ESTI MATI NG RATE CONTROLLI NG PARAMETERS | N PERCEPTUAL AUDI O ENCODERS
CROSS- REFERENCE TO RELATED APPLI CATI ON AND CLAIM OF PRICRITY [0001] The
present application is related to U S. Provisional Patent No. 60/836, 163,
filed August 8, 2006, entitled "FAST AND EFFICH ENT METHOD TO ESTI MATE THE
RATE CONTROLLI NG PARAMETER I N A PERCEPTUAL AUDI O ENCODER'. U. S.

Provi si onal Patent No. 60/836,163 is assigned to the assignee of the
present application and is hereby incorporated by reference into the
present disclosure as if fully set forth herein. The present application
hereby clainms priority under 35 U S.C. 119(e) to U S. Provisional Patent

No. 60/ 836, 1G3TIMARINGCAATE! EbNTRODOZNG ThaRMMEEERE 1 THResPTOALE! at es
generally to the field of audi auppoPERESHRRs T Or transm ssion or storage
purposes, and nore particularly to those systens having | ow power devi ces.
-1 BACKGRClJND [0003] Digital audio transm ssion requires a considerable
anount of
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irrel evant and redundant parts of an
[0001] The present application is related to U.S. Provisional

Patent No. 60/836,163, filed August 8, 2006, entitled “FAST AND
EFFICIENT METHOD TO ESTIMATE THE RATE CONTROLLING PARAMETER IN A
PERCEPTUAL AUDIO ENCODER”. U.Ss. Provigional Patent No.
60/836,163 is assigned to the assignee of the present application
and 1is hereby incorporated by reference into the present
disclosure as if fully set forth herein. The present application
hereby claims priority wunder 35 U.S.C. §119(e) to U.S.

Provisional Patent No. 60/836,163.

TECHNICAL FIELD

[0002] The present disclosure relates generally to the field
of audio compression for transmission or storage purposes, and

more particularly to those systems having low power devices.




audi o stream [0004] Perceptual audio coders generally use conpression
schenes to exploit the properties of human auditory perception. Such
coders also require elimnating irrelevant and redundant parts of the
associ ated audi o stream [0005] There is therefore a need for systens and
met hods for estimating rate controlling paraneters in perceptual audio
encoders. - 2 SUVMARY [0006] The present disclosure generally provides
systens and nethods for estimating rate controlling paranmeters in
perceptual audi o encoders [0007] In one enbodi nent, the present disclosure
provides a nethod of bit allocation for use in an audi o encoder. The

met hod includes increnentally adjusting a global gain according to a
gradient. The gradient could be agpoggtreugpch tine the nunber of bits used
to represent a quantized value is counted. [0008] In anot her enbodi nent,

the pr di sc}hp pr des nmet.hod of bit allocation for.us |n a
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transmission, signal compression techniques need to be employed
that optimally eliminate irrelevant and redundant parts of an

audio stream.

[0004] Perceptual audio coders generally use compression
schemes to exploit the properties of human auditory perception.
Such coders also require eliminating irrelevant and redundant

parts of the associated audio stream.

[0005] There is therefore a need for systems and methods for
estimating rate controlling parameters in perceptual audio

encoders.




gradi ent according to the nunber of bits used to represent a quantized

val ue. The nethod could further include limting a rate controlling
parameter of the audio coder to a predeterm ned nunber of |oops. [0009] In
still another enbodi ment, the present disclosure provides a nethod of bit
al l ocation. The nethod includes Ilimting a rate controlling paraneter to a
predeterm ned nunber of |oops. The nethod could also include deriving a
global gain to ensure exit fromthe loop. - 3 [0010] Oher technical
features may be readily apparent to one skilled in the art fromthe
follow ng figures, descriptions and clains. 4 BRI EF DESCRI PTI ON OF THE
DRAW NGS [ 0011] For a nore conpl ete understanding of this disclosure and
its features, reference is now nadgummakike followi ng description, taken in
conjunction with the acconpanying drawings, in which: [0012] FIGURE 1 is a

somewh Ll i fi.ed bl ock di ggra illustrati a_perceptual audi o_cader
accord?%%ééjgponer‘hg5 aT HEh gg?c¥%%uﬁﬁeggﬂFra?g¥lBgﬁyésgs systems” and
methods for estimating rate controlling parameters in perceptual

audio encoders

[0007] In one embodiment, the present disclosure provides a
method of bit allocation for use in an audio encoder. The method
includes incrementally adjusting a global gain according to a
gradient. The gradient could be adjusted each time the number of

bits used to represent a quantized value is counted.

[0008] In another embodiment, the present disclosure provides
a method of bit allocation for use in a perceptual audio coder:
The method includes incrementally adjusting a global gain
according to a gradient. The method also includes adjusting the
gradient according to the number of bits used to represent a.
quantized value. The method could further include limiting a
rate controlling parameter of the audio coder to a predetermined

number of loops.

[0009] In still another embodiment, the present disclosure
provides a method of bit allocation. The method includes
limiting a rate controlling parameter to a predetermined number
of loops. The method could also include deriving a global gain

to ensure exit from the loop.




[0013] FIGURE 2 is a sonewhat sinplified flow diagram illustrating an
outer iteration loop in a perceptual audio encoder according to one

enbodi ment of the present disclosure; [0014] FIGURE 3 is a somewhat
simplified flow diagram illustrating an inner iteration loop in a
perceptual audio encoder according to one enbodi nent of the present

di scl osure; [0015] FIGURES 4A and 4B illustrate a correl ation between

gl obal gain change and the nunber of bits used according to one enbodi nent
of the present disclosure; [0016] FIGURE S5A illustrates the first term

val ues of the quantization equation for varying b (Equation 3) according

to onepoeiPPdi ML Gf + gkgge@gaqk§gg0§ﬁgebe r%hdif%?éﬂ HARE Epe
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show ngj gz gndet hod of MP3 subband filter anal ysis according to one

enbodi ment of the present disclosure; and [0019] FIGURE 7 is a sonewhat
sinplified fl ow diagram showing a nethod of estinmating the nmasking
threshol d according to one enbodinment of the present disclosure.




- 6 DETAILED DESCRI PTION [0020] FIGURE 1 is a somewhat sinplified bl ock
diagram illustrating the general structure of a perceptual encoder 100.
The enbodi nent of perceptual encoder 100 shown in FIGURE 1 is for
illustration only. O her enbodi nents of perceptual encoder 100 nmay be used
wi t hout departing fromthe scope of this disclosure. [0021] Perceptual
encoder 100 generally includes an input coupled to psychoacoustics nodul e
(PAM 102 and filter bank 104. Filter bank 104 is, in turn, coupled to bit
al l ocation and quantization nodule 106. In one enbodi nent, psychoacoustics
nodul e 102 coul d include spectral analysis and processing nodule 108 and

maski ng/ t hreshol d noduwrred Gegidiauek PF eheasfufrigs nodule 102 is shown
with two internal processing nodul es, spectral analysis and processing

nmodul e [$981and NBSKi RI/HIVLSEGh e@@dﬂhﬁeééghn&%F€h8§l%H%%LﬁEggfg t hat

ot her suitable processing nodul es could be use n conjunction wth and/or
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maski ng/ t hreshol d nﬁéule 110. [0022] Psychoacoust%cs nodul e 165,?%in
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al l ocation and quantization nodul e 106. Psychoacoustics nodul e
in which:
[0012] FIGURE 1 1is a somewhat simplified block diagram

illustrating a perceptual audio coder according to one embodiment

of the present disclosure;

[0013] FIGURE 2 1is a somewhat simplified flow diagram
illustrating an outer iteration loop in a perceptual audio

encoder according to one embodiment of the present disclosure;

