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A System and Method for Processing an Input Signal to ProdUce 3D Audio Effects

Field _of:_the invehtion

T ,jThe present mventuon relates to a method and a processmg system for processing an
“input. S|gnal to produce three- dlmensmnal (3D) audio effects. The processmg systemi

" may be coupled with a plurallty of loudspeakers to form an audio- system for producmg )

the 3D audio effects.

Background of the Invention

3D visual content is readily available, for example, in 3D games, 3D movies and 3D TV

“broadcast. To create a convinc‘ihgj 3D environment, the viewer of the 3D visual content
- should 'prefei'abily be able to experience and feel a certain sense of spaciousness (for

- "example, the spaciousness of a typical forest when the viewer is “in” a virtual fdrest).

Preferably, there should be accompanying 3D audio effects that are matched with the
3D visual content, for example, as the viewer is “walking through” the virtual forest.

More preferably, the viewer shouid be able to experience different depths of the audio
content.

Fig. 1 illustrates an example of matching 3D visual and audio content. In Fig. 1, the 3D

visual content (which may be ffom a 3D TV show, 3D game or 3D movie) comprises

' ifnages of a bee flying around a viewer in a grass field. The audio content comprises

sounds in the fgras's field (in the form of far sounds) so that the viewer is able to
experience the ambience of ‘the grass field. The audio content _furttfer comprises
sounds from the bee (in the form of near sounds which mey comprise binaural cues) so
that the viewer is able to feel the proximity of the bee. |

3D games usually place the player’s avatar in the middle of the action, regardless of
whether they are 1% person shooter games or 3™ person shooter games. To enhance
the realism of the gaming experience, 3D sounds are often used extensively with 3D

graphics in 3D games. Thezaudio content in a 3D game generally comprises a

" soundtrack, which in turn comprises ambience sounds and sound effects embedded

with audio (or binaural) cues to enhance the realism of the game. For example, the
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audio content may comprise ambience sounds of a typical room or forest which may be
used when the player’s avatar is in a virtual room or forest and 3D audio cues reflecting
:‘sounds of bullets flylng towards the player’s avatar. The sound effects in 3D games are ’
"‘_]usually processed with 3D audio techniques such .as Direct Sound in Windows, -

B Z'allowrng game developers fo posntlon the sound effects almost anywhere in a virtual -

f’_ﬁﬁspace surroundlng the player, hence adding another dimensmn of realism into the
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B .games

- Other than gaming‘ applications; :th'ere are many other applications in which it is highly-

~ desirable to create an auditory experience which allows the user (or listener) to feel

that he or she is indeed in a particular environment. Creating such an immersive

- -expenence requrres that the audlo sounds presented to the user provide a certain level

o of spamousness and envelopment The level of spacrousness refers to the extent of '

space ,portrayed_- to the user and may be expressed as the direct sound to reflections -
and re\/er_beration’ ratio. Spaciousness may be achieved using a two:channel (stereo) |
or a multi-channel (more than two channels) system, althoug‘h for a two-channel
system, the spaciousness and depth dimension of the audio content are usually
constrained by the space between the two conventional loudspeakers used in the
system. On the other hand, envelopment i.e. the sensation of being surrounded by
sound is usually only achievable using a multi-channel system. The level of‘
envelopment is usually dependent on the number of loudspeakers in the system and '
the spacing between these loudspeakers

As shown in the above examples, both visual and audio cues play important roles in 3D
media such as 3D TV broadcast, 3D games and 3D movies. Unfortunately, due to the

limitation of conventional loudspeakers, it remains difficult to achieve immersive sounds

_ for 3D media using current audio systems.

~ Although setting up surround loudspeakers in a multi-channel system may achieve 3D

audio effects, this may be probiematic in an environment with limited space. In such an
environment, a two-channel system is more attractive but its use is usually at the
expense of a smaller sound fleld Furthermore, head related transfer functions (HRTFs)
are often requnred fo approxnmate a desired multi- channel sound using a two-channel

system. Without personalized HRTFs, there may be . problems such as in-head
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iocalization and  front-back confusion. In addition, using a two-channel system to

approximate a multi-channel sound requires good crosstalk cancellation. This limits the

:performance of this approach 'since crosstalk cancellatlon usually requires a good
A;Esubtrachon of two sound fields and tends to be very sensitive to system variations or

. ﬁ_fj_errors Moreover such an approach is sweet spot dependent Although |t may be_A

s j":ipossrble to overcome these problems (i.e. the sweet spot dependency and the need for
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g'.crosstalk cancellatlon) by usmg headphones this solutlon is not without issues. For

‘ ‘example dnscomfort and fatlgue may arise after prolonged use of- headphones

Virtual surround sound systems'(VSSS) using 3D sound techniques and conventional

loudspeakers to create a virtual audio/sound image (i.e. audio/sound effects) have aiso

, ,been developed However, there is usually a lack of auditory depth in the audio effects
’produced using such virtual systems Furthermore, similar to systems which requrre the
‘use of- HRTFs VSSS are generally sweet spot dependent

Summary of the invention

‘The present invention aims to provide a new and useful processing system and method

for processing an input signal to produce 3D audio effects. The processing system may
be integrated with a plurality of loudspeakers to form an audio system for producing the
3D audio effects. It may also be integrated with a device for generating or capturing
audio signals. h

“In general terms, - the -present‘inv_ention proposes a processing system .configured to

transmit a first group of components in the input signal to at least one directional
loudspeaker and a second group.of components in the: input signal to at least one
conventional loudspeaker. A conventional loudspeaker is defined in this document as a

loudspeaker configured to produce a wide dispersion of sound (by “‘wide”, it is meant

- that the angle of dispersion of the sound from a conventional loudspeaker is more than

30 degrees) whereas a directional loudspeaker is defined in this document as a

loudspeaker configured to prodice a directional sound beam (by “directional”, it is

“meant that the angle of disperSion of the sound from a directional Ioudspeaker is less

than 30 degrees). Furthermore, the directional Ioudspeaker is typically a parametric "
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loudspeaker generating ‘a modulated ultra-sonic wave, whereas the conventional

- loudspeaker(s) does not typically generate a moduiated uitrasonic beam.

o ?'More‘ specificaiiy, ’a first aspect' of the present invention is a processing System for
: i‘j;processrng an |nput signal to produce three-dimensional audlo effects, the processrng '
. »system comprisrng a cue sending path configured to extract a set of binaural cues:
~from the input srgnal and further conflgured to send at least a portion of the extracted
set of binaural cues to at Ieast one directional Ioudspeaker for transmission; and an

- .ambience_sending path configured to send at least a part of the input signal comprising
10 -

ambience sounds to at least one conventional loudspeaker for transmission.

A second aspect of the present |nvent|on is a method for processing an input signal to -

produce three-dimensional audio effects, the method comprising the steps of:

extracting a set-of binaural cues from the input signal and: sending at least a portion of. o

the extracted set of binaural cues to at least one directional Ioudsp'eaker for
transmission; and sending at least a part of the input signal comprising ambience

sounds to at least one conventional loudspeaker for transmission.

