-1- DEVI CE AND PROCESS FOR USE | N ENCODI NG AUDI O DATA FI ELD OF THE

| NVENTI ON The present invention relates to a device and process for use in
encodi ng audio data, and in 5 particular to a psychoacoustic mask
generati on process for MPEG audi o encodi ng. BACKGROUND The MPEG 1 audi o
standard, as described in the International Standards Organisation (I1SO
docunent |1SO'IEC 11172-3: Information technol ogy - Coding of noving
pictures 10 and associ ated audio for di gilt’al storage nedia at up to about
1.5Mops ("the MPEG 1 standard"), defines processes for |ossy conpression of

digital audio and video data The MPEG 1 standard defines three

al ternative proceRpeRch sMEVEPCRSCHORFisR BPERCOBING AuPI DATAS

progressively hi he  éXpense of T ncreasing
conpl exity. The second Iayer referred to as MPEG | -L2, provides an audio
conpression 15 format w dely used in consuner mul ti medi a applications. As

t hese appllcatlons %ngress fron1prOV|d|ng pl ayback only to al so providing
recordi ng, EleRPR INVENENuer - grade and consuner-priced devices
that can generate MPEG | -L2 conpliant audio data. The reference

i mpl ement at T%f"%lfe nt Mewﬁéﬁélatkgto%%rang?%ehpﬁg ubdlir R oMBEGudiodatas hadfar d
is not suit rea

time consuner ' cations, and requires
consi der &bl mrtmda:dnraqtsgchdacdumlmask ghidritioreprocass &mrd\/IBE&mslm engogmger. I n.
particular, the psychoacoustic masking process used in the MPEG1-L2 audio
encoder referred to uses a nunber of successive and processing i ntensive
power and energy data conversions that also incur a repeated loss in
preci sion. BACKGROUND ¥, it is desired to address the above or at | east
provi de a useful alternative. -2- SUVWARY OF THE | NVENTI ON

The MPEG-1 audio standard, as described in the International Standards Organisation
(ISO) document ISO/IEC 11172-3: Information technology - Coding of moving pictures
10 and associated audio for digital storage media at up to about 1.5Mbps (“the MPEG-1
standard”), defines processes for lossy compression of digital audio and video data. The
MPEG-1 standard defines three alternative processes or “layers” for audio compression,
providing progressively higher degrees of compression at the expense of increasing
complexity. The second layer, referred to as MPEG-1-L2, provides an audio compression
15 format widely used in consumer multimedia applications. As these applications progress
from providing playback only to also providing recording, a need arises for consumer-

grade and consumer-priced devices that can generate MPEG-1-L2 compliant audio data.

The reference implementation for an MPEG-1-L2 encoder described in the MPEG-1
20 standard is not suitable for real-time consumer applications, and requires considerable
resources in terms of both memory and processing power. In particular, the
psychoacoustic masking process used in the MPEG-1-L2 audio encoder referred to uses a
number of successive and processing intensive power and energy data conversions that
also incur a repeated loss in precision.
25

Accordingly, it is desired to address the above or at least provide a useful alternative.



I n accordance with the present invention there is provided a mask
generation process for wuse in encoding audio data, including: storing

| i near energy conponents of said audio data; 5 generating |inear masking
conponents by sunm ng sel ected ones of the stored |linear energy
conponents; generating |logarithm c nmaski ng conponents fromsaid |inear
maski ng conponents; and generating a glogal maski ng threshold fromthe
| ogarithmi ¢ masking conponents. 10 The présent invention also provides a
mask generation process for use in encoding audio data, including:
generating respective masking thresholds fromlogarithm c masking

conponent s Sﬁﬂmr@ﬁmlﬁv@ﬁ;mof the form vf =-17*dz, 0:5dz<8 15
The present "I'nvention al'So provides a mask generation process for use in

encodi ng audio data, including: generating a gl obal masking threshold from
| ogari t hni clmaskidagcecwith treepresent sventiagi theretipprozled a mask generation process for