[0014] FIGURE 3 1is a somewhat simplified flow diagram
illustrating an inner iteration loop in a perceptual audio

encoder according to one embodiment of the present disclosure;

[0015] FIGURES 4A and 4B illustrate a correlation between
global gain change and the number of bits used according to one

embodiment of the present disclosure;

[0016] FIGURE 5A illustrates the first term values of the
quantization equation for varying b (Equation 3) according to one

embodiment of the present disclosure;



generally used to reduce redundant conponents. Psychoacoustics nodule 102
coul d nmake use of certain prediction tools, for 7 exanple in one or both
of spectral analysis and processing nodule 108 and naski ng/threshol d
nodul e 110. [0023] Filter bank 104 is generally responsible for tine to
frequency transformation. Filter bank 104 could include any nunber of
filters, adjustable filters or any suitable conbination thereof. The
transformation to frequency donmain is generally inevitable to nake use of
maski ng properties in human ears. The w ndow size and transform size of
filter bank 104 generally determ nes, for exanple, the tinme and frequency

resol ut[ioony] respPeECtRNEkY. 1&@@36£a£@sOﬁﬁeeEQQQt”Q%&nnR&M%%%a%ﬁﬂ%&‘Q§mﬁDdU|e
102, together wth spectral analysis and processing nodule 108 and

maski ngebhbirghalyd sodul eckkipldet B{dides t BepAREKhHI dnhr @shebflat i Jhe ITasking
threshold is generally required to judge the parts of the signal 1nportant

t o humarncpedtegt tonowadetbbdingty Iof ehet Reeseh@nal satgsar& el evant. The
resul ting masking threshold from psychoacoustics nodul e 102 could al so be
used to shape the quantization noise so that, for exanple, no degradation
is pedo@l8kd JUBRIGURE he ﬂ@aﬂtbéﬂéWDﬂtpéﬂﬁﬁ5§fied flow diagram showing

a method of MP3 subband filter analysis according to one

embodiment of the present disclosure; and

[00159] FIGURE 7 is a somewhat simplified flow diagram showing
a method of estimating the masking threshold according to one

embodiment of the present disclosure.




[ 0025] The respective out puts of psychoacoustics nodule 102 and filter
bank 104 are coupled to bit allocation and quantization nodule 106. As
shown in FIGURE 1, the output of bit - 8 allocation and quantization
nodul e 106 is then coupled to entropy coding or conpression nodule 112.
[0026] Bit allocation and quantization nodule 106, is a crucial nodule in
perceptual audi o encoder 100 and could include, for exanple, a non-uniform
quantizer. Bit allocation and quantization nodule 106 coul d be used to:
(1) reduce the dynamic range of the data; and (2) adjust two quantization
paranmeters for step size determ nation such that the quantization noise
falls below the masking thrpgfatgep | peStgResTMEN ds, bit all ocation and
gquanti zati on nodul e 106 could include a "distortion control |oop". [0027]
Bit alloosb)on antequanti 2aid 0N MOEUEHOO CoMgh 850 SUUE dillo e
nunber of bits used is below the available bit “rate. In other words,

al | ocaf 1 ohis eRghk Nt h@ abbAB-PdYL eudPRre oYl 4 k%gt%%ﬁugl"%ﬁk%gggnﬁb%h

| oop”. [0028] Bit allocation and quanti zation 106 coul further
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t he conpression ratio. Accordingly, the

illustration only. Other embodiments of perceptual encoder 100

bi t

may be used without departing from the scope of this disclosure.

[0021] Perceptual encoder 100 generally includes an input
coupled to psychoacoustics module (PAM) 102 and filter bank 104.
Filter bank 104 is, in turn, coupled to bit allocation and
quantization module 106. In one embodiment, psychoacoustics
module 102 could include spectral analysis and processing module
108 and masking/threshold module 110. Although psychoacoustics
module 102 is shown with two internal processing modules,
spectral analysis and processing module 108 and masking/threshold
module 110, it should be understood that other suitable
processing modules could be used in conjunction with and/or in
lieu of spectral analysis and processing module 108 and

masking/threshold module 110.

[0022] Psychoacoustics module 102, more specifically
masking/threshold module 110, could be coupled to bit allocation
and quantization module 106. Psychoacoustics module 102 is
generally used to reduce redundant components. Psychoacoustics

module 102 could make use of certain prediction tools, for




presence of psychoacoustics nodule 102 and the bit allocation and

quanti zati on nodul e 106 in perceptual encoder 100 generally increase the
conpl exity of such encoders when conpared to a typical decoder. - 9 [002
91 It should be understood that audi o encoding standards are generally
ensure that a valid streamis correctly decodable by the decoders. The.

st andards, however, are flexible enough to accommpdate variations in

i npl enentations and are suited to different resources avail abl e and
application areas. [0030] FIGURE 2 generally depicts nmethod 200 for
controlling distortion and the rate control |oop. The enbodi nent of nethod

200 shexemple HiGHRR 21 Il dfl kpebiakil 0OBnaN ¥is Qher r@éﬂ%&d@e%au%
nmet hod 200 nay be used without departing fromthe scope of th

di scl 0508 eand Ofd) 1 BeYHIRISHG 1@ Wbdstiep1202, nmethod 200 gener al l y i ncl udes

performng an inner iteration [oop at step 204. One enbodi ment of the

“inner iteration | oop” perforned at step 204 is described in detail in

conj un€0023] wi t IFFiAltERBbaeresn is] AR rdIN st L8 i HIRE hosk- 200meorbi nues

by calculating the distortion for each scal efactor band. In step 208,

met hodf 2€Quesew esrbhefeeabtbonf actBrBrof aakscadLef acuod baneBudnd abhen
number of filters, adjustable filters or any suitable combination
thereof. The transformation to frequency domain is generally
inevitable to make use of masking properties in human ears. The
window size and transform size of filter bank 104 generally

determines, for example, the time and frequency resolution,

respectively.

[0024] In one embodiment, psychoacoustics module 102, together
with spectral analysis and processing module 108 and
masking/threshold module 110, determine the masking threshold.
The masking threshold is generally required to judge the parts of
the signal important to human perception and which parts of the
signal are irrelevant. The resulting masking threshold from
psychoacoustics module 102 could also be used to shape the
quantization noise so that, for example, no degradation is

perceived due to the quantization process.

[0025] The respective outputs of psychoacoustics module 102
and filter bank 104 are coupled to bit allocation and

quantization module 106. As shown in FIGURE 1, the output of bit



anplifies those scal efactor bands with more than the allowed distortion in
step 210. [0033] Method 200 continues with step 212 by conpari ng whet her

all of the scal efactor bands have been anplified. If not, nethod 200
continues and verifies whether anplification of all bands - 10 below a
predeterm ned upper limt has been perfornmed in step 214. |If yes, then

met hod 200 continues with step 216 and verifies whether there is at | east
one band with nore than the allowed distortion. If so, then nmethod 200
continues by returning to step 204 thereby establishing an "outer | oop
iteration". [0034] If in step 212, all of the scal efactor bands have been

anpl i f agtlocaet dw dard QneortiFatESnvndduleep 0818s Shan ! dbhyied ftd RntSopy 214,
the anplification of all bands bel ow an upper limt is conplete, then
net hodc@80ng oot | axrasred dilors ry@ud k8 11ki.kewi se, if in step 216, if there are
no bands with nore than the allowed distortion, then method 200 continues
with step 218. At step 218, nethod 200 restores the scaling factors and
ends af082&p 228t Atalsiemtd2®, reichoduafieauidnentbdild etivg) t dsstap 204.
[ 0035] In one enbodi nent, nethod 200 therefore generally provides an
"out ercirteial imodlleopn hedceptanl” andeb eheodéionoo | HoP 'cAaildtier 1264, or
controlling distortion and the rate control
for example, a non-uniform gquantizer. Bit allocation and
quantization module 106 could be used to: (1) reduce the dynamic
range of the data; and (2) adjust two quantization parameters for
step size determination such that the quantization noise falls
below the masking threshold. In other words, bit allocation and
quantization module 106 could include a “distortion control

loop”.

