initial mid-left component

as the intermediate mid-left component.

80. The computer program product of claim 76, wherein the plurality of steps further
include:

performing equalization to the left-side component and the right-side component
using a first bandpass filter to obtain a bandpass-filtered left-side component and a
bandpass-filtered right-side component, respectively;

generating a left-side residual component and a right-side residual component by
subtracting the left-side component and the right-side component from the bandpass-filtered

left-side component and the bandpass-filtered right-side component, respectively;
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performing crosstalk cancellation to the bandpass-filtered left-side component and the
bandpass-filtered right-side component, respectively, to obtain a crosstalk-cancelled left-side
component and a crosstalk-cancelled right-side component; and

combining the left-side residual component and the right-side residual component into
the crosstalk-cancelled left-side component and the crosstalk-cancelled right-side component,

respectively.

81. The computer program product of claim 80, wherein the plurality of steps further
include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
removing a predefined frequency band from the left-side component and the

right-side component using a second bandpass filter.

82. The computer program product of claim 80, wherein the plurality of steps further
include:
after performing equalization to the left-side component and the right-side component
using the first bandpass filter:
performing first dynamic range compression to the left-side component and
the right-side component to highlight a predefined frequency band with respect to other

frequencies.

83. The computer program product of claim 80, wherein the plurality of steps further
include:

after combining the left-side residual component and the right-side residual
component into the crosstalk-cancelled left-side component and the crosstalk-cancelled

right-side component, respectively:
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performing second dynamic range compression to the crosstalk-cancelled
left-side component and the crosstalk-cancelled right-side component to preserve the

localization cues in the digital stereo audio output signal.

84. A method for processing an audio signal, comprising:
at a computing device having one or more processors, memory, and a plurality of

program modules stored in the memory and to be executed by the one or more processors:

receiving a digital audio input signal;

performing equalization to the digital audio input signal by enhancing the
digital audio input signal within a predefine frequency range and generating a residual audio
signal from the equalized audio signal;

performing dynamic range compression to the equalized audio signal;

performing crosstalk cancellation to the equalized audio signal to obtain a
crosstalk-cancelled audio signal; and

combining the crosstalk-cancelled audio signal and the residual audio signal

into a digital audio output signal.

85.  The method of claim 84, wherein the step of performing equalization to the digital
audio input signal by enhancing the digital audio input signal within a predefine frequency
range and generating a residual audio signal from the equalized audio signal further includes:
applying a first bandpass filter to the digital audio input signal to obtain a
bandpass-filtered audio signal; and
generating the residual audio signal by subtracting the bandpass-filtered audio signal

from the digital audio input signal.

86.  The method of claim 85, further comprising:
after performing equalization to the equalization to the digital audio input signal using

the first bandpass filter:
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removing a predefined frequency band from the bandpass-filtered audio signal

using a second bandpass filter.

87.  The method of claim 84, further comprising:
after performing equalization to the equalization to the digital audio input signal using
the first bandpass filter:
performing first dynamic range compression to the bandpass-filtered audio

signal to highlight a predefined frequency band with respect to other frequencies.

88.  The method of claim 84, wherein the digital audio input signal is a left channel of a
stereo audio input signal that also includes a right channel and the step of performing
crosstalk cancellation to the equalized audio signal to obtain a crosstalk-cancelled audio
signal further includes:

performing crosstalk cancellation to the left channel using a similarly processed right
channel to obtain a crosstalk-cancelled left channel audio signal; and

performing crosstalk cancellation to the right channel using the equalized audio signal

to obtain a crosstalk-cancelled right channel audio signal.

89. A computing device for processing an audio signal, comprising;:
ONE Or MOTre Processors;
memory; and
a plurality of program modules stored in the memory and to be executed by the one or
more processors, wherein the plurality of program modules, when executed by the one or
more processors, cause the computing device to perform a plurality of steps including:
receiving a digital audio input signal;
performing equalization to the digital audio input signal by enhancing the
digital audio input signal within a predefine frequency range and generating a residual audio
signal from the equalized audio signal;

peforming dynamic range compression to the equalized audio signal;
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performing crosstalk cancellation to the equalized audio signal to obtain a
crosstalk-cancelled audio signal; and
combining the crosstalk-cancelled audio signal and the residual audio signal

into a digital audio output signal.