LTg(1)=max[ LTq(i) +npx~ Taonpt[ z(], ] z(i)]}+maxj _1{LTnotse[z(]),z(t}])]
where | and“?e%éreécﬁ’ﬂg@&toa?tas'bgﬁ'h g audio data, z(i) is a Bark scale
val ue for Spe(‘s%&rﬁiglil_dehf‘&leir yéo&pomn{s%@s&id%ﬁ&ib]daf&? a tonal masking threshold

for lines i and j,” LTnO,,8[z(j),z(i)] is a non-tonal masking threshold for

lines i &nd | genetating ipeanmmskingebmponets bypsunming selagted ongsaf the sfoged hacar
nunber of non-tonal g@ﬁgtral lines. 25 The present invention al so provides

a mask geneP ™™t &Y CTBPOER'S

audi o encoder, said mask generator adapted to

generate | i neglenbmfikig Mpafithiie neRkidg oMmpohdinifromudiddinéat maskihg gampdrientss and
maski ng conponents from said |inear masking conponents; and a ngll obal
generating a global masking threshold from the logarithmic masking components.

10 The present invention also provides a mask generation process for use in encoding audio
data, including:
generating respective masking thresholds from logarithmic masking components
using a masking function of the form:
vf =-17*dz, 0<dz<8
15
The present invention also provides a mask generation process for use in encoding audio
data, including:
generating a global masking threshold from logarithmic masking components

according to: _
20 LT, ()= max|LT, )+ maxy (LT ona [0} 20 max L T ()20
where 7 and j are indices of spectral audio data, z(7) is a Bark scale value for spectral

line i, LT, [2(]),2(1)] is a tonal masking threshold for lines i and j, LT, , [z(j), z(i)] is a

ton
non-tonal masking threshold for lines i and j, m is the number of tonal spectral lines, and 7
is the number of non-tonal spectral lines.

25
The present invention also provides a mask generator for an audio encoder, said mask
generator adapted to generate linear masking components from input audio data, |
logarithmic masking components from said linear masking components; and a global
masking threshold from the logarithmic masking components.

30



maski ng threshold fromthe | ogarithm c maski ng conponents. 30 -3- The
present invention also provides a psychoacoustic nmasking process for use in
an audi o encoder, including: generating energy values from Fouri er
transforned audi o data; determ ning sound pressure |evel values fromsaid
energy values; 5 selecting tonal and non-tonal nmasking conponents on the
basis of said energy values; generating power values from said energy

val ues; generating maski ng threshol ds on the basis of said masking
conponents and said power values; and generating signal to nmask ratios for
a quantizer on the basis of said sound pressure 10 |evel values and said

of 1 hopr oS ant iR Y ison Ao b iides ThebhollredE LR PO e e e TR

only, wth esdolegmedudingt he acconpanyi ng draw ngs, wherein: 15 Figure 1 is
a bl ock diagram of a preferred enbaqodi nent of an auaj o,encoder; Figure 2 is

a flow di agr an8eaerafing engrgy ypluepframdioynen ransforarediaudly ki ng data;  Figure

3is a flowdi : ' £3 .by a nmask
generator of t%gélafﬂu}}cliﬁllg Séemnc{@ﬁesrs%;gc%%aig%ﬂ e |“Lé%|{{|‘(i THE PREFERRED
EMBODI MENTS Assebdeting tanal didonometohal rmsskingdiompenentd en tlidithsisrdlsadencegyrvadics;

generator 102, a filter bank 104, g g}lgantiz r 106, and a bit stream
generat or 108.2°RREMRE PR YABRISFOM stdeRereyvalleSin  audi o encoding process

that generat esge%@ﬁﬁﬁ%%a%k‘iﬂ' rdicddslokPihE HRMs bRkl masdhe ctapéhehiOind siiae

encoded audi o data 112 conStitutes a conpressed repreSentation of the input
audi o 25 davwerdvdues; and

generating signal to mask ratios for a quantizer on the basis of said sound pressure

10 level values and said masking thresholds.

BRIEF DESCRIPTION OF THE DRAWINGS

Preferred embodiments of the present invention are hereinafter described, by way of
example only, with reference to the accompanying drawings, wherein:
15 Figure 1 is a block diagram of a preferred embodiment of an audio encoder;
Figure 2 is a flow diagram of a prior art process for generating masking data;
Figure 3 is a flow diagram of a mask generation process executed by a mask

generator of the audio encoder.

20 DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

As shown in Figure 1, an audio encoder 100 includes a mask generator 102, a filter bank
104, a quantizer 106, and a bit stream generator 108. The audio encoder 100 executes an
audio encoding process that generates encoded audio data 112 from input audio data 110.
The encoded audio data 112 constitutes a compressed representation of the input audio

25 data 110.