[0027] Bit allocation and quantization module 106 could also
ensure that the number of bits used is below the available bit
rate. In other words, bit allocation and quantization module 106

could include a “rate control loop”.

[0028] Bit allocation and quantization module 106 could
further include incorporating noiseless coding for redundancy
reduction to enhance the compression ratio. Accordingly, the
presence of psychoacoustics module 102 and the bit allocation and
quantization module 106 in perceptual encoder 100 generally
increase the complexity of such encoders when compared to a

typical decoder.



| oop in a perceptual audio encoder. [0036] FIGURE 3 generally depicts

met hod 300 for performng an inner iteration |oop such as, for exanple,
inner iteration |loop 204 shown in FIGURE 2. The enbodi nent of method 300
shown in FIGURE 3 is for illustration only. Qher enbodi nents of method
300 may be used without departing fromthe scope of this disclosure. - 11
[0037] Method 300 begins with step 302. In step 304, quantization occurs.
In step 306, nethod 300 counts the bits. To satisfy both requirenents, a
nested loop formation is used with the sane rate control as the inner
iteration |l oop 204. The “count bits' process takes in quantized spectrum

as inpybozs] st eprc 38Roui §088] uhide rRR6BAEHSL: HARL Zé*fc&ﬁ%%ta‘%ﬂié'r‘ésbe
changed accordingly in step 308. In step 310, nethod 300 ascertal ns

whet hearéhgeparaley eensguanichaer CRANGE' direfilials 1R fdedH&ablréEt hod
300 ends in step 312. If the paraneter "quantizer change i s equal

zer o, bhebhaetibodddns. Ccomié NsesnddirdS,! ok MNal & ° ﬂ@{ﬂﬁl@er@n%@!ﬁg%o i's
added to the paranmeter "global-gain". [0039] Thus, the guanti zat’i on
pr ocesaceomneddnsl 3RG-icildghsdbein 1mplementatlons and are suited to

different resources available and application areas.

[0030] FIGURE 2 generally depicts method 200 for controlling
distortion and the rate control loop. The embodiment of method
200 shown in FIGURE 2 1is for illustration dnly. Other
embodiments of method 200 may be used without departing from the

scope of this disclosure.

[0031] Beginning with step 202, method 200 generally includes
performing an inner iteration loop at step 204. One embodiment
of the “inner iteration loop” performed at step 204 is described

in detail in conjunction with FIGURE 3 herein.

[0032] In step 206, method 200 continues by calculating the
distortion for each scalefactor band. In step 208, method 200
saves the scaling factors of the scalefactor bands and then
amplifies those scalefactor bands with more than the allowed

distortion in step 210.

[0033] Method 200 continues with step 212 by comparing whether
all of the scalefactor bands have been amplified. If not, method

200 continues and verifies whether amplification of all bands

- 10 -




repeated every time inner iteration |oop 204 is called upon. Furthernore,
in one enbodi ment, the “count bits' may also include a noiseless coding
tool, in which the conplexity of this inner 1loop is increased. [0040]
Generally, there are two main issues to address when optimzing the bit
allocation loop. The first issue is the calculation of the non-uniforny
quantized spectrum The calculation of the non-uniform quantized spectrum
could be acconplished using any one or conbinations of different nethods
12 including, for exanple, using a |ookup table combined with an

i nterpol ation schene. [0041] The second issue is the derivation of the

quant i belbwna predeetensed heomuantindat has pacampeersraeal th ididgida.y for
exanpl e, the global scale factor (the rate controlling paraneter) and the

scal e féctharss (thendimstapti @ocostnolhuey pataMedip - 216 aane whadiqent,
Trellis-based optim zation nmethods could derive scale factors and to

opt i m whether Heheman iGodebodkase! eati tandlovi tieduége t BRaAURBEr flowed
iterations, one embodinment of the present disclosure could use the
previ odésterpkonguantifzad,ontipem amethod 2800 aceef RUGACEbPr retarhing RY Nt .
[0042] In one enbodi nent, the present disclosure provides an
step 204 thereby establishing an “outer loop iteration”.
[0034] If in step 212, all of the scalefactor bands have been
amplified, method 200 continues with step 218. Similarly, if in
step 214, the amplification of all bands below an upper limit is
complete, then method 200 continues with step 218. Likewise, if
in step 216, if there are no bands with more than the allowed
distortion, then method 200 continues with step 218. At step

218, method 200 restores the scaling factors and ends at step

220. At step 220, method 200 could end or return to step 204.

[0035] In one embodiment, method 200 therefore generally
provides an “outer iteration loop” having an “inner iteration
loop” at step 204 for controlling distortion and the rate control

loop in a perceptual audio encoder.

[0036] FIGURE 3 generally depicts method 300 for performing an
inner iteration loop such as, for example, inner iteration loop
204 shown in FIGURE 2. The embodiment of method 300 shown in
FIGURE 3 is for illﬁstration only. Other embodiments of method
300 may be wused without departing from the scope of this

disclosure.
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alternative | ow power inplenentation of the inner iteration |oop 204 or

met hod 300 for bit allocation and quantization nodule 106 in perceptual
encoder 100. [0043] Since only inner iteration |oop 204 or nethod 300 are
di scussed here, the relevant parameter involved is the global scale
factor. A typical non-uniform quantizer used in perceptual coder 100 is
shown by the relationship found in Equation 1 below x _ quantized (i, k) =
int 3(i, k) + C(Egn. 1) 216(81-scf (1)) - 13 [0044] In Equation 1, i is
the scale factor band index, x are the spectral values within that band to
be quantized, k is the spectral index, Cis a constant, gl is the global
scal e flaoswl, amelised (1300 s BdEmcaha thacteepvakboe. [004D] sty calpaul ation
in Equation 1 is performed to each of the spectral lines every tine the

i nner gheneizabidwopcdldsor 1Aetdted 3k, smeahd®d3vPOBoulDE €QURI biMaenever
there is adjustnment in the quantization step size (determ ned by the gl
and scféi patislys madicubadh drehentepeat ebstQae RABWIEFBMcIn t he urkasent

di scl osure generally provides a nethod to sinplify this calculation.

[ 0046] wiAplar thér same heageaobhzadl ons the DHNBErioérddims 14 204. The

‘count bits’ process takes in quantized spectrum as input in step

306.

[0038] The parameter “quantizer change” could be changed
accordingly in step 308. In step 310, method 300 ascertains
whether the parameter “quantizer change” is equal to zero. If
not, method 300 ends 1in step 312. If the parameter

“quantizer change” is equal to zero, then method 300 continues in
step 314 where “quantizer change” is added to the parameter

“global gain”.

[0039] Thus, the quantization process in method 300 could be
repeated every time inner iteration loop 204 is called upon.
Furthermore, in one embodiment, the ‘count bits’ may also include
a noiseless coding tool, in which the complexity of this inner

loop is increased.