The present invention is advantageous as it exploits the directivity of directional

loudspeakers and the wide dispersive characteristic of conventional loudspeakers. The

. dispersive nature of the conventional loudspeakers helps to recreate a certain degree

of spaciousness and envelopment whereas the directional loudspeakers are not only
useful for 3D sound projection, ?they can also achieve sharper and more vivid auditory
spatial images. The directional loudspeakers are also capabie of bringing these
auditory images closer to the users Thus, using at least one directional loudspeaker
for transmitting a portion of a set of binaural cues extracted from the input signal and
using at least one conventional loudspeaker for transmitting a part of the input signal
comprising ambience sounds helps to create a highly-focused sound image comprising
vivid auditory images close to the users V\rhile still projecting the baAckground audio

image to the users.
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Brief Description of the Figures

- :v‘ﬁAn embodlment of the invention. W|II now be |llustrated for the sake of example only with -

e ~;Ijreference to the followmg drawmgs |n Wthh

Flg 1 |Ilustrates an example of matching 3D wsual and audio content

F|g 2 |llustrates an audlo system accordmg to an “embodiment of the present

: __|nvent|on the audlo system comprising a processing system

Flg 3 illustrates a block dlagram showing an example of-using a multi-channel
approach inacue sendlng path of the processing system |n Fig. 2;
' F|g 4 iliustrates a block dlagram showing an example of using a multi-channel

approach in an amblence sendrng path of the processmg system in Fig. 2, the block N

- dlagram further showing an example of down-mixing a part of an input sngnal of the
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processrng system of Fig. 2 ,
Flg 5 |IIustrates a parametnc loudspeaker system accordmg to a first prlor art;
Fig. 6 illustrates a parametrlc loudspeaker system according to a second prior
art; |

'Fig. 7 illustrates a block diagram showing a MAM technique used in the

processing system of Fig. 2;

Fig. 8 illustrates a block 'diagram showing an example of using a sub-band
approach in a cue sending path of the processing system in Fig. 2; '

Figs. 9(a) - (d) illustrate different examples of how the processing system of Fig.
2 may be integrated with different systems having different loudspeaker configurations;
' Fig. 10 illustrates an example setup of video displays, conventional
Ioudspeakers and directional Ioudspeakers whereby the loudspeakers may be coupledv
with the processing system of Fig. 2; “

Fig. 11 illustrates a prior art system which uses directional loudspeakers to
create virtual Ioudspeakers to replace surround Ioudspeakers ‘

Figs. 12(a) - (b) illustrate audio images produced by loudspeakers having
different directivities; and »

Figs. 13(a) - (b) illustrates examples of soundscapes that may be achieved by
the audio system of Fig. 2.
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| Det_ailed Description of the Embodiments

; :?Flg 2 |llustrates -an:audio system 200 (or Augmented Audio System (AAS)) accordlng
, '_to an embodlment of the present |nvent|on

. The audlo system 200 serves to produce 3D audio effects As shown in Fig. 2, the_
""system 200 compnses a processrng system 201 for processmg an rnput signal 202 to

' produce the 3D audlo effects. The: mput signal 202 may comprrse an audio signal. The

audio system 200 also comprises a plurality of conventional loudspeakers 212 (which

‘may be Ioudspeakers belonging to a 2.0, 2.1, 4.0, 5.1 and/or 7.1 speaker configuration)

5 .total of m conventronal Ioudspeakers 212 and k dlrectlonal Ioudspeakers 214

The difterent.components of the:aUdio system 200 will now be described in m‘ore detail.

The processing system 201 comprises a cue sending' path and an ambience sending -
path. These paths comprise front-end digital audio processing blocks which serve to
pre-process the input signal 202.

The cue'sending path comprises a cue extraction module in the form of a binaural cue

extraction module 204 and is configured to extract a set of binaural cues from the input

- signal 202 using this binaural _cUe extraction module 204. The extracted set of binaural

cues may comprise only a single binaural cue and maygbe used to synthesize audio
effects. The cue sending path is further configured to send at least a portion, if not the
whole, of the extracted set of bineural cues to at least on_e directional Ioudspeaker 214
for transmission This portion of the extracted set of bina'ural cues to be sent to the at
least one dlrectlonal loudspeaker 214 may be adjusted usmg a variable g. as shown in
Fig. 2where 0 < g, < 1.

As shown in Fig. 2, the cue sending path in the processtng system 201 is operable in

_' two modes: the reconﬂguratuon mode and the d|rect—through mode. The choice of .

which mode to use usually depends on the configuration of the input signal 202 and the
confuguratlon of the directional loudspeakers 214 to be used for transmitting the portion
of the extracted set of binaural cues.
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In the direct- thrcugh mode, the. cU'e sending path is configured to send the portion of
- »:the extracted set of binaural cues directly to the directional loudspeakers 214. This -
: fmode is. usually used when the conflguratlon of the |nput signal 202 (and hence, the

fj;extracted set of bmaural cues) matches the conﬂguratlon of the dlrect|onal>

lcudspeakers 2-1_4 to be used.

On the other hand,'the reconfi_guration mode is usually used when the configuration of
the input signal 202 does not match the configuration of the directional loudspeakers

214 to be use_d.'The cue sending path comprises a reconfiguration module in the form

- of an_Audio Reconfiguration. (AR) module 207. This AR module 207 serves to
: jreconfigure the portion of the extracted set of binaural cue's to be sent to the directional

: Ioudspeakers 214,so0as to match the conflguratlon of the directional loudspeakers 214; .

to be used For example if the number of channels in the portlon of the extracted set of

‘binaural cues is not the same as the number of directional loudspeakers 214 to be

- used for transmlttlng the binaural cues, the AR module 207 is operable to reconfigure

this portion of the extracted set of binaural cues by up-tnixing or down-mixing it.

If the input signal 202 comprises a plurality of channels, at least a part of the cue
sending path may be configured to process each channel of the input signal 202
independently. For example, the binaural cue extraction module 204 may be configured

to extract a group of binaural cues from each channel in the input signal 202.

~ Alternatively, binaural cues may be extracted from only a subset of (i.e. not all) the
“ channels in the input signal 202 whereby a group of binaural cues is extracted from

" each channel in this subset. The cue sending path may be further configured to send at

least a portion of each extracted group of binaural cues to the directional"Ioudspeakers

214 for transmission. The portion of each extracted group of binaural cues to be sent to

" the directional loudspeakers 214 may be adjusted independently (in one example, this*

portion may range from zero to one (not inclusive of zero)).

Fig. 3 illustrates an example of the multi-channel approach described above. in Fig. 3,

" the input ‘signal 202 comprises :fcur channels (ieft, surround left, right, surround right). .

Binaural cues are extracted from. all four channels and these extracted binaural cues -

- are then down-mixed to two output channels (left and right). As shown in Fig. 3, the cue

sending path is configured to send a portion of each extracted group of binaural cues to
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the AR module 207 for reconfiguration and then to the directional loudspeakers 214 for

f ‘transmission[ Each of these ;portions may be adjusted independently using the -
g-'ifrespe'ctiVe vvariatz)Ie'gc where ¢ ="0denotes the left channel, c=1 denotes the surround |
) ﬁ.';_.left channel c = 2 denotes the rrght channel and c= 3 denotes the surround right
: channel in other words, go. g1, gz and gz may or may not take the same vaiues. The AR .‘
. module 207 is confrgured to down-mix the binaural cues from the left and surround left

- channels to form the left output ohannel (shoWn as “Down-mixed Extracted cues (Left)” :

in Fig. 3) and the binaural cues from the right and surround right channels to form the

right output channel (shown as “Down-mixed Extracted cues (Right) in Fig. 3). Each of

" -the left. and right output channets is then sent to a respeciive directional loudspeaker
214, Note that sunce the extracted binaural cues may be down mixed (if n < k) or up-

: :mlxed (|f n > k) to match the number of directional loudspeakers 214, the number of - j

channels from whlch the blnaural cues are extracted need not be the same ‘as the’:

'number of dlreotlonal Ioudspeakers 214 to be used (le it is possrble for n # k). :

- Alternatively, the processing system 201 may be configured such that the number of

channels from which binaural cues are extracted eouals the number of directional
loudspeakers 214 to be used. In this alternative, no reconfiguration of the extracted
binaural cues is required. Furthermore, in this alternative, a portion from each extracted

group of binaural cues may be sent to a respective directional loudspeaker 214 for
transmission. . '