The audio encoding process executed by the encoder 100 performs encoding steps based
on MPEG-1-L2 processes described in the MPEG-1 standard. The time-domain input
audio data 110 is converted into sub-bands by the filter bank 104, and the resulting

30 frequency-domain data is then quantized by the quantizer 106. The bitstream generator



The audi o encodi ng process executed by the encoder 100 perforns encodi ng
steps based on MPEG | -L2 processes described in the MPEG 1 standard. The
ti me-domain input audio data 110 is converted into sub-bands by the filter
bank 104, and the resulting 30 frequency-domain data is then quantized by
the quantizer 106. The bitstream generator -4- 108 then generates encoded
audi o data or bitstream 112 fromthe quan%ized data. The quantizer 106
perfornms bit allocation and quantizati on based upon naski ng data generated
by the nmask generator 102. The nasking data is generated fromthe input
audi o data 110 on the basis of a psychoacoustic nodel of human hearing and

aural percepid T p ' Lng it t
frequency- dig%?’leglf-l ielrﬁegfgﬁregs%éﬁ%@a%%ﬂibd#%n earelk“%g} fz:ﬁ-gﬁlah%s@'}:aﬁgg%&égést? [ Eﬁl ©
phenormenon giehtzdradotperiaamsba lilogtiontaad goyntization basgd uppe asking datngeonebad

cl ose to one or nore weaker_ freqguency, copponents tends to mask, ..the ker
conponent s, by tsduaskgenerden iRad gP a8 i rﬁﬁerlaFegtg?f@ rtﬁe *ﬂﬂut apdip glgta;'\fl%
possi ble to | i n 0 B % Wi‘rﬁ‘é'aﬁdf'%?dl gbe dped,
and t her ebyoﬁgléagﬁ?i%%a icgﬁ%cr%gﬂgcg%gaogpg%%pr egsi on, wt ho{}%r%gver sely

af fecti nf tpeycheacowsticaodeliing takes info dcheurs toofieghencididepandent thiesholdhef nakaa ng
data conprises a signal -tpo-mask. rati o value .for each frqguenéﬁrgﬁub- band.

These si gna}I‘e-af‘Bg’ a, paveRoarqpitics Pheugsaan, referred éﬂoﬁn{naf)lf &st yrﬁa?ﬁ% by
the human eﬁécgieﬂcf‘_@&ﬂp&ﬂeﬂﬂ HURBE Yo SRR wiiler Ghaiédct&onifdRents @nds ib nask,

information t0 decide how best to use the avail abl e nunber of data bits to
represent tthe weakei npmpomantt, gesdegimg| thémoinaydiblentown hymaprlistenes tThippwkes [

encoders, the ner atiqgn of .maski ng data has,been _fou . b

conput at i on%ﬂsfs@?q 9 ewf‘,a&ﬁb%ﬁ% CHFOPRARE @‘r“’ned"’g#@gea‘i‘g{" ‘Fart&é%rﬁ %;ﬁge?&blyng
up to 5Qf6 ofchidie o 1akRér dé@fbfé%‘-ﬁcbﬂ?}rés@ﬁﬁym@t aliversdiPedting thisdrectivedayuiatins
20 two exanple inplenentati ons of the psychoacoustic nodel: psychoacoustic
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rates.

signal masked by the human ear in each frequency sub-band. The quantizer 106 uses this
information to decide how best to use the available number of data bits to represent the

15 input audio signal 110.

In known or prior art MPEG-1-L2 encoders, the generation of masking data has been
found to be the most computationally intensive component of the encoding process,
representing up to 50% of the total processing resources. The MPEG-1 standard provides
20 two example implementations of the psychoacoustic model: psychoacoustic model 1
(PAM]1) is less complex and makes more compromises on quality than psychoacoustic
model 2 (PAM2). PAM2 has better performance for lower bit rates. Nonetheless, quality
tests indicate that PAM1 can achieve good quality encoding at high bit rates such as 256
and 384 kbps. However, PAM1 is implemented in floating point arithmetic and is not
25 optimized for chip-based encoders. As described in G.A. Davidson et. al., Parametric Bit
Allocation in a Perceptual Audio Coder, 97th Convention of Audio Engineering Society,
November 1994, it has been estimated that PAM1 demands more than 30 MIPS of

computing power per channel.