[0040] Generally, there are two main issues to address when
optimizing the bit allocation loop. The first issue 1is the
calculation of the non-uniformly quantized spectrum. The

calculation of the non-uniform quantized spectrum could be
accomplished using any one or combinations of different methods

- 12 -



inner iteration |oop 204 or nethod 300 is called upon generally affects
the conputational conplexity of the encoder 100. For exanple, if the inner
iteration loop 204 is called upon a relatively high nunber of tinmes, the
conput ati onal conplexity of the encoder 100 could relatively increase.
Accordingly, in one enbodinent, the present disclosure generally provides
a system and nethod to reduce the nunber of tines the inner iteration |oop
204 or nethod 300 is perforned. [0047] The "outer | oop"” or the distortion

|l oop has a relatively less stringent exit criterion than the "inner |oop"

(i.e., inner iteration |loop 204 or method 300) or rate control - 14 | oop.
| deal | ypciibéingt erfdroopxaisid d essnge at Medokdie €dhsior tbRBinéd kekaw drhe
maski ng threshol d. However, due to time or resource |imtation, the outer

| oop coukdrpelexitedswhéte some decrease in quality. The decrease in
quality could then be renedied by allocating the distortion in an
insignificant band. [0048] The inner iteration |oop 204 or nethod 300, on
the otfR@f1lhand, Thaf segoad dssshe bstthat depivabioensddeite sqi@azatdion i S
generally not possible to exit inner iteration |loop 204 or nethod 300
becauspanpseteirs. r at §heor quanpizssion rpdrasetare  gualdnt eedldye f hefor
encodi ng schene. In other words, the gl obal
example, the global scale factor (the rate controlling parameter)
and the scale factors (the distortion controlling parameter). In
one embodiment, Trellis-based optimization methods could derive
scale factors and to optimize the Huffman Codebook selection. To
reduce the number of iterations, one embodiment of the present

disclosure could use the previous frame quantization parameters

as a reference or starting point.

[0042] In one embodiment, the present disclosure provides an
alternative low-power implementation of the inner iteration loop
204 or method 300 for bit allocation and quantization module 106

in perceptual encoder 100.

[0043] Since only inner iteration loop 204 or method 300 are
discussed here, the relevant parameter involved is the global
scale factor. A typical non-uniform quantizer used in perceptual
coder 100 is shown by the relationship found in Equation 1 below.
3
. . . xi,k/4
X _ quantized (i, k) =int —3(——)———+ C

)
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gain value has to satisfy the bit rate requirenment regardless of the
nunber of |oops required. [0049] The relationship between global gain and
the nunber of bits used is conplicated by the presence of the noiseless
coding. In one enbodiment, the present disclosure generally provides a

met hod to derive the global gain to satisfy the bit rate requirenent.
Moreover, in the event of scarce conputing resources, this nethod could be
carried out while providing an exit fromthe inner iteration |oop 204 or
nmet hod 300. [0050] Accordingly, enbodinments of the present disclosure
generally show that with careful selection of the adjustnment value of the

gl obal [geka] theInoppuieisone] LoiPl exétycoiet AgordMAUAF ALY CAN He
reduced. The nunber of iterations in inner - 15 iteration |oop 204 or

met hodtBe0 specttdadl salhesr adueas MhaiSivhd 0Fddbentuhasedeadj Kstzenthe
instead of increnental adjustnents. This gradient is adjusted every tine

the nuepectohlbihdexsed s aCedhstdntseeie. it thd QPIoi 1Ra 10U cddA,S" in
FIGURE 3). For sinplicity, linear relations within one franme are assuned

bet weeandt bef (lthes e HdaAl e tand viaheegl obal scal e factor value. [0051]
Lastly, in one enbodi nent, the present disclosure provides a bail out
nmet hod by deriving the value of gl obal scale
[0045] The calculation in Equation 1 is performed to each of
the spectral lines every time the inner iteration loop 204 or
method 300 is «called wupon. Moreover, whenever there is
adjustment in the quantization step size (determined by the gl
and scf(i)), this calculation is repeated. One embodiment of the

present disclosure generally provides a method to simplify this

calculation.

[0046] Apart from the quantization, the number of times the
inner iteration loop 204 or method 300 is called upon generally
affects the computational complexity of the encoder 100. For
example, if the inner iteration loop 204 is called upon a
relatively high number of times, the computational complexity of
the encoder 100 could relatively increase. Accordingly, in one
embodiment, the present disclosure generally provides a system
and method to reduce the number of times the inner iteration loop

204 or method 300 is performed.

[0047] The “outer loop” or the distortion loop has a
relatively less stringent exit criterion than the “inner loop”
(i.e., inner iteration loop 204 or method 300) or rate control
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factor that ensures the nunber of bits used is below the target bit rate.
This could be done by assum ng a worse-case use of the Huffnan codebook in
t he noi sel ess codi ng process. G adi ent Based Adjustnment Method [0052] In
one enbodi nent, inner iteration |oop 204 or nethod 300 could be
inplenented in a bit allocation nodul e such as, for exanple, bit
al location and quantization nmodul e 106 by changing the quantizer step
size. For exanple, in step 314 of nethod 300 described above, the
quanti zer _change coul d be changed to the global _gain. [0053] There are
several nethods for finding the global gain in accordance with enbodi nents
of thelpppsenideakky osthe. odter Iocst siecaldl endmtdathgenaialddstortion
increnental |y increases the value of the variable. This nethod generally
wor ks besbehbenthbemaslaimgettivadlelic. nHEbwkeer] rame tte tind icd rldihceThe
second - 16 exanple nethod generally uses binary searches. Binary o
sear chésmigatiant eehepourem Vadpesowld ase " axituabercnfsdnd @facreleke inn' s
the nunber of bits used to represent the global gain. [0054] In one
enbodi geAlityhe pFlesedectdisstosiur eqpadteyabiguldiselen n®eeneahediédChyases
only after the first try. After the relationship between the quantizer
changeadhdcahindi theigbidticetion in an insignificant band.

[0048] The inner iteration loop 204 or method 300, on the

other hand, safe guards the bit rate of the encoded streams. It

is generally not possible to exit inner iteration loop 204 or

method 300 because most bit rates or compression ratios are

guaranteed by the encoding scheme. In other words, the global

gain value has to satisfy the bit rate requirement regardless of

the number of loops required.

[0049] The relationship between global gain and the number of
bits used is complicated by the presence of the noiseless coding.
In one embodiment, the present disclosure generally provides a
method to derive the global gain to satisfy the bit rate
requirement. Moreover, in the event of scarce computing
resources, this method could be carried out while providing an

exit from the inner iteration loop 204 or method 300.

[0050] Accordingly, embodiments of the present disclosure
generally show that with careful selection of the adjustment
value of the global gain, the computational complexity of the

quantization can be reduced. The number of iterations in inner
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established, the adjustnent is performed with linear assunption of this
rel ati on. [0055] FI GURES 4A and 4B generally show pl ots 400a and 400b
illustrating the linear relationship with a high degree of correlation
bet ween the gl obal gain change and the nunber of bits used according to
one enbodi nent of the present disclosure. Plots 400a and 400b are for
illustration only. O her enbodi nents of Plots 400a and 400b may be
apparent w thout departing fromthe scope of this disclosure. [0056] If
the second trial fails, the adjustnment could be perfornmed again after the
gradient relating the two variables is adjusted based on results of the

previ oygel-bt €8n tHapt ha8l o2t &R tiAe 3%%1&?1% [@ﬁféd&é&’ﬁixp%ﬁ%\% i

guanti zation fornula is shown by, for exanp the relationship s

Equat i gRadiaheVveadld NauustsbAg M6 eotactl-hand shindey; Lﬁé\q'nér&%

spectral index, a nore - 17 general formof Equation 1 is shown in the
rel at | ‘[?FE]Bl %rQHYGth){s Bayakien 20eR¢! @Wmet theC by AADitsX ysdiHarny i zed
=1n
counted (see e.g., step 306 to ‘count bits’ in FIGURE 3). For
simplicity, linear relations within one frame are assumed between

the number of bits used and the global scale factor value.