The cue sending path of system 201 further comprises a pre-processing module 208

_and an amplification module 210 which serve to modulate -and amplify the portion of the

- extracted set of binaural cues (which may comprise portions of different groups of

binaural cues extracted from different channels) before sending it to the directional
ioudspeakers 214 for transmission. In one example, the pre-processing moduie 208 is
configured to modulate the portion of the extracted set of binaural cues onto an

ultrasonic carrier signal using a Modified Amplitude Modulation (MAM) technique. The

- MAM technique is discussed in more detail below and in PCT Patent Application No.
30

PCT/SG2010/000312, the contents of which are herein incorporated by reference. The

‘ portion of the extracted set of_binaural cues is then amplified in the amplification -

module 210 before it is sent to the directional Ioudspeakers 214 for transmission. Note -
that different channels of the input signal 202 may also be independently processed

through the pre-processing module 208 and the amplification module 210.
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i The amblence sendmg path of processrng system 201 in Flg 2 is configured to send at
' jileast a part n‘ not the whole, of’ the lnput signal 202 compnsmg ambience sounds to at -
" least -Qne ce_nventronal Ioudspeaker 212 for. transmission. In one example, to extract
' the p'va'rt‘j of the i"nput signal 202"c'omprisi.ng ambience soUnds the ambience sending :
-path comprlses an amblence extractron unit 205 conﬂgured to subtract from the input -

) .SIgnaI 202 at least a portion of the set of binaural cues extracted usrng the binaural cue

extraction module - 204. Alternatlvely, the ambience extraction unit 205 may be
configured to not subtract any extracted binaural cue from the input signal 202. In other

words, the whole of the input signal 202 may be sent to t'he at least one conventional’

: Ioudspeaker 212 for transmission. The portion of the extracted set of binaural cues to

< sy < 1)as shown in Fig. 2

~ In oné example, the conventional loudspeakers 212 comprise surround loudspeakers

and - non-surround loudspeakers. In this example, the ambience 'sending path is
configured to send at least a portion of the set of bir\aural cues extracted using the
binaural cue extraction module 204 to the surround loudspeakers for transmission.
These binaural cues may be distributed accordingly among the surround loudspeakers.
In this example, the ambience sending path is further configured to send the part of the

input signal 202 comprising ambience sounds to the non-surround loudspeakers for
transmission. '

In another example, the converttiohal loudspeakers 212 do not comprise any surround
loudspeaker and the ambience sehding path is configured to send the part of the input
signal 202 comprising ambience sounds to all the conventionat Ioudspeakers 212 for
transmission. This part of the input signal 202 may be distributed eccordingly among

the conventional loudspeakers 212.

If the input signal 202 comprises a plurality of channels, at least a part of the ambience

sendmg path may be configured to process each channel of the input signal 202

_' mdependently For example, the ambience extraction unit 205 may be conflgured to

subtract from each channel in the input signal 202, at least a portlon of a group of
binaural cues extracted from the channel. Alternatively, this subtraction may be

performed for only a subset of (i.e. not all} the channels in the input signal 202. The
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f portion of each group of binaure:nf cues to be subtracted from the respective channel in
~the mput signal 202 may be adjusted independently (in one example, this pdrtioh may -
: ..r'an,gel from -;Zerd: t(j)i one (inc_luSive’.of zero)). Note that'if this 'portiOn is zero for a
' "particﬁllatr ch'éhnel, vi:t'implies tha’@ the subtraction is not performed for the channel i.e.
: the wh@lé’ of this channel is ser‘it' tg'):the at least one Convéntiqnal Ioudspeéker 212 for

. “transmission.

- 'Fig. 4 illustrates- an example of the multi-channel approach described above (Fig. 4
- ‘also illustrates the dbwn-mixing of a part of the multi-channel input signal 202 to two

41£0 ouiput-chénnels‘f and this will.befelaborated later.). In Fig. 4, the input signal 202

. comprises four ¢hahne|s (left, sju:rro_und left, right, surround right) and binaural cues are .

s -rSUbtré:ct:e'd from all' the four channels. As shown in Fig. 4, a portion of the group of -
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binaural cues eXtracted from each channel is subtracted from the respective channel of

“the inpfu:t sighal 202. Each of thesé portions may be adjusted independently using the

respective variable s, where a = 0 denotes the left channel, a = 1 denotes the surround

left channel, a = 2 denotes the right channel and a = 3 denotes the surround right

channel. In other words, different values can be used for sg, S1, s, and ss. Noté that the

input signal 202 need not comprise only four channels (for example, the input signal

may comprise n channels and a =0, 1, 2, ..., n-1 may be used to respéctively denote

each channel). -

To accommodate different user requirements, the ambience sending path in the
brocessing system 201 is also operable in two modes: the reconfiguration mode and
the direct-through mode. The choice of which mode to use usually depends on the

configuration of the input signal 202 and the configuration of the conventional
loudspeakers 212.

- In the direct-through mode, the ambience sending path is configured to send the
: extracted part of the input signal 202 comprising ambience sounds directly to the -
- conventional loudspeakers 212. This mode is usUaIly used when the configuration of

the input signal 202 (and hence, the extracted part of the input signal 202 comprising |

ambience sounds) matches the configuration of the conventional loudspeakers 212 to

. be used for transmitting the extraéted part of the input signal 202, for example, when

the number of channels n in the input signal 202 is equal to the number of conventional
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: loudsoeakers 212 (i;e. n=m) anjdfall the -conve_htional loudspeakers 212 are used for

' transmitting the extracted part of the input signal 202.

~ On the other hand, the reconfigura:t'ion mode is usually used when the configuration of -
the inp:ut signal 202 does not match the configuration of th_e conventional loudspeakers

. 212 to be used for transmitting the extracted part of the input signal 202 (for example,

when m #n). lrt the reconfiguration mode, the ambienoeis'ending path is operable to

reconfigure the extracted part of the input signal 202 comprising ambience sounds to

.. match. the conﬁguration of the 'conventional loudspeakers 212 to be used. The
10 ﬁamb|ence sendlng ‘path comprrses a reconﬂguratlon module in the form of an Audio -
Reconfuguratlon (AR) module 206 for thls purpose. In other words, the AR’ module 206

-‘ is oper_able to _reconflgure the. extracted part of the rnput signal 202 comprlsrng |

ambienoe sounds to match the :configuration of the conventional loudspeakers 212 to

“be used. For example, if m = n (and all m conventional loudspeakers are to be used for

" transmitting the extracted part of the input signal 202), the AR module 206 serves to

reconfigure the extracted part of the input signal 202 by up-mixing or down-mixing it.
More specifioally, if the input signal 202 is configured for a 5.1 speaker configuration
and the conventional loudspeakers 212 belong to a 7.1 speaker configuration (i.e. (n =

6) < (m = 8)), the extracted part of the input signal 202 may be up-mixed using the AR

“module 206. Alternatively, if the input signal 202 is configured for a 5.1 speaker

configuration and the conventional loudspeakers 212 belong to a 2.1 speaker
configuration (i.e. (n = 6) > (m = 3)), the extracted part of the mput signal 202 may be
down-mixed using the AR module 206.

if the conventional Ioudspeakers 212 comprise surround and “non-surround
loudspeakers as in one of the examples mentioned above, the AR module 206 may be
operable to reconfigure the portion of the set of binaural cues to be sent to the
surround loudspeakers to match the configuration of the surround loudspeakers. in this
case, the part of the input' signal 202 comprisi‘ng'ambience sounds: may be

reconflgured usmg the AR module 206 to match the configuration of the non- surround

" loudspeakers. -

As mentioned above, Fig. 4 illustrates an example of down-mixing a part of the input

signal 202. In Fig. 4, the input signal 202 comprises four channels. However, only two