tests indicate that PAML can achi eve good quality encoding at high bit
rates such as 256 and 384 kbps. However, PAML is inplenented in floating
point arithmetic and is not 25 optim zed for chip-based encoders. As
described in G A Davidson et. al., Paranetric Bit Allocation in a

Per ceptual Audi o Coder, 97th Convention of Audi o Engi neering Society,
Novenber 1994, it has been estimated thatSPAl\/Il demands nore than 30 M PS of
conputi ng power per channel. -5- Mreover; despite using the C double
precision type throughout, the 1SO inplenentation uses an extrenely |arge
nunber of arithnmetic operations, each resulting in a |loss of precision at
each step t he cOUSEI H@ﬁh. ' Snolémadiftion
psychoacous PEeor‘rfaeIg%%ge%e Pt %lﬁc%r oceg?gefg%&lggygglr}%g%djﬂ?ﬂﬁgqﬁg?k 1_)gener at or
102 provi oges i EXtRInGIR Mgk mmied dfharithmetib cpentions,ceashdessultingtin nailegsadns
quality whilst signifi cantl%%reduci ng i he org*lttati onal rec%i rements. In
order to noRfecigiorat paehdiapgit P%YHBOE’&BV%}WH%H‘ “tg@’ef?g&%%% SUstic mask
generation 10 process 300, the steps of the process are described bel ow
with reference to a prior art process 200 for generating psychoacoustic
maski ng §latBhe psyciesuitiethask geherafBiEGrdcess 8o daeaited hy tthe narsk cgangiatpr 102

nmbodi t, the di | der i t d digital ' . :

(DSP) uch’ BEsviles B ISRREioSE i RorHeaRate pipore 8 TrinB i GREY v

audi o encoglgeRALleas:inOime SmbfiahalibquRagagier 100 are sof tuare mdul es
Ir re o

stored in t the DSP-core. However, it will be apparent that
at least part of the audio encoding nodules 102 to 108 could alternatively

be i npl d as, dedi cat d . ,
ool | eat | onlEEREE 19 B0 Elst LRt TR e, A8 CATEARRY of i HEynBfequstic mask generation |
and 3, K@t hylohessPRc IRAGRES bF thdTBikededterdrbiribed koo 9sittB @ference the priuriat

art process 200 for generating naski ng data begin by Hann w ndow n
512- P process 200 for generating psychoacc?ustic maskir?g data,y as descn%ned mvﬂle %d’ﬁ&-l
standard.

Tn the described embodiment, the audio encoder is a standard digital signal processor

15 (DSP) such as a TMS320 series DSP manufactured by Texas Instruments. The audio
encoding modules 102 to 108 of the encoder 100 are software modules stored in the
firmware of the DSP-core. However, it will be apparent that at least part of the audio
encoding modules 102 to 108 could alternatively be implemented as dedicated hardware
components such as application-specific integrated circuits (ASICs).

20
As shown in Figures 2 and 3, both the psychoacoustic mask generation process 300 and the
prior art process 200 for generating masking data begin by Hann windowing the 512-
sample time-domain input audio data frame 110 at step 204. The Hann windowing
effectively centers the 512 samples between the previous samples and the subsequent

25 samples, using a Hann window to provide a smooth taper. This reduces ringing edge
artefacts that would otherwise be produced at step 206 when the time-domain audio data
110 is converted to the frequency domain using a 1024-point fast Fourier transform (FFT).
At step 208, an array of 512 energy values for respective frequency sub-bands is then

generated from the symmetric array of 1024 FFT output values, according to:
30 E(n) =X (n)[ = X3(n)+ X} (n) ,

where X (n)= Xg(n)+iX; (n) is the FFT output of the nth spectral line.



sanple time-domain input audio data frame 110 at step 204. The Hann

w ndowi ng effectively centers the 512 sanpl es between the previous sanpl es
and the subsequent 25 sanples, using a Hann wi ndow to provide a snooth
taper. This reduces ringing edge artefacts that would ot herw se be
produced at step 206 when the tinme-domain audio data 110 is converted to
the frequency domain using a 1024-point fgst Fourier transform (FFT). At
step 208, an array of 512 energy val ues f%f' respective frequency sub-bands
is then generated fromthe symmetric array of 1024 FFT out put val ues,
according to: 30 E(n) X2 where X (n) = XR (n) + iX1(n) is the FFT out put
of the nth spectral line. -6- In this specification, a value or entity is
described as logarithmc or as being in the logarithmc-domain if it has
been gener afrechiaspedificatizmylat valhe @vadntieg indestribed asi lopardthmid wncisi being \hele a