[005‘1] Lastly, in one embodiment, the present disclosure
provides a bail out method by deriving the value of global scale
factor that ensures the number of bits used is below the target
bit rate. This could be done by assuming a worse-case use of the

Huffman codebook in the noiseless coding process.

Gradient Based Adjustment Method

[0052] In one embodiment, inner iteration loop 204 or method
300 could be implemented in a bit allocation module such as, for
example, bit allocation and quantization module 106 by changing
the quantizer step size. For example, in step 314 of method 300
described above, the quantizer change could be changed to the

global _gain.

[0053] There are several methods for finding the global gain
in accordance with embodiments of the present disclosure. The
first example method generally incrementally increases the value
of the wvariable. This method generally works best when the
target value is not far from the initial wvalue. The second

- 16 -




24 [0058] In Equation 2A, O represents the quantization step size from
the expression (gl - scf(i)). Inportantly, the main crux of the
conputation is in calculating x . 24 [0059] If 4 =a+b , where b<4,
Equati on 2A above generally becones Equation 2B below. 3 Xq = b .2 4 (Egn.
2B) 24 d [0060] If -3.a=c+4 , where d<4, Equation 2B beconmes Equation 3
below. V 4d x Xg=b .2 .24 (Egqn. 3) 24 [0061] In one enbodi nent, the
calculation of the first termto the power of %could use a | ookup table.

The size of the lookup - 18 table depends on the accuracy desired. The
next two terns are
example method generally uses binary searches. Binary searches

guarantee optimum values after ‘n’ number of tries, where ‘n’ is

the number of bits used to represent the global gain.

[0054] In one embodiment, the present disclosure preferably
uses incremental increases only after the first try. After the
relationship between the gquantizer change and the bit used is
established, the adjustment is performed with linear assumption

of this relation.

[0055] FIGURES 4A and 4B generally show plots 400a and 400b
illustrating the 1linear relationship with a high degree of
correlation between the global gain change and the number of bits
used according to one embodiment of the present disclosure.
Plots 400a and 400b are for illustration only. Other embodiments
of Plots 400a and 400b may be apparent without departing from the

scope of this disclosure.

[0056] If the second trial fails, the adjustment could be
performed again after the gradient relating the two variables is

adjusted based on results of the previous tries.

Quantizer Step Size Change Method

[0057] A typical quantization formula is shown by, for
example, the relationship shown in Equation 1 above. Without

using the scale factor band index and the spectral index, a more
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basically a shift by ¢ and a nultiplication by 2d'4. Since d<4 and b<4,
there are only four possible value for these terns which can conveniently
be stored in a table. Wth this nmethod, the power calculation is reduced
into two main nultiplications and a shift according to one enbodi nent of
the present disclosure. [0062] As nmentioned earlier, the first adjustnent
of the step size L is increnental. Afterwards, the gradient and the target
bit used will determ ne how nmuch increase is to be added. Any change in L
woul d affect the variable b, ¢, and d in Equation 3. 1In this case, the
gquantized value may be "fully' recal culated. However, if the change of O
i's di vFéthgl byotRUbs EQGAEiIYAIL DE sHOwENARIENL Ny Bl ARG, JIGAGE Kone

mul tiplication conmputation need not be perforned. Based on"this, in“one
enbodi ggoLcibhean Besspt di scl osure uses only nodification by a multiple of
four for the gradient-based adjustnents. [0063] FI GURES 5A1, 5A2 and 5A3
generally illustrates plots 500al, 500a2 and 500a3, respectively, where
the values of the first ter ;Vn Equation 3 for four possible values of b
according to one enbodi ent f th present disclosure. In other words,

FI GURES SAY, - #aputigadd SA® |shaw| t HeCflirst term val ues of the q@Eem.i 2&0i on
equation for varying b in\Bguation |3. Plots 500al, 500a2 and 500a3 are for
illustration only. O her "enbodi nent's of

[0058] In Equation 2A, A represents the quantization step size
from the expression (gl - scf(i)). Importantly, the main crux of
%
the computation is in calculating |2 | .
. 4
A b .
[0059] If —ﬂ=a+zj , Where b<4, Equation 2A above generally
becomes Equation 2B below.
% 3a
Xq = 2T (Egn. 2B)
4
d , .
[0060] If —3a=urhz, where d<4, Equation 2B becomes Equation 3
below.
x 8 g
Xg=|—| -2°-24 (Egqn. 3)
94
[0061] In one embodiment, the calculation of the first term to

the power of % could use a lookup table. The size of the lookup
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- 19 plots 500al, 500a2 and 500a3 nmay be apparent w thout departing from

the scope of this disclosure. [0064] The value of b used will follow the
increnental adjustment described earlier and after which the first term
will be kept constant. Scaling of the fist termis performed during

further adjustments. Wth this nmethod, Xg can be obtained from just one
multiplication and a shift. [0065] In one enbodi nent, the present

di scl osure provides a nethod for approximting Xq directly and uses stored
values and a sinple shift. This is done by introducing tables for the
scaling by 2d/4 Since there are only 4 possible values for this term a

si npl etaBppi dgpeRYsbendaie hasad 0y tdesaddle ofhd. néPO66)o FLEHRES 2281 and
5B2 generally illustrate plots 500bl and 500b2, respectively, show ng the

resul tsafdcalhe &oghifpossi bl eanal ae&umtlgllbaw&ﬂebyv\@ﬂfds EiGUBEG<2B1 and
5B2 show the first termvalues after the scaling by four possible factors

- dependang b d fiiews Eguatdmly Ioul pbss$80blvande S00b2 e ftdrmd Wbty ation
only. O her enbodi ments of plots 500bl and 500b2 may be apparent w thout

depar tcag toarehbhenstpp®eofstidiesi thsal asivie. [ 0P6H Hhier mkhBolNCRERENT Al
adjustnment, the first termis
power calculation is reduced into two main multiplications and a

shift according to one embodiment of the present disclosure.

[0062] As mentioned earlier, the first adjustment of the step
size A 1is incremental. Afterwards, the gradient‘ and the target
bit used will determine how much increase is to be added. Any
change in A would affect the variable b, ¢, and d in Equation 3.
In this case, the quantized value may be ‘fully’ recalculated.
However, i1f the change of A is divisible by four, there will be
no change in variable b, hence one multiplication computation
need not be performed. Based on this, in one embodiment, the
present disclosure uses only modification by a multiple of four

for the gradient-based adjustments.

[0063] FIGURES 5Al1, 5A2 and 5A3 generally illustrates plots
500al, 500a2 and 500a3, respectively, where the values of the
first term in Equation 3 for four possible values of b according
to one embodiment of the present disclosure. In other words,
FIGURES 5Al, 5A2 and 5A3 show the first term values of the
quantization equation for varying b in Equation 3. Plots 500al,

500a2 and 500a3 are for illustration only. Other embodiments of
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kept constant. Based on this value, a table |look up is perforned - 20
dependi ng on the value of d used. In one enbodinent, the only operation
needed is to shift the obtained value by c. The size of the table used to
map the first termto its scaled value is application dependent. If

addi tional accuracy is desired, interpolation can be adopted to reduce any
rounding errors during the table |ook up process. Bail Qut Method [0068]
Despite the effort to pronptly converge to an acceptable value of a

guanti zati on paranmeter (global gain in this case), it is not generally
possi ble to anal yze how many iterations are needed to arrive at the

deSIreﬁl&@éUSOOIblSSO@QQr@%&NSGﬁd§>méyUBQeéFEQQEEt GaReoue! ldep %QElhgoes

power ‘encoders where it is inportant” that e absol ute worse case

not eggeﬁdhﬁémg@aﬁgIdﬁﬂgﬁr@ogggbqgguggsources [0069] To limt the nunber
of quantization iterations, a bail out nmethod is introduced once the

nunber of iterations has reached t he deS|gnatgd |Iﬁ!t. Thi s nmet hod,
howevefoosvl | iTHd odu@@cUNBECEBSaALYgUaRt i Zat QM BWi Send Ori ridensgabe

factor bands (since global scale factor is applied to all scale factor
bands) adjtstfedtmMi¥dilbdd el ilie NORE FKWHTENR Ithd tr i@k them will
be kept constant. Scaling of the fist term is performed during

further adjustments. With this method, Xg can be obtained from

just one multiplication and a shift.