90.  The computing device of claim 89, wherein the step of performing equalization to the
digital audio input signal by enhancing the digital audio input signal within a predefine
frequency range and generating a residual audio signal from the equalized audio signal
further includes:

applying a first bandpass filter to the digital audio input signal to obtain a
bandpass-filtered audio signal; and

generating the residual audio signal by subtracting the bandpass-filtered audio signal

from the digital audio input signal.

91. The computing device of claim 90, wherein the plurality of steps further include:
after performing equalization to the equalization to the digital audio input signal using
the first bandpass filter:
removing a predefined frequency band from the bandpass-filtered audio signal

using a second bandpass filter.

92. The computing device of claim 90, wherein the plurality of steps further include:
after performing equalization to the equalization to the digital audio input signal using
the first bandpass filter:
performing first dynamic range compression to the bandpass-filtered audio

signal to highlight a predefined frequency band with respect to other frequencies.

93.  The computing device of claim 92, wherein the digital audio input signal is a left
channel of a sterco audio input signal that also includes a right channel and the step of
performing crosstalk cancellation to the equalized audio signal to obtain a crosstalk-cancelled

audio signal further includes:
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performing crosstalk cancellation to the left channel using a similarly processed right
channel to obtain a crosstalk-cancelled left channel audio signal; and
performing crosstalk cancellation to the right channel using the equalized audio signal

to obtain a crosstalk-cancelled right channel audio signal.

94, A computer program product stored in a non-transitory computer readable storage
medium in connection with a computing device having one or more processors for processing
an audio signal, the computer program product including a plurality of program modules that,
when executed by the one or more processors, cause the computing device to perform a
plurality of steps including:

receiving a digital audio input signal;

performing equalization to the digital audio input signal by enhancing the digital
audio input signal within a predefine frequency range and generating a residual audio signal
from the equalized audio signal;

peforming dynamic range compression to the equalized audio signal;

performing crosstalk cancellation to the equalized audio signal to obtain a
crosstalk-cancelled audio signal; and

combining the crosstalk-cancelled audio signal and the residual audio signal into a

digital audio output signal.

95. The computer program product of claim 94, wherein the step of performing
equalization to the digital audio input signal by enhancing the digital audio input signal
within a predefine frequency range and generating a residual audio signal from the equalized
audio signal further includes:

applying a first bandpass filter to the digital audio input signal to obtain a
bandpass-filtered audio signal; and

generating the residual audio signal by subtracting the bandpass-filtered audio signal

from the digital audio input signal.
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96. The computer program product of claim 95, wherein the plurality of steps further
include:
after performing equalization to the equalization to the digital audio input signal using
the first bandpass filter:
removing a predefined frequency band from the bandpass-filtered audio signal

using a second bandpass filter.

97. The computer program product of claim 95, wherein the plurality of steps further
include:
after performing equalization to the equalization to the digital audio input signal using
the first bandpass filter:
performing first dynamic range compression to the bandpass-filtered audio

signal to highlight a predefined frequency band with respect to other frequencies.

98. The computer program product of claim 97, wherein the digital audio input signal is a
left channel of a stereo audio input signal that also includes a right channel and the step of
performing crosstalk cancellation to the equalized audio signal to obtain a crosstalk-cancelled
audio signal further includes:

performing crosstalk cancellation to the left channel using a similarly processed right
channel to obtain a crosstalk-cancelled left channel audio signal; and

performing crosstalk cancellation to the right channel using the equalized audio signal

to obtain a crosstalk-cancelled right channel audio signal.
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Perform crosstalk cancellation to the left-side component and the
right-side component, respectively, to obtain a crosstalk-canceled left-
side component and a crosstalk-canceled right-side component

(289

Generate a digital audio output signal including the crosstalk-canceled
left-side component and the crosstalk-canceled right-side component

FiG. 28

3/18

SUBSTITUTE SHEET (RULE 26)



WO 2017/074321 PCT/US2015/057616

ngi

Extract a middle component, an initial left-side component and an
initial right-side component from the digital audio input signal

{303

Pan the middle component into the initial left-side component and the
initial right-side component, respectively, in accordance with the
localization cucs to obtain an intermediate left-side component and an
mtermediate right-side component

;305

Upraix a first copy of the middle component with the intermediate lefi-
side component and a second copy of the middle component with the
mtermediate right-side component, respectively, to obtain the left-side
component and the right-side component, wherein there is a
predefined time interval between the first and second copies of the
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componcnt into the left-side component and the night-side component,
respectively

FIG. 6

14118

SUBSTITUTE SHEET (RULE 26)



WO 2017/074321 PCT/US2015/057616

(701
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