. one of more than '_o'ne adder 4Q4jin the mixing nétwbrk and each adder 404 may be

13

%

WO 2011/090437 PCT/SG2011/000027

12

- ';coh\)éritib.na-l IIOUdsp.jeakers 212 férﬁ)ing a stereo system are to be used for transmitting -
fhe'exfréctéd part of the input signal 202. Hence, after subtracting the binaural cues
- “from the: respectxivej‘channels,b thé extracted part of the input signal 2d2 is down-mixed
j_:by a mfixving ﬁeMork in the AR modiuﬁle 206. This mixing netWork cdmprises a plurality of
‘weighting elements 402 (having values Ho, hy, hy, hs where 0 < hy, hy, hy, h; < 1) and

- a plurality of adders 404 for implém'enting two weighted combinations. Each weighting

element 402 is configured to wéight a channel of the extracted part of the input signal

202 whereas eéch adder 404 is configured to sum two weighted channels of the
. extracted part of the input signa( 202. The sum from each adder 404 is then sent to a

10 respective convénti_onal loudspéakér 212 for transmi_ssion.; Note that there may be only -

Co'nfigUfed to sum-more than two Weighted channels of the extracted part of the input' A

signa|5202.' In éddition, the AR module 206 méy comprise other types of mixing

- networks for up-mixing or downfmi_Xing the extracted part of the input signal 202.

MAM technique

As mentioned above, each of thé directional loudspeakers 214 is configured to transmit
a signal comprising modulated and ampiified binaural cues. As this signal is radiated
into a transmission medium (usﬁally, air), it interacts with ’(fhe transmission medium and
self-demodulates to generate a:tight column of audible signal. An audible sound beam
is thus generated in the transm}ssion medium through a column of virtual audible

sources.

The Berktay far-field model as shown in Equation (1) may be used to ahproximate the

above noniinear sound propagation through the transmission medium. According to

Equation (1), the demodulated signal (or audible difference frequency) pressure p, (f)

~ along the axis of propagation is-proportional to the second time-derivative of the square
~ of the envelope of the modulated signal (i.e. the signal comprising the modulated and .
30

amplified binaural cues). in Eduation (1), Bis the coefficient of noniinearity, F,is the
primary wave pressure, ais the radius of the ultrasonic emitter comprised in the

directional loudspeaker 214, p,is the density of the transmission medium, ¢, is the

small signal sound speed, zis the axial distance from the ultrasonic emitter, ¢, is the
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I attenuatlon coefﬂment at the source frequency and E(t) is the envelope of the;

modulated sngnal

opRA d o,
pm F B0
16pyceza, dt .
d
oC 1
i (1)

- iAs’ shown in Eqdation (1), the nonlin'ear sound pro'pagatioh results in a distortion in the -
f,ﬁdemodulated sngnal p,(t) . ThlS |n turn results in a dlstortlon in the audible signal '

: generated

- The followmg is a discussion of some prior attempts to reduce the above-mentioned

distortion in the demodulated 'slg'n‘al. This is followed by an elaboration of the MAM

technigue which also serves to reduce the above-mentioned distortion.

Fig. 5 shows an adaptive parametric loudspeaker system 500 proposed in US patent

application no. 11/558,489 “Ultra directional speaker system and signal processing

* method: thereof” (hereinafter, Kyuvngmin»). Kyungmin proposes adaptively applying pre-

distortion compensation to the modulating signal x(t) (ie. the mput signal).

Furthermore, instead of using a double sided amplitude modulatlon (DSBAM) scheme
typically used in parametric loudspeaker systems, Kyungmin proposes using vestigial
sideband modulation (VSB) to overcome the non-ideal filtering of one of the sidebands

in single sideband (SSB) modulation.

As shown in Fig. 5, the adaptive parametric loudspeaker system 500 comprises 1% and
2" envelope calculators 502, 504 which calculate the envelopes E,(¢) and
E, () respectively. These envelope calculators 502, 504 are injected with signals at the -
basebend.-The adaptive param:etric loudspeaker system ‘500 aiso compriSes a square
root operator 506 which computes the “ideal” envelope \/m prevdicted using

Berktay’'s approximation (as showrl in Equation (1)).
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The difference between \JE, () 'a:md E,(f) is then used to train the pre-distortion |
~ adaptive filter 508 using the least mean square (LMS) scheme. The coefficients a,, of
- the adaptive filter 508 are obtained using Equations (2) and (3) as follows wherein £ is

- an adaptive coefficient.

a, ) =2(E® - E,0ktc-m) 2
a, D=, fa, ) @)

The thput x'(t); of the adaptive filter 508 is shown in Equétion (4) as fol_lows._

(6= @, (O)x(t - m) | (4)

m=0

Fig. 6 illustrates a parametric loudspeaker system 600 proposed in US patent no.
6‘,584,205 (hereinafter, Croft). Croft proposed the use of SSB modulation as it offers
the same idealilinear.ity as characterized by square rooting a pre-processed DSBAM
moduléted signal. Croft further proposed compensating for the distortion inherent in
SSB signals uéing a multi-order distortion compensator. The multi-order distortion .
compensétor comprises a cascade of distortion compensators (Distortion compensator

0... N-1 as shown in Fig. 6) whereby a pre-distorted signal (for example, x,(¢) ) from

one distortion compensator is used as the input to the next distortion compensator in
the cascade and so on, until the desired order is reached. Each distortion compensator
of Croft comprises a SSB modulator 602 which. employs a conventional SSB

modulation technique. Similar to Kyungmin, the nbn-linear models 604 shown in Fig. 6

. are based on Berktay’s approximation (i.e. Equation (1)) and the system 600 proposed

in Croft is based. on a feed:forward structure found in the multi-order distortion .

compensator.

Fig. 7 illustrates the MAM technique which uses a pre-distortion term with a variable

order. Equation (5) describes the output g(r) of the modulation technique shown in Fig.
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7 whereby g(t) IS the input to the modulation technique, m |s the modulatlon index and

= 2;y‘0 where fo is the carner frequency for the modulatlon

@2
——————m
(1= 20)iP 4

B : : — < (20)! 2 2
: ’. 2 : D e m g ()
_ . o 2 N . (21)' oy 2 2 . 4 o A=20i4 :
= \/(t-{— mg(t)) + [ZO‘ ————(1 EPYYE m g (t)] sinf @,t + tan | —

gt) = (t’+ mg(t)') sih a)ot + % g% (£) cos

(5) -

' _;As shown in thL 7 and Equation (5), the modulation technique works by modulating the '

. input g(t) with é first carrier signall sin w,? to produce a main signal (1+ m'g(t)) sin wyt,

(2i)! g

(l—"_).'?—4, (t) wnth a second carrier S|gnal
i=0 - AN

cosw,t to produce a compensation signal, and summing the main signal and the

- compensation signal to generate the output g(¢). Note that the first and second carrier

signals are orthogonal to each iot_her and that the pre-distortion term is generated by
the signal generator 702 whereby the order of the signal generator 702 represents the
order of the pre-distortion term it generates. From Equation (5), it can be seen that as

compared to a typical DSBAM scheme which merely generates the main signal

(1+mg(t))sinw,t , the output g(z) comprisee an additional orthogonal term’

L (2)! i o
Z (12—1)1’24, 2 (t) COS C()ot
=0 \41 T .

The addmonal pre-distortion term can help to reduce the distortion in the demodulated

sugnal Thrs is elaborated below Denotmg £ -1+mo(t) and the output of the signal -

generator 702 as fL(@), the output g(t) of the MAM techmque can be written in the

form as shown in Equation (6).