[0065] In one embodiment, the present disclosure provides a
method for approximating Xq directly and uses stored values and a
simple shift. This is done by introducing tables for the scaling
by 2%*. Sgince there are only 4 possible values for this term, a

simple mapping may be done based on the value of d.

[0066] FIGURES 5B1 and 5B2 generally illustrate plots 500bl
and 500b2, respectively, showing the results for the four
possible values of d. In other words, FIGURES 5B1 and 5B2 show
the first term values after the scaling by four possible factors
depending on d from Equation 3. Plots 500bl and 500b2 are for
illustration only. Other embodiments of plots 500bl and 500b2
may be apparent without departing from the scope of this

disclosure.

[0067] After the incremental adjustment, the first term is

kept constant. Based on this value, a table look up is performed
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nunber of iterations. Excessive application of this bail out nethod may
|l ead to quality degradation. - 21 [0070] Encoders need to have exact
predi ctions for the nunber of bits used based on the global gain in the
presence of Huffman coding. Each scale factor band may choose its own
Huf f man codebook, and the nunber of bits used is dependent on both its
quanti zed spectral values and its codebook choice. [0071] In one

enbodi ment, the codebook is normally chosen based on the LAV (I argest
absol ute val ue) of the spectral coefficients, since each codebook has a
limt in the LAV which they can represent. Based on this, it is possible

to deri¥gehlieng Wehseneas1mensr &f ubkgs U§§donar%%@a§méﬂet the laYyof
that scale factor band is known. [0072] In nornal flow, the quantizéd

spectr @geamtg@meﬁ@éaad obt abnedi kLI ¢het R stiheaHybfi RN pgodeboake( fsaceach
band) chosen based on its LAV. Lastly, the actual coding is perforned

based @ﬂ the mubber wekdbitss MgiPWhe AccPEEl BErhOtONet8MBedn BBNa1ukhe s
present disclosure works the other way around. In other words, because the

nunber appl bidsictsedidgdiaidiitt. budget ) abaiknenal adciSaddpssidl eietsqx@arl ve
the LAV (assum ng the worse case codebook is used). This wl| satlsfy t he
bit butigeérgsideidi.can be adopted to reduce any rounding errors during

the table look up process.

Bail Out Method

[0068] Despite the effort to promptly converge to an
acceptable value of a quantization parameter (global gain in this
case), 1t 1is not generally possible to analyze how many
iterations are needed to arrive at the desired wvalue. This
characteristic is undesirable, especially for low power encoders,
where it is dimportant that the absolute worse case does not

exceed the available computing resources.

[0069] To limit the number of quantization iterations, a bail
out method is introduced once the number of iterations has
reached the designated 1limit. This method, however, will
introduce unnecessary quantization noise for all scale factor
bands (since global scale factor is applied to all scale factor
bands). It is important to set the proper maximum limit for the
number of iterations. Excessive application of this bail out

method may lead to quality degradation.
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Once the LAV is known keep, the schene would derive the quantization
paraneter based Equation 4 below. - 22 A= 1610 max x (Eqn. 4) 3 g z
desired LAV [0073] The gl obal gain value is then obtained fromthe
parameter L. [0074] Enbodi ments of the present disclosure may be applied to
any suitable perceptual encoder. For exanple, enbodinents of the present

di scl osure could be applicable to perceptual encoders that use a
non-|inear quantization of the type INT(xM/N + constant). For exanpl e,
applications such as M\PEG 1 and MPEG 2 layer 11l (MP3) and MPEG Advanced
Audi o Codi ng (AAC) may use non- |inear quantization. The foll ow ng

d [ di j ' t MP3
escri pgg7 epodi R R AdlSy & 0075%&%%(%%#&&'105@9 f%‘}nitﬁ‘f-{éu @@

encoder application. Filterbank 6 generally strates

met hodo $0P; Mhekges ubhand of | {A L Hasks1 aéﬁwrggﬁgp%% ggété;geﬁéée ¥ %@%??%ﬁ

signal into 32 equally spaced subbands. ons use

filtergoaimg! udipgria swahandsfibiber hanlg afﬂgyarbﬂ%re fikter Sank muEfan
enbodi ment of nethod 600 shown in FIGJURE 6 is for 1llustration only. Oher

embodi e Sok, MBENOENE0BLGRHID J2e Bised YEdd'OM dependent on both its

quantized spectral values and its codebook choice.

[0071] In one embodiment, the codebook is normally chosen
based on the LAV (largest absolute wvalue) of the spectral
coefficients, since each codebook has a limit in the LAV which
they can represent. Based on this, it is possible to derive the
worse case number of bits used, provided that the LAV of that

scale factor band is known.

[0072] In normal flow, the quantized spectrum is generally
obtained first then the Huffman codebook (for each band) is
chosen based on its LAV. Lastly, the actual coding is performed
based on the number of bits known. According to one embodiment,
the present disclosure works the other way around. In other
words, because the number of bits used (the bit budget) is known,
it 1is possible to derive the LAV (assuming the worse case
codebook is used). This will satisfy the bit budget criteria.
Once the LAV is known keep, the scheme would derive the

quantization parameter based Equation 4 below.
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departing fromthe scope of this disclosure. [0076] In one enbodi nent, the
MDCT used is formul ated as shown by Equation 5 below. 23 n-1 1 X
=Zzkcos(2n 2k+1+! (2i+1~~ i=Qon-1 (Egn. 5) 2 k=0 2) [0077] In Equation
5, z is the windowed i nput sequence, k is the sanple index, i is the
spectral coefficient index, and nis the wndow |length (12 for short bl ock
and 36 for long block). The size is determ ned by the transient detect
nodul e. Psychoacoustics Mdel (PAM [0078] The cal cul ati on of masking
threshold follows the steps generally illustrated by nethod 700 in FI GURE
7. The enbodi nent of nmethod 700 shown in FIGURE 7 is for illustration
only. O her enbodl nts of~£?th d 700 may be used wi thout departing from
the scope q% sch@gur. thod 700 for efficiency reasons, in one
enbodi ment ﬁé3pr§§ Absitdpscliogurie coul d use MDCT spectrum et

anal ysi s. [0079] The\cal culation/is performed directly in scale factor
band domain instead of partition domain (1/3rd bark). A sinple

[0073] The global gain wvalue is then obtained from the

parameter A.

[0074] Embodiments of the present disclosure may be applied to
any suitable perceptual encoder. For example, embodiments of the
present disclosure could be applicable to perceptual encoders
that use a non-linear quantization of the type INT(x"™ +
constant). For example, applications such as MPEG-1 and MPEG-2
layer IIT (MP3) and MPEG Advanced Audio Coding (AAC) may use non-
linear quantization. ‘The following describes embodiments of the

present disclosure in the context of an MP3 encoder application.

Filterbank

[0075] FIGURE 6 generally illustrates method 600 where subband
filterbanks are used to split the broadband signal into 32
equally spaced subbands. MP3 applications use hybrid filters
including a subband filterbank and an MDCT filterbank. The
embodiment of method 600 shown in FIGURE 6 is for illustration
only. Other embodiments of method 600 could be used without

departing from the scope of this disclosure.