| ogarithm c valye or entity.is exponentiated by the reyerse operation, |t
55 descri lgaritheniedqean 4 itaBasy TG BFISTRE 25 e AP loRhiHAILFHI fe OgRRGMIcy ¢
process 200 B . ) NV, | Svm it
ogar thii o meugs WAEER IGARYSMCNAMRE Shels Pfbn bR POPUBIE RS BiPuon. e g
to P(n) 310demgtibedE{mljneanodastteeng intbalin@ndogyinval ues E(n) are not used
again. The PSD 10 values are nornalised to 96 dB at step 212. Steps 210
and 212 are omitted fromthe mask generati on process 300. The next step in

bot h procesgeshd $ribP a@@@%ca&se 200URE BhE&RStHefry S¥Rks (B3R} )ard 3héte SohRirte8amtb
15 sub-band. In the prior art process, an SPL value Lsb (n) is generated

for each sulbghathin powest specedl4 depsityor BSHY tveluct ) At stepnZ1PX, &Ecording 20
. . e 70 . :
K !]og( sef t'o(p()n) = 18%07;13(? (n){'%’xd che 1@2& ernerg>}(" \’ral?ﬁésn%'(n %rcle ot Séedlgg%%(n(. k)l"h% %%?)B \

10 values are normalised to 96 dB at step 212.
Steps 210 and 212 are omitted from the mask generation process 300,

The next step in both processes is to generate sound pressure level (SPL) values for each
15 sub-band. In the prior art process, an SPL value L, (1)is generated for each sub-band # at
step 214, according to:
Ly (n)= MAX|X ,(n). 20*log(scf,,, (n)* 32768)~10]dB

and

X, (n)=10* Iogm(ZIOX(k)“o] dB
k

20

where scf,, (1) is the maximum of the three scale factors of sub-band » within an

MPEGI1 L2 audio frame comprising 1152 stereo samples, X (k) is the PSD value of index

&, and the summation over % is limited to values of £ within sub-band ». The "-10 dB" term
corrects for the difference between peak and RMS levels.

25
Significantly, the prior art generation of SPL values involves evaluating many exponentials
and logarithms in order to convert logarithmic power values to linear energy values, sum

them, and then convert the summed linear energy values back to logarithmic power values.



20 where scf.(n) is the maxi mumof the three scale factors of sub-band n
within an MPEGL L2 audio frame conprising 1152 stereo sanples, X(k) is the
PSD val ue of index k, and the sunmation over k is limted to values of k
wi thin sub-band n. The "-10 dB" term corrects for the difference between
peak and RMS |l evels. 25 Significantly, the prior art generation of SPL

val ues i nvol ves eval uati ng many exponentigls and |logarithnms in order to
convert logarithmc power values to |ineal energy values, sum them and
then convert the sunmed |inear energy val ues back to |logarithm c power

val ues. -7- Each conversion between the |logarithmc and |inear domains is

conput at i Onﬁﬁdtyco?ﬁ%ﬁﬁ'b\ég%%@r{ﬂ%%ﬂﬁ‘ﬁé aﬁ@ﬁn %hl%!h%rls @bm Eﬁﬁuéﬁ%ﬁ}&' dxpendivd he

mask generation proces S generat step usi ng 't he same
first 5 foamddegrddes tHe grécigion bfithewesulit. ( | X5, (n) 10*I og ol zX(k)J+96dB I
k where X(k) is the linear energy value of index k. The "96 dB" termis

used to normalisel,b(n). It will be apparent that this inproves upon the

prior art b]%fhﬁ\é%igggmg?ne}a(%ioﬂ:ﬁ%'e%ghp dg(?ap 15'@11@&‘(6% at §tE§§ 32@ fsfigCME Yale first

generating ues 1's’ sl gni I nproved ppr oxi matl ng the

| ogarit hgn bgérﬁpﬁaetﬁpqgég%qﬂ W‘ﬁ.ﬁyl or expansion. Specifically, representing

the arguiren rithmas Ipt, this is first normalised by
determ ning x such that 15 Ipt =(1-x)2', 0,5<1-x;51 Using a second order

Tayl or expansion, In(1l- x) ((n) 1%*10g e(Zogag)] +tyg(fBan be appr oxi mat ed

as:

where X (k) is the linear energy value of index 4 The "96 dB" term is used to
normalise L, (n). It will be apparent that this improves upon the prior art by avoiding

10 exponentiation. Moreover, the efficiency of generating the SPL values is significantly

improved by approximating the logarithm by a second order Taylor expansion.