§(0) = f,(t)sin wyt + £, (¢) cos wyt

=120+ £,2(0) sinloyt + tan (£, (1) £, )] (6)
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' 'Inb othér Words,' the - envelidpe' of the modulation technique output' g(t)
is 4/ f (t)+ ﬁ (t) . According to the Berktay’s approximation (Equation (1)), the

' demodulated signal (or audible dlfference frequency) pressure p,(t) along the axis of

propagatlon is proportlonal to the second time-derivative of the square of the envelope

:5 of the modulated signal. Substltutmg 4 f 1)+ ﬁ () into Equatlon (1), Equatlon (7) is

e :obtamed as foIIows

Pha & gy
16pocoza0 dt~

. pPd (m) | o

l6p0coz 0 dt

10 ,
" Setting 1,(¢) =+/1-m’g”(¢) , Equation (7)-can be written as follows:
2mpBPla* d*
D)= 'B— >
16p,csza, dt’
(g f , (8)
15

As shown in Equation (8), by setting f£,(¢) = 1-m’g*(t) , the demodulated signal
becomes proportional to the input signal g(¢). In other words, the distortion in the
demodulated signal is completely removed. However, this is only true if and only if the

directional loudspeaker 214 has infinite bandwidth. As this is not the case with practical

20 loudspeakers, the pre-distortioh term f,(t) = lfngz(i) is approximated .using its

_ .
truncated Taylor senesz (21)! m? g

_— t). By adjusting the value of the order
TG (). By adjusting q,

of the pre- dlstortlon term z (20)! m* g% (t)can be varied.

pary (1—2)' 4'



| ‘.J ;bandwrdths whereas the order may be scaled up for loudspeakers with larger .
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In the{ MAM.technidue, the am_oUntof reduction in’ the distortion is dependent on the
‘ order of the pre-distortion term. A higher order will achieve a greater amount of -
_reduction in the distortion. Howeyer, a higher order pre-distortion term requires a
: loudspeaker with a Iarger bandwidth. By using a pre-distortion term with a variable
- order, the flexibility of the modulation technique is increased and the order of the .pre-
~ distortion term may. be varied to suit the requirements of the directional loudspeakers

f_'214 For example a lower order may be used for - loudspeakers with smalier

- bandwidths to further reduce the distortion in the audlo signal output of the audio .

10 .system 200

- Cue extraction

The following are a few examples of how binaural cues may be extracted from the input
signal 202 using the cue extraction module 204. These blnaural cues may contain
information to be simulated in the virtual envnronment such as the azimuth between the

- listener and the virtual sound source, the angle of elevation between the listener and

“the 'virtual sound source and the :distance between the listener and the virtual sound

source.

in one example, the binaural cues are extracted by detecting and extracting transient
events from the input signal 202. This may be performed in real-time or by post-
processing a segment of the input signal 202. Furthermore, the detection and
extraction of the transient events may be carried out in the time domain by repeatedly

detecting an onset of (for example, an increase in) signal power in the input signal 202.

in another example the blnaural cues are extracted by performing a time-frequency

. transform in which components of the input signal 202 from a left channel, L,

. components of the input signal 202 from a right channel, R and a s1gnal M whereby M

= 0.5 (L + R) are compared against each other. This method may be used to extract

"the binaural cues from the input signal 202 even if the input signal 202 is a multi-

* channel audio s’ignal ie. it compri'ses more than just the left and right channels. This is

because the remaining channels in the input signal 202 are usually surround channeis

comprising mainly ambience sounds with no or very few binaural cues and thus may be
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'ignored.‘HoWevér, more advanced techniques using more than two channéls of the

input signal 202 may be employed for the cue extraction.

Besides the two examples mentioned above, other techhiques may be employed for

~ the ektraction of binaural cues from the input signal 202. For example, the binaural
. cues may be extracted using a short time Fourier Transform as described in teference

. - [1]

o Sub-bérid ap:'gro.:ach
S0 o | o
: . The anio system 200 may be implemented using a sub-band approach for an input

~signal .202 compriSing a plurality of frequency bands. In the sub-band approach, at

least a part of the cue sending pat_h and/or the ambience sending path is configured to

‘ B process each frequency band of the input signal 202 indépendently. For example, the
15 - cue extfactipn module 204 may use a time-frequency transform which can be

implemented using a sub-band cue extraction algdrithrﬁ. If the input signal 202

comprises a plurality of channel_é, and each channel of the input signal 202 comprises

a plurality of frequency bands, at least a part of the cue sending path and/or ambience

sending path may be configured to process each frequency band of each channel
independently.

Fig. 8 illustrates an example of usihg a sub-band approach in the cge' sending path of .
processing system 201. In thié example, the input signal 202 comprises four channels
(left, surround left, right, surround right) and each channel of the input signal 202
comprises a plurality of frequency bands, each frequency band of each channel being
processed independently through the binaural cue extraction module 204, the pre-
processing module 208 and the} afnplification module 210. In Fig. 8, cues are extracted .

from the left, surround left, right and surround right channels of the input signal 202.

- More specifically, the binaural cUe extraction module 204 is configured to extract a sub-

group of.cues from each frequen;:y band in each channel. A portion of each extracted

' éub-group of cues is then sent to the AR module 207 for reconfiguration and then to the

directional loudspeakers 214 for transmission. Each of these portions may be adjusted
independently using the variables g, , g1, --- 9o g1 for the left channel, gs.o, 9si1s ---

gsL. e-1 for the surround left channeL Gros» OR14» +-- ORE- for the right channel ahd gsro:



‘ ftoifor'rﬁ the right’goutput channel' (shbwn as “Up-Mixed/DoWn-Mixéd Subbénd'_Extracted |
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L gsr1s ... gsre for the surrouhd fight channel as shown in Fig. 8. E indicates the

number of frequency bands and eéch of the variables gLyo,fgm, gL,E;1,, G50, OsL1s ---

gst, e-1i 9ro» 9R1 --- Gre-1 @nd gsro: GsR1s --- JSRE- ranges from zero to one (not

~ inclusive of zero). The extracted ‘cues from the left and surround left channels are then
- down-mixed by the AR moduie 207 to form the left output channel (shown as “Up-
: Mixed/Down-Mixed Subband Extracted cues (Left)” in Fig. 8) whereas the extracted

: fcues frﬁom the right and surroun:d: right channels are down-mixed by the AR module 207 -

" cues (Right)” in.Fig. 8). Note th:at_ depending on the number of channels in the input -
10" signal 202 and the number of directional loudspeakers 214 to be used, the AR module _
207 may perform up-mixing (instead of down-mixing) of the extracted cues. The up-

" mixing or down-mixing for each'frebquency band may be performed independently in the

AR module 207. The output from the AR module 207 is then adjusted using the

- variables gwio, Guii .- Guesr 8Nd Guro, Gumi. -.. Gumer before it is input to the.

preprocessing module 208. For:example, a.portion of the output from the AR module

- 207 for each frequency band may be extracted and sent to the preprocessing module

: ‘208' whéreby each portion may be independently adjusted using the variables gy o,

gmLs .- GuLe1@nd gMé,o, o[V -XP GMR.E-1-

Most prior art systems are based on a single-band approach, whereby a single pre-
processing method and modulation technique is applied to the entire frequency range
of the inpUt signal. However, different ultrasonic emitters comprised in different
loudspeakers usually have different frequency responses that are preferably
individually addressed in order to achieve an accurate reproduction of directional sound
with minimum distortion. Henc»e, the sub-band approach is advantageous [2] since
different Ioudspeakers may be employed for different frequency bands, with each
frequency band processed diﬁéréntly to suit the respective loudspeakef. This helps to
optimize the performance of each frequency band and in turn, helps to improve the

performance of the audio system 200.

Furthermore, although the MAM technique may be used with b_oth the sub-band and
full-band approaches, the advantages of the MAM technique can be better exploited
with the sub-band approach. As mentioned above, a higher order pre-distortion term in

the MAM technique will achievé a' greater amount of reduction in the distortion but will
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require a loudspeaker with a larger bandwidth (which is generally more expensive).