[0076] In one embodiment, the MDCT used is formulated as shown

by Equation 5 below.



triangle spreading function is used with +25dB per bark and -1 CGdB per bark
slope. The tonality index is conputed using Spectral Flatness Measure

i nstead of unpredictability. 24 Bit allocation-Quantization Mdul e [0080]
Bit allocation and quantizati on nodule 106 shown in FIGJURE 1 generally
provides in MP3 a non-uniform quantizer as shown by the relationship in
Equation 6 below V x _ quantized (i) =int x a + 0.0946 (Egn. 6) 3
216gl1-scl ~~)) [0081] In Equation 6, i is the scale factor band index, X
is the spectral values wthin that band to be quantized, gl is the gl obal
gain (the rate controlling paranmeter), and scf (i) is the scale factor

val ue (the distorgion gtfollin par anret er) . ;yring inner loop iteration
et ﬁa

204 or net hod X360Y. ayeb 700 14k +1) he apprOpri-at e gl obal (Rdm. k8)
conducti ng the adfust i ncr ntally. After Xhis first calculation, the
gradient relating the global gain change and bit rate change is

est abl i shed. The second onwards adjustnent uses this gradient to adjust

the gl pped7ai n ;1 oppIddieRald y 4 nierdae L9nr6REH thEutr deshhedcbityr ate.

the sample index, i is the spectral coefficient index, and n is
the window length (12 for short block and 36 for long block).

The size is determined by the transient detect module.

Psychoacoustics Model (PAM)

[0078] The calculation of masking threshold follows the steps
generally illustrated by method 700 in FIGURE 7. The embodiment
of method 700 shown in FIGURE 7 is for illustration only. Other
embodiments of method 700 may be used without departing from the
scope of this disclosure. Method 700 for efficiency reasons, in
one embodiment, the present disclosure could use MDCT spectrum

for the analysis.

[0079] The calculation is performed directly in scale factor
band domain instead of partition domain (1/3rd bark). A simple
triangle spreading function is used with +25dE per bark and -10dB
per bark slope. The tonality index is computed using Spectral

Flatness Measure instead of unpredictability.
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[0082] The gradient itself is adjusted every time iteration is perforned.
The change of global gain is restricted into multiples of four in order to
reduce the conplexity of the requantization calculation as explained
earlier. Lastly, when conputing resources are scarce, a limt in the
nunber of inner - 25 Jloop iterations may be set. Wien this [imt is
reached, a bail out nethod is carried out to derive the global gain based
on the nunber of bits available. [0083] Table 1 bel ow generally
illustrates the list of Huffman Codebook available in MP3 encodi ng

schemes. Table 1 is shown for illustration only. Qher enbodinents of
Tabl e Bitaglbecatsixsh - idrtiidatdipaModagel rom the scope of this disclosure.
[0084] Table 1 also generally illustrates the | argest absolute value each

codebogbosan repseseat1aBdciBe Ed NYARALIPS i S Rbks1cUsesk %H&ﬁn”i?lt the
“maxi mum bit-used” shown here is for "the encoding of spectral pairs. - 26
Huf f marICOREbaOk dHarRaN L AVrdRXASBIMi R typdsed nBnOufifdrdt Suantizer as
shown by the relationship in Equation 6 below:
H
x_quantized (i) = intl —————+0.0946 (Egn. 6)

2g(gl—scf )]

[0081] In Equation 6, 1 is the scale factor band index, x is
the spectral values within that band to be quantized, gl is the
global gain (the rate controlling parameter), and scf(i) is the
scale factor value (the distortion controlling parameter).
During inner loop iteration 204 or method 300, method 700 finds
the appropriate global gain by conducting the adjustment
incrementally. After this first calculation, the gradient
relating the global gain change and bit rate change 1is
established. The second onwards adjustment uses this gradient to
adjust the global gain proportionally in order to reach the

desired bit rate.

[0082] The gradient itself is adjusted every time iteration is
performed. The change of global gain is restricted into
multiples of four in order to reduce the complexity of the
requantization calculation as explained earlier. Lastly, when

computing resources are scarce, a limit in the number of inner
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226 326 4NANA 538 637 7510 8511 959 107 11 11 7
11 12 7 10 13 15 19 14 NANA 15 15 13 16 16 19 17 18 21 18 22 23
19 30 25 20 78 29 21 270 33 22 1038 37 23 8206 43

loop iterations may be set. When this limit is reached, a bail
out method is carried out to derive the global gain based on the

number of bits available.

[0083] Table 1 below generally illustrates the list of Huffman
Codebook available in MP3 encoding schemes. Table 1 is shown for
illustration only. Other embodiments of Table 1 may be used

without departing from the scope of this disclosure.

[0084] Table 1 also generally illustrates the largest absolute
value each codebook can represent and the maximum number of bits
used. Note that the “maximum bit used” shown here is for the

encoding of spectral pairs.
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24 30 20 25 46 22 26 78 24 27 142 26 28 270 28 29 526 30 30 2062 34
31 8206 38 Table 1: Huffman Codebook used in MP3 encoder [0085] Wen a
bail out nethod in accordance with one enbodi nent of the present

di scl osure is executed, the nunber of bits allocated per spectral pair is
cal cul ated based on the bit budget and the nunber of spectral pair to be
coded as shown by the relationship exenplified by Equation 7 bel ow. 27
Desired bit- used- per- spectral pair= bit- budget-

(si_bits+regi orO_count+regiori_count) nunber of _ spectral pair (Eqn. 7)
[ 0086] The bit budget has to take into account the nunber of bits needed

for side informeiimah (Mddbdak), [egion0 and regioni. Fromtne

" desired-bijt -used pamispectral _ppir, ngal cull atnegeidddde pideskegd |LAV i s found

based on Tdble 1. 0 0 0
1 1 3
2 2 6
3 2 6
4 N/A N/A
5 3 8
6 3 7
7 5 10
8 5 11
9 5 9
10 7 11
11 7 11
12 7 10
13 15 19
14 N/A N/A
15 15 13
16 16 » 19
17 18 21
18 22 23
19 30 25
20 78 29
21 270 33
22 1038 37
23 8206 43
24 30 20
25 46 22
26 78 24
27 142 26
28 270 28
29 526 30
30 2062 34
31 8206 38

Table 1: Huffman Codebook used in MP3 encoder

[0085] When a bail out method in accordance with one
embodiment of the present disclosure is executed, the number of
bits allocated per spectral pair is calculated based on the bit
budget and the number of spectral pair to be coded as shown by

the relationship exemplified by Equation 7 below.
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[0087] Wth this desired_ LAV, the quantization step size can be calcul ated
using Equation 4, and the gl obal gain value can be derived. Wth this
value, even if all the spectral pair use the maxinumbit-used (which is
unlikely the case), the total bit used to encode the frame would still be
bel ow the bit budget. Therefore, an exit fromthe inner loop is
guaranteed. [0088] Accordingly, in one enbodi nent, the present disclosure
provides a fast and efficient nmethod to estinate the global gain, whichis
a rate controlling paraneter in a perceptual audio encoder. Using a
gradi ent - based adj ustnent, the desired gl obal galn may be obtai ned using
the | east nunber of iterations h ful > a t ment
val ue, Detiradn b _utodpwent ipeetedl Ptitleﬂh buz@g%Ee( lu t§ IS

limit in the anmount of conputing resource‘”""?aﬂpgm@¥mﬁﬁl out method is
al so provided - 28 to derive the quantization paraneter which guarantees
an exit fromthe rate control |oop. [0089] It may be advantageous to set
forth definitions of certain words and phrases used in this patent
docunef®qnTh®) term "couple" and its derivatives refer to any direct or
indirect communication between two or nore el ements, whether or not those
el ements are in physical contact with one another. The terns

[0086] The bit budget has to take into account the number of

bits needed for side information (si_bits), region0 and regionl.
From the ‘desired _bit_used per spectral pair’ calculated, the

desired_ LAV is found based on Table 1.