Specifically, representing the argument of the logarithm as Ipt, this is first normalised by

determining x such that:

15 Ipt=(1-x)2", 05<1-x<l1

Using a second order Taylor expansion,
In(l-x)~-x—x*/2
the logarithm can be approximated as:

log,, (Ipt) = [m*In(2) - (x + x* /2)] * In(10)

20 =[m*In(2) - (x + x* x *0.5)] *1og,, (€)

Thus the logarithm is approximated by four multiplications and two additions, providing a

25 significant improvement in computational efficiency.

The next step is to identify frequency components for masking. Because the tonality of a
masking component affects the masking threshold, tonal and non-tonal (noise) masking

components are determined separately.



20 logo (Ipt) [m* In(2) - (x + x2/ 2)] * In(10)
=[mIn(2)-(x+x*x*0.5)]*log, 0O(e) Thus the logarithmis approxi mated by four
mul tiplications and two additions, providing a 25 significant inprovenent
in conputational efficiency. The next step is to identify frequency
components for masking. Because the tonality of a masking conponent

af fects the masking threshold, tonal and n-tonal (noise) masking
conponents are determined separately. -8- First, local maxinma are
identified. A spectral line X(k) is deened to be a local maxinmum if X(k) >
X(k -1) and X(k) ? X(k+1) 5 In the prior art process 200, a |ocal maxi num
X(k) thus identified is selected as a logarithmc tonal maski ng conponent
at step 216 if: X(k)-X(k+ j)-7dB where j is a searching range that varies

with k. If k) 115, foun . ogal nept. .\ - h [ 1SV d
repl aced by:}sgr??’ éor?ilr m%ﬁ?‘iﬁ%?&%&‘ﬁﬁ&?ﬁ?%gi ’? fké»t? é)g?{%e‘ﬁ%l%é E(ofa Iﬁ’c()mﬁ% I
spectral lirnes within the exam ned frequency range are then set to - oo dB.
15 In the mask generation process 300, a |local maxi mum X(k) is selected as
a linear tonal masking conponef#)>at(kst BrandQ¥ ()= X )1} 10-0'* >>-X(k+ j) 20
If X(k) is found to be a tonal conponent, then its value is replaced by:
Xro"ai (KP=X(k-1)+X(k)+X(k+1) Al spectral lines within the exani ned
frequency range %{rigr tapteﬂro%gs:[s 5(9), % tocal maximum X (k) thus identified is selected as a

logarithmic tonal masking component at step 216 if:

X(k)-X(k+j)=7dB
where j is a searching range that varies with &, If X (k) is found to be a tonal component,

10 then its value is replaced by:
X ot (£)= lﬂlogm(1(]"(”“1)“0 +10%XMe | qgxeo )

All spectral lines within the examined frequency range are then set to — o dB.
15

In the mask generation process 300, a local maximum X (k) is selected as a linear tonal

masking component at step 304 if:

X(&)*107°7 2 x(k+ j)

20 If X (k) is found to be a tonal component, then its value is replaced by:
X e (k)= X (K =1)+ X (k) + X (k +1)

All spectral lines within the examined frequency range are then set to 0.

The next step in either process is to identify and determine the intensity of non-tonal
25 masking components within the bandwidth of critical sub-bands. For a given frequency,
the smaliest band of frequencies around that frequency which activate the same part of the
basilar membrane of the human ear is referred to as a critical band. The critical bandwidth
represents the ear's resolving power for simultaneous tones. The bandwidth of a sub-band

varies with the center frequency of the specific critical band. As described in the MPEG-1