The sub-ban_d approach allows the use of different types of loudspeakers in the same

. system, thus aliowing the use offcheaper loudspeakers. with lower bandwidths for
- frequency bands which are less important. This in turn !owers the cost of the audio
- system 200.

In addltron usmg the sub-band approach the input S|gnal 202 may be down- sampled

. thus K Iowenng and varymg the speed requirement tor processrng -each frequency band . |

and in turn Iowenng the speed requirement for processing the entire signal. This mixed- - -

_rate processing technique thus removes the need for high-end processors and instead,

a low cost digital signal processorfcan be used to implement the processing system

. 200.

15

20

30

Also, more variations may be made to the processing system' 201 using the sub-band

“approach (for example, the number of frequency bands, the processing technique for

each frequency band etc. may be varied), allowing manufacturers of the processing

,system-201 and the audio system 200 to differentiate their products in terms of pricing

and applications.

Integration of processing system 201 with different types of systems

The processing system 201 may be integrated with different types of systems having

different loudspeaker configurations.

In one example, the input signal 202 is selected to have a conﬁguration”matching the

Ioudspeaker configuration the processing system 201 is to be integrated with. In this

_ example the ambience sendlng path of the processing system 201 is configured to
~operate in the direct- ~through mode. In another example, the configuration of the input

signal 202 does not match the loudspeaker configuration and the ambience sending

path of the processing system 201 is configured to operate in the reconfiguration mode.
As mentioned above, in the reconfiguration mode, the AR module 206 is operable to
reconfigure the part of the input signal 202 comprising ambience sounds to match the
configuration of the conventional loudspeakers 212 to be used for sending this part of

the input signal 202. This may _be'performed without user intervention for exampie, by



WO 2011/090437 PCT/SG2011/000027

21

aut_omatically defecting the configu:ration of the conventiorial Ioudspea'kers 212 or with
slight user intervention via a user interface (e.g. a screen) to input the configuration of

the conventional loudspeakers 212 into the processing system 201. The term

- “automatic” is used .in this documé_nt to mean that although human interaction may
- initiate .a process, human interaction is not required. while the process is being carried

- out.

e . :Figs. 'Q(é) — (d) ilustrate differ'eint?_ examples of how the processing Esystem.‘(o'r AAS
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'audio: processor) 201 may b:e' i_h_tegrated with different systems having different-
‘ﬁloudspeaker configurations. In Fig. 9(a), the processing system 201 is integrated witha -

“desktop PC with a stereo setup. in Fig. 9(b), the processing system 201 is ihtegrated,

with a desktop PC with a multi-channel setup. In Fig. 9(c), the processing system 201

is integrated with a home 'theatre"in a box (HTIB) system with multi-channel setup

~ whereas in Fig. 9(d), the processing system 201 is integrated with a dedicated home

theatre system with a multi—channel setup. In the setup shown in Fig. 9(d), the

‘processing system 201 may be configured to extract and process binaural cues from

multi-channel sources such as the game console and/or the DVD player (i.e. the input
signal 202 comprises these multi-channel sources). Two sets of output, one comprising
extracted binaural cues and the other comprising at least a part of the input signal 202
comprising ambience sounds) are produced and are respectively sent to the directional

loudspeakers 214 and the conventional loudspeakers 212. Although there is no

_restriction on where the directional loudspeakers 214 rﬁay be placed in the setups

shown in Figs. 9(a) — (d), it is preferable to place these directional loudspeakers 214 at

locations where maximum directional projection to the user can be achieved. .

The processing system 201 may further comprise a video tracking module which is

~configured to track the user’s position and/or head movements. In one example, the

audio system 200 further comprises a steering mechanism coupled with each of the

- directional loudspeakers 214 for steering the sound beam from the diréctional

loudspeaker 214. The steering mechanism may comprise mechanical motors, electric
motors and/or beam steering circuits and may be configured to cooperate with the
video tracking module of the processing system 201 to steer the sound beams from the
directional Ioudépeakers 214 according to the user’s position and/or head movements.

in one example, a small mechanical motor is built into each of the directional
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’ loudspeaker‘s 21'24 and the dire_otioh:al‘ loudspeakers 214 are rotated to face the user.

Due to the highly directional nature of the sound beam from a directional loudspeaker,

the sound beams from the loudspeakers 214 are thus directed to the user in this

example.

The abOVe-menfioned head-traokirjg feature of the audio system 200 is advantageous

3 as it Carj:presen"t the same audio experience to the user regardless of the user's head -
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movements. Fu‘rthermore usiné this head-tracking feature multipie sweet spots may
‘be created to support a multi- Ilstener audrtory experience, providing the user with the .

“same or S|m||ar audlo expenence at dlfferent locations.

' Fig. 10 illustrates an example setup of the conventional and directional loudspeakers

212, 214 and the video displays 1002. The conventional and directiona!l loudspeakers

.- 212, 214 may be coupled with the processing system 201. As shown in Fig. 10, each
15 v

directional loudspeaker 214 is steered to face a user (a total of two users are shown in

.Fig.”10). This is in contrast to some prior art setups (for example, the setup disclosed in

U86,229,899 as illustrated in Fig.j11). As shown in Fig. 11, US6,229,899 di_scl_oses a
system whereby directional loudspeakers 1106 are arranoed to face reflective objects
(for example, a wall) in a room as.they are configured to project soun‘d beams against
these reflective objects to form virtual loudspeakers 1104 at the points of reflection.
These virtual loudspeakers 1104 may be used to replace surround loudspeakers in a
surround sound system especially when it is difficult to install the surround
Ioudspeakers. In the system shown in Fig. 11, a primary audio output is generated from
the conventional ioudspeakers 1102 whereas a secondary audio output is generated
from the virtual loudspeakers 1104. The primary and secondary audio odtputs may be

the same and may be synchromzed such that the hstener hears a unlfled sound from

| multlpie dlrectlons As compared fo the sound beams drrected to the users in Fig. 10,
- reflected sound beams formed m pnor art setups such as the one disclosed in
| US6,229,899 are usually weaker. '

Advantages of audio system 200

" The advantages of the audio system 200 are as follows.
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Ina multi-channel setup, ‘the degree of audio imaging (mainly the sound effects) and

the spaciousness provided by the audio sounds are -usually dependent on the

- . directivity (i.e. directional characteristic) of loudspeakers used in the setup. Figs. 12(a)

: » . and (b)’ iIiustrate the audio images (i.e. sound effects)_‘produced by loudspeakers
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- having different 'directivities In Fig. 12(a), Ioudspeakers 1202, each providing a wide

'dispersron of sound are shown The resuiting sound effects from such loudspeakers
1202 usualiy iack sharpness in space due fo the reverberant nature of the room -

K acoustlc_s. Fig. 12(b_) shows Ioudspeakers 1204, each of which being_fairly_directronal.

_»The resulting sound effects from 's'uch loudspeakers 1204 usually lack spaciousness

due to. a lack of contribution from room acoustics. Thus, it is difficult to produce good-

audio effects usmg a setup with onIy one type of Ioudspeaker

The audioﬁ system_?_ZOO employs both directional loudspeakers 214 and ‘conventional

loudspeakers 2_;12,j and thus is ‘able to exploit both the directivity of directional -

loUdspeakers and the wide dispersive characteristic of conventional loudspeakers. This

helps to avoid the auditory spatial imaging issues, as discussed above with reference -

to Fig. 12. Thus, the audio system 200 is capable of delivering immersive sounds

“required by 3D games or other 3D media for exampie, 3D movies or TV.