[0087] With this desired LAV, the quantization step size can
be calculated using Equation 4, and the global gain value can be
derived. With this value, even if all the spectral pair use the
maximum bit_used (which is unlikely the case), the total bit used
to encode the frame would still be below the bit budget.

Therefore, an exit from the inner loop is guaranteed.

[0088] Accordingly, in one embodiment, the present disclosure
provides a fast and efficient method to estimate the global gain,
which is a rate controlling parameter in a perceptual audio
encoder. Using a gradient-based adjustment, the desired global
gain may be obtained using the least number of iterations. With
careful selection of the adjustment value, further computational
reduction may be achieved. When there is a limit in the amount of

computing resources available, a bail out method is also provided
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"include" and "conprise," as well as derivatives thereof, mean inclusion
wthout limtation. The term"or" is inclusive, neaning and/or. The
phrases "associated with" and "associated therewith," as well as
derivatives thereof, may nean to include, be included wthin, interconnect
with, contain, be contained wthin, connect to or with, couple to or wth,
be communi cable wth, cooperate with, interleave, juxtapose, be proxinate
to, be bound to or with, have, have a property of, or the like. [0090]
Whil e this disclosure has described certain enbodinents and generally
associ ated nmethods, alterations and pernutations of these enbodi nents and

met hodsowiddrive afipar gotntdzabose Peidaheter Wi aglardecaudi gal wxitthe
above description of exanple enbodi nents does not define or constrain this

di scl oSuoe. tiikhesate cdranges], Isdpstitutions, and alterations are also

possi ble without departing fromthe spirit and scope of this disclosure,

as defined by the following claims. - 29 WHAT IS CLAIMED IS 1. For use

in an &0@88] encoller may nie¢ hadvahthigboual |osakeen fargl | GeBgaitheremort al |y

adjusting a global gain according to a gradient, wherein the gradient is

adj ust edreath words tdred phrzares used in this patent document. The term
“couple” and its derivatives refer to any direct or indirect
communication between two or more elements, whether or not those
elements are in physical contact with one another. The terms
“*include” and “comprise,” as well as derivatives thereof, mean
inclusion without limitation. The term “or” 1is inclusive,
meaning and/or. The phrases “associated with” and ‘“associated
therewith,” as well as derivatives thereof, may mean to include,
be included within, interconnect with, contain, be contained
within, connect to or with, couple to or with, be communicable

with, cooperate with, interleave, juxtapose, be proximate to, be

bound to or with, have, have a property of, or the like.

[0090] While this disclosure has described certain embodiments
and generally associated methods, alterations and permutations of
these embodiments and methods will be apparent to those skilled
in the art. Accordingly, the above description of example
embodiments does not define or constrain this disclosure. Other
changes, substitutions, and alterations are also possible without
departing from the spirit and scope of this disclosure, as

defined by the following claims.
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of bits used to represent a quantized value is counted. 2. The nethod of
Claiml further conprising: correlating changes in the gradient and the
global gain with the actual nunber of bits used. 3. The nmethod of Caiml
further conprising: adjusting the gradient within one tinme frane. 4. The
method of Caim1l, wherein the gradient nodifies the value of the gl obal
gain by a factor of four. 5. The nethod of Claim1l further conprising:
correlating adjustments to the gradient with the quantized value. - 30 6.
The method of Claim5 further conprising: obtaining the quantized val ue
using a scaling factor and a shift operation. 7. The nethod of Claim®6

f ur t hewmansroLAIMED Ibt ai ni ng the scaling factor using at | east one of: a
| ookup table, an interpolation and a bit shift. 8 The method of Caiml
further conprising: deriving the global gain based on an available bit
budget. 9.1The Ferhodsef d¢hai @nl, amddrcei endedeaudi @ emeaded | fa bit

perceptual audi o coder.
allocation comprising:

incrementally adjusting a global gain according to a
gradient, wherein the gradient is adjusted each time the number

of bits used to represent a quantized value is counted.

2. The method of Claim 1 further comprising:

correlating changes in the gradient and the global gain with

the actual number of bits used.

3. The method of Claim 1 further comprising:

adjusting the gradient within one time frame.

4. The method of Claim 1, wherein the gradient modifies

the value of the global gain by a factor of four.

5. The method of Claim 1 further comprising:

correlating adjustments to the gradient with the quantized

value.
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10. For use in a perceptual audio coder, a nethod of bit allocation
conprising: increnentally adjusting a global gain according to a gradient;
adj usting the gradient according to the nunber of bits used to represent a
quantized value; and limting a rate controlling paraneter of the audio
coder to a predeterm ned nunber of loops. 31 11. The nethod of C aim 10
further conprising: adjusting the gradient within one tinme franme. 12. The
met hod of C aim 10, wherein the gradient nodifies the value of the gl obal
gain by a factor of four. 13. The nethod of Claim 10 further conprising:
correlating adjustnments to the gradient with the rate controlling

paranmeter and thehduEioObbict siksedrhothepr & isdfe quantized val ue.
14. The method of Caim 13 further conprising: obtaining the quantized

val ue usi ngolst Salrid G Hach@inikkd vahid tuopes ahi aBa1ify FhE- OBt had 4f
Claim 14 further conprising: obtaining the scaling factor using at |east

one ofshift asketmtion.

7. The method of Claim 6 further comprising:
obtaining the scaling factor using at least one of: a lookup

table, an interpolation and a bit shift.

8. The method of Claim 1 further comprising:

deriving the global gain based on an available bit budget.

9. The method of Claim 1, wherein the audio encoder is a

perceptual audio coder.

10. For use in a perceptual audio coder, a method of bit
allocation comprising:

incrementally adjusting a global gain according to a
gradient;

adjusting the gradient according to the number of bits used
to represent a quantized value; and

limiting a rate controlling parameter of the audio coder to

a predetermined number of loops.
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table, an interpolation and a bit shift. 16. The nethod of Caim 10 further
conprising: deriving the global gain based on an available bit budget. -
32 17. A nethod of bit allocation conprising: limting a rate controlling
parameter to a predeterm ned number of |oops; and deriving a global gain
to ensure exit fromthe |loop. 18. The nmethod of Caim 17, wherein the
global gain is derived froman available bit budget. 19. The nethod of
Claim 17 further conprising: obtaining a quantized val ue using a scaling
factor and a shift operation. 20. The nethod of Caim19 further
conprising: obtaining the scaling factor using at |east one of: a | ookup
table, an interpolation and a bit shift. 33

11. The method of Claim 10 further comprising:

adjusting the gradient within one time frame.

12. The method of Claim 10, wherein the gradient modifies

the value of the global gain by a factor of four.

13. The method of Claim 10 further comprising:
correlating adjustments to the gradient with the rate
controlling parameter and the number of bits used to represent

the quantized value.

14. The method of Claim 13 further comprising:
obtaining the quantized value using a scaling factor and a

shift operation.
15. The method of Claim 14 further comprising:
obtaining the scaling factor using at least one of: a lookup

table, an interpolation and a bit shift.

16. The method of Claim 10 further comprising:

deriving the global gain based on an available bit budget.
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17. A method of bit allocation comprising:
limiting a rate controlling parameter to a predetermined
number of loops; and

deriving a global gain to ensure exit from the loop.

18. The method of Claim 17, wherein the global gain is

derived from an available bit budget.

19. The method of Claim 17 further comprising:
obtaining a quantized value using a scaling factor and a

shift operation.

20. The method of Claim 19 further comprising:

obtaining the scaling factor using at least one of: a lookup

table, an interpolation and a bit shift.
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