The use of directional loudspeakers 214 in the audio system 200 is particuiariy
advantageous Transaural audio beam projection using an audio beam system (ABS)
employing directional ioudspeakers has been shown to be well suited for projecting 3D
sound. Furthermore, studies based on several objective measurements and informal

listening tests show that directional Ioudspeakers are not only useful for 3D sound

' pro;ection they can bring auditory spatial images closer to the listeners. It has also

been shown that auditory spatial images are sharper and more vivid when directional
loudspeakers are used. These enhancements in the auditory spatial images are highly
desirable in 3D games, and provide gamers with a more immersive gaming experience.
The audio system 200 is hence advantageous since it exploits t_ne strengths of
directional loudspeakers 214 io enhance the auditory experience in for example,

gaming and entertainment applications.

In particular, the directional loudspeakers 214 in the audio system 200 serve to

transmit binaural cues selectiveiy extracted from the audio channels of the input signal
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202 whereas the conventlonal Ioudspeakers 212 serve to transmit the background
audio image (i.e. the ambience sounds) The dispersive nature of the conventional
loudspeakers 212 helps to recreate a certain degree of spaciousness and envelopment

in the ambience sounds especially when more channels of the input signal 202 are

- used. The use of the dwectzonal loudspeakers 214 and the conventional loudspeakers
212 in - this manner helps to create a highly-focused sound image comprising vivid

. audltory lmages close to the users while still projecting the background audlo image to o

the users. in other words, the audlo system 200 is able to provnde both amblent effects

(or surfound sound effects) and’ sound depth reproduction. Thus the audio system 200 -

is capable of achlevmg better audltory depth in for exampl gaming and movie viewing

as compared to conventional surround sound systems.

. The selective extraction of binaural cues for transmission via the directional
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i _Ioudspeakers 21'4 is advantageous as compared to prior art systems such as the one
“disclosed in US 6,229,899 (as illustrated in Fig. 11). In US 6, 229 889, the channels of

the input signal transmitted via the directional Ioudspeakers 1106 may also comprise

isolated audio effects not in the channels transmitted via the conventional loudspeakers

1102. However, these channels transmitted via the directional loudspeakers 1106 may

also comprise a large amount of ambience sounds. Since the system in US 6,229,899

is not configured to extract the audio effects from the mixture of audio effects and
ambience sounds in these channels, the audio effects heard by a listener using the
system in US 6,229,899 tend to be not as sharp as the binaural cues heard by a
listener using the audio system 200. Furthermore, the interoperability of system 200 is
higher as compared to the sysiem in US 6,229,899. For example, the system in US

6,229,899 can only work with an input signal having a number of channels equal to the

 number of loudspeakers. The audio effects and ambience sounds also have to be pre-

distributed accordingly among the .channels of this input signal so that each
loudspeaker in the system of US 6,229,899 receives the desired sound for
transmission. On the other hand, the system 200 comprising both conventional and

directional loudspeakers 212, 214 can work even with an input signal having a single

. channel_ (though, such an input ‘signal is not preferable). In addition, regardiess of how

cues and ambience sounds are distributed among the channels of the input signal, the

input signal can be used withgthe system 200. This is because the system 200 is

.configured to selectively extract binaural cues for transmission via directional
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loudspeakers 214 and is further configured to send ambience sounds to conventional

loudspeakers 212 for transmission.

. Figs 13(a) — (b) illustrate examptes‘ of soundscapes that may be achieved by the audio
j system '200 In Fig. 13(a), t'he: audio system . 200 c:omprises two conventional .
.Ioudspeakers 212 ‘and two drrectlonal Ioudspeakers 214 whereas in Fig. 13(b) the o
" audio system 200 comprlses a plurahty of conventlonal Ioudspeakers 212in a 51

'»_ surround. sound system. and two _directional toudspeakers 214, In Fig. 13(b), an

enveloping soundscape is created using the 5.1 surround sound system and the

_ soundscape is further enhanced usrng the directional ioudspeakers 214. The setup in’

“Fig. 13(b) allows the developer of the audio system 200 to adjust the closéness of the’

sound effects to'the user while maintaining an enveloping soundscape surrounding the

user.” As shown in Figs. 13(a) - 13(b), due to the use of both -conventional

o -Ioudspeakers 212 and dlrectronal Ioudspeakers 214, the soundscapes achieved by the .
15

audio system 200 are highly i |mmers1ve

Furthermore, in the processing system 201, binaural cues may be subtracted from the
input signal 202 to extract the part of the input signal 202 t_o'be sent to the conventional
loudspeakers 212 for transmission:. This is advantageous as it prevents the resultant
audio output from being over-processed due to the over-emphasis of cues (since
extracted cues are already transmitted via the directional loudspeakers 214). This
advantage applies especially when down-mixing of the part of the input signal to be
sent to the conventional loudspeakers 212 is performed.

In addition, the processing system 201 may be integrated with a user’s existing
surround loudspeaker system without replacing the surround IoAudspea'kers with
directional loudspeakers. Furthermore, the processing system 201 is configured such
that it can be integrated with almost any loudspeaker configuration. Hence, it is capable
of enhancing the audio output of many systems with different loudspeaker

configurations (which may comprise stereo channels or multiple channels).

- Furthermore, as shown in Fig. 9, the processing system 201 can be integrated with

both systems 'implementing low end applications (for example, desktop PC or

‘notebooks) and systems |mplement|ng high end appllcatlons (for exampie, home

theatre systems)
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Furthermore, the processing system 201 employs the MAM technique which helps to

overcome the high distortion normally found in the audio output of directional

loudspeakers. In addition, the audio system 200 may be implemented using a sub-

- band approach Whose advantages have been discussed above The audio system 200 -
’ may also be |mplemented using a mult| channel approach whereby each channel of the
lnput signal 202 |s conﬁgured to be processed mdependently Hence, each channel of _

© the lnput srgnal 202 can employ a different loudspeaker and/or a different processmg o

~technique optlmlzed_ for the channel.

The au:dio system 200 is also advantageous as compared ‘to prior art systems such as

the virtual surrouhd sound system (VSSS) which uses 3D sound technigues to create a

j virtual sound image. Using the VSSS often results in a lack of auditory depth. In
contrast" the audio system 200 aChieves good auditory depth and creates vivid auditory
f{:lmages close to. the users, hence addmg a new dimension in sound pro;ectlon that is

1:5'> - 'currently not found in most other commercial systems

The high definition graphics in today’s gaming platforms have brought a new level of
realism to gamers. Due to the above advantages, the audio system 200 is able to
enhance the level of realism in these gaming platforms by providing them with surround
and accurate audio projection. This is crucial in completing the gaming experience.'
Furthermore, many of the current (and probably, next generation) interactive games,
such as the widely popular Wii games, Kinect for XBOX360 and Move controller for

Playstation 3, require users to interact with items or characters in the games via body

- movements. These gaming products are usually designed for a group of gamers (may

be up to 4 gamers) within close proximity to one other. However, even though these

gaming products emphasize on the interactive multi-player gaming experience, it is
difficult to deliver personalized audio information to each gamer. The audio system 200
can be used to solve this problem as it is capable of delivering personalized
cues/sound effects to each gamer via the directional loudspeakers 214. Thus, it can

enhance the interactive multi-player gaming experience and allows two or more

. gamers within close proximity to have a co-operative gaming session‘without the need

for headphones The gamers are thus able to communicate directly with each other

and probiems (such as fatlgue) related to prolonged usage of headphones may be
avoided. '
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- The following surnmarizes a few key advantages provided by the audio system 200:

1. The sound effects produced by the audio system 200 are closer to the user as
. - compared to many prior art systems These sound effects are also sharp and highly

_"accurate Desprte this, the audro system 200 is still able to provide sufficient

S spamousness and envelopment for ambrence sounds through the conventronal

0

: '_ problems and front back confusron problems.
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- loudspeakers 212
2. The'aud'io system 200 rembve's the need for headphones and thus, is not faced

“with problems assocrated W|th the use of headphones for example, m-the-head

3. The: prooessing system 201 of the audio system 200 may be integrated with

different’ loudspeaker configurations as it comprises an AR module 206 which is

operabl_e totreconfigure its lnput to match the configuration of the conventional

Joudspeakers 212.

Furthermore, the audio system 200 may be used in a variety of commercial

applications. These applications include for example:

(a) Augmenting the sound effects in gaming and movie applications using the
directional loudspeakers 214; and

(b) Incorporating 4D viewing in omni-theatre applications

The audio system 200 may also be used for making sound systems, consumer

electronics and various products in the entertainment industry.

Variations

' Further variations are possibie- wrthln the 'scope of the invention as will be clear to a

skllled reader ;
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For example, although the processing system 201 in Fig. 2 comprises only one cue
extraction module 204, the number of cue extraction modules in the system 201 may

be varied For example system'20-‘l may comprise an additional cue exiraction module

- - along'the ambrence sending path (elther before or after the AR module 206) to extract

15

. a further set of binaural cues from the input signal 202 This further set of brnaural cues

‘may or may not be the same as. the set of binaural cues extracted by the cue extraction

module 204 At least a pomon of this further set of brnaural cues may -then be

‘subtracted from the input srgnal 202 to form the part of the input signal 202 comprising
‘ ‘ambience sounds. The same apphes for the number of reconfiguration modules in the

130 3y , . :
-Fig. 2, there-may be only one or more than two directior\al loudspeakers 214 in the

v'_audro system 200 (Note that it’ |s however preferable to have at least two directional

system 201. Similarly, although _or\ty two ‘directional loudspeakers 214 are present in

'E»Ioudspeakers 214) The number of conventional- Ioudspeakers 212 in the audio system

200 may atso be drfferent from that shown in Fig. 2.
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Claims

-1 A processmg system for processmg an input signal to produce three dlmenswnal -

' -audio effects the processrng system comprising:

a ‘cue sendlng path. conflgured to extract a set of blnaural cues from the lnput' :

. S|gnai and further configured to send at least a portlon of the extracted set of binaural

cues to at least one directional Ioudspeaker for transmlssmn and

an ambience sending path conﬂgured to send at least a part of the input signal

comprising ambience sounds to at least one conventional loudspeaker for transmission.

ompnses an amblence extrac’non unit configured to subtract from the input signal at-

j.iﬁ_ least a portlon of the extracted set of binaural cues to extract the part of the lnput signal’

o compnsmg amblence sounds

3. A processing-system according to claim 2, wherein the portion of the extracted set of

binaural cues to be subtracted from the input signal is adjustable.

4. A processing system according fo any of the preceding claims, wherein the portion

of the extracted set of binaural cues to be sent to the at least one directional

~ loudspeaker is adjustable.

5. A processing system according to any of the preceding claims, wherein the cuei
sending path comprises a cue extraction module conﬁgured to extract the set of

binaural cues from the input signal.

6. A processing system according to claim 5, wherein the 'processing system is coupled

. with a plurality of conventional loudspeakers comprising surround loudspeakers and

non-surround loudspeakers; and

wherein the ambience sending path is configured to send at least a portion of

the extracted set of binaural cues to the surround loudspeakers for transmission and is

furtherrconﬁgured to send the. part of the input signal comprising ambience sounds to

the non-surround loudspeakers. for transmission.
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7. A processing system according to any of the preceding claims, wherein the
ambience sending path is operable in a plurality of modes comprising'

a. reconﬂguranon mode in - Wthh the ambience sending path is operable to

reconftgure the part of the |nput sngnal comprlsmg amblence sounds to ‘match a :'i, ‘

conflguratlon of the at least one- conventlonal Ioudspeaker before sending the part of -
the mput signal comprlsmg amblence sounds to the - at least one conventlonal

Ioudspeaker and

a dlrect-through mode in WhICh the ambience sendmg path is conflgured to

.send the part of. the input signal comprising ambience sounds directly to the at least
10" one conventional loudspeaker. -
8. "A:processing system accordihg to any of the preceding claims, wherein the
; .}amblence sendlng path comprlses a reconflguratlon module operable to reconfigure .

‘ 'the part of the |nput signal comprising ambience sounds to match a conﬂguratlon of the

at least one conventional loudspeaker

- 9. A processing system according to claim 8, wherein the cue sending path further

comprises a further reconfiguration module operable to reconfigure 'the portion of the
extracted set of binaural cues to be sent to the at least one directional loudspeaker, to

match a configuration of the at least one directional loudspeaker.

10. A processing system according to any of the preceding claims, wherein the cue
s»ending path further comprises: a pre-processing module configured to modulate the
portion of the extracted set of binaural cues to be sent o the at least one directional
loudspeaker, the pre-processing module employing a modulation techniqo.e which uses
a pre-distortion term with a variable order.

11. A processing system according to any of the preceding claims, wherein the input

_signal comprises a plurality of channels and at least a part of the cue sending path is

configured to process each channel of the input signal independently.

12. A processmg ‘system accordlng to claim 11,  wherein the cue sending path is

conflgured to extract a group of- blnaural cues from each of- ‘one or more channels of the
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input signal and:is further confiQUred to send at least a portion of each extracted group

- of binaural cues to the at least one directional loudspeaker.

| 13. A processmg system accordlng to claim 12, wherein the portion of each extracted_' o

group of binaural cues to be sent to the at least one directional loudspeaker is

' independently adjustable.

14. A processin'g system according to any of the preceding claims wherein the input

- S|gnal comprises a plurality of channels and at least a part of the ambience sending

10 path |s conﬁgured to process each channel of the input sngnal independently

- 15. A proceS‘sing system according to claim 14, wherein the ambience sending path is,

o configured to subtract from each of one or more channels of the input signal, at feast a-

- portion of a group of binaural cues extracted from the channel

15

20

30

16. A processing system according to claim 15, wherein the portion of each group of
binaural cues to be subtracted from the respective channel of the input signal is

independently adjustable.

17. A processing system according to any of the preceding claims, wherein the input
signal comprises a plurality of frequency bands and at least a part of one or both of the -
cue sending path and the ambience sending path is configured {o process each

frequency band independently.

18. A processing system according to any of the preceding claims, wherein the input
signal comprises a plurality of channeis, each channel comprising a plurality of
frequency bands; and

wherein at least a part of one or both of the cue sending path and the ambience

~sending path is configured to 'process each . frequency band of each channel

independently. -

19. A processing system according to any of the preceding claims, further comprising a
video tracking -module configured to track one or both-of a user's position and the

user's head movements.
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20. An audio system comprising:

a proceSsing system for processing an input signal to produce three-

dlmensuonal aud|o effects accordlng to any of the precedlng claims;

at least one directional Ioudspeaker conflgured to receive the portron of the

j extracted set of binaural cues for transmrssron and

' at least one conventlonal loudspeaker configured to receive the part of the input

srgnal compnsrng amblence sounds for transmission.

- 21. An audio system accordlng to claim 20 when dependent on claim 19, the audio

- system further compnsmg

‘a steenng mechanrsm conﬂgured fo cooperate with the video tracking module’
of the processmg system for steermg a sound beam from the at least one drrectlonal
Ioudspeaker accordlng to one’ or both of the user's posmon and the' user's head‘
movements. ' '

22. A method for processing an input signal to produce three-dimensional audio effects,
the method comprising the steps of:

extracting a set of binaural cues from the input signal and sending at least a
portion of the extracted set of binaural cues to at least one directional ioudspeaker for
transmission; and .

sending at least a part 'of the input signal comprising ambience sounds {o at
ieast one conventional loudspeaker for transmission.