The next step in either process is to identify and determne the intensity
of non-tonal 25 nmasking conponents within the bandw dth of critical

sub- bands. For a given frequency, the smallest band of frequencies around
that frequency which activate the sanme part of the basilar nmenbrane of the
human ear is referred to as a critical band. The critical bandw dth
represents the ear's resolving power for sjnmultaneous tones. The bandw dth
of a sub-band varies with the center frequency of the specific critical
band. As described in the MPEG 1 -9- standard, 26 critical bands are used
for a 48 kHz sanpling rate. The non-tonal (noise) conponents are

| dent {1 ed CoRRN9e REM Blng | BLLHR! L8%:R] LiMNE L AOIRARERIACRT ©

removed as Q6Scribéd A art process

| ogarit hm ccompefientsodre iduntifieddion thg spestrat tiaes rehiairdag uﬂéﬂtha tma:bompmrtmtsare
band are converted to |jinear energy values, sumed and then converted back
into a | ogafseeved@s 9gsEibed a8beNs-t o provi de the SPL of the new non-tonal
conmponent Xnoi se(k) corresponding to that critical band. The nunber Kk is

the i nde>sban gr;pe% Ozl]%f ofttﬁg pﬁggﬁy Alcekd 5. LTS gﬁﬁthhﬁgég‘%% L Fdrffaifh g@{)ﬁ&r dihe

critical enerati on proécess he ‘energy o

remai ni ng spaed wathirl eadScrividah banceafehcomeméd aﬁlmmmﬁegyevﬂumdmtedsarﬂpthem
to provide the new non-tonal compgnent XnOLS corres gthg to that
critical baferveredbaek intp a logaqthnyc pgwepyalpe tmpgqybdeoﬁlﬁoﬁ Ha obheyneyy aPpiteil i s
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decimate th uﬁm%%ftﬁé'gpééﬁgrﬁrgﬂ?é ‘ih@ ?H%Qﬁ%f&@%ﬁ‘n@ﬁtﬂaﬁﬁ s a
procedure t I's used to reduce e nu er of maski ng conponents that are
used to 1020 generate the gl obal ITB.SkI ng threshol d.

In the mask generation process 300, the energy of the remaining spectral lines within each

critical band are summed at step 306 to provide the new non-tonal component X, (k)

corresponding to that critical band:
Xnoise (k) = ZX(k)
k

15 for k in sub-band ». Only addition is used, and no exponential or logarithmic evaluations

are required, providing a significant improvement in efficiency.

The next step is to decimate the tonal and non-tonal masking components. Decimation is a
procedure that is used to reduce the number of masking components that are used to

20  generate the global masking threshold.

In the prior art process 200, logarithmic tonal components X, (k) and non-tonal
components X,,..(k) are selected at step 220 for subsequent use in generating the

masking threshold only if:

25 X a2 LT, (k) or X, (k)2LT,(k)

respectively, where LT, (k) is the absolute threshold (or threshold in quiet) at the

frequency of index k; threshold in quiet values in the logarithmic domain are provided in
the MPEG-1 standard.



In the prior art process 200, logarithm c tonal conponents Xtonat (k) and
non-tonal conponents Xnoi se(k) are selected at step 220 for subsequent use
in generating the masking threshold only if: 25 X a"Q (k) ?LTqg(k) or
x01. (k) >LTQ(k) respectively, where LTq (k) is the absolute threshold (or
threshold in quiet) at the frequency of index k; threshold in quiet val ues
in the logarithm c donmain are provided in,,the MPEG 1 standard. -10-
Decimation is perforned on two or nore th%T conponents that are within a
di stance of less than 0.5 Bark, where the Bark scale is a frequency scale
on which the frequency resolution of the ear is approximately constant, as

descri bed i i Visi ] [ . j

O it ol apgameith 3K BbrforHa bbb 8F nitire (GfAE oOEbRE BREG RN E RS bP
February 19kis thane0.6oBak, edwreothenBarki dchlet isea ffieginmsy soablessn mhidhefite fndxjuencyt he
smal | er conponent (s). .are renmoved fromthe |ist. of _ selected.tona
conponent s. Uﬂipﬁtheof‘ﬁéﬂ%%npa%m@t Y penstagpt-asislesribe IF%e%é‘FlFlffircléHde’éHﬂ” of

domai n is uggdspibp ﬁeﬂe%j?'}e‘&fx%é’iréo Brltal 59”‘%’8% %ti%f‘ﬁ%%ﬁr 8P ARidrfeaSvol.

300, linear conponents” are sel®&cted at step

X, 0=1( k) 5_LI%¥ R#8oFebryary 106) >TheTQEakormpvment WiklyBfechighest powieeis kapomhile the
et T R Pl U BT B TREoHL B

LTgE( k) =1016%4ratidal % 6KIimB diAdbw WEERitibA ban®BomhBliSLERARI S & Midth of 0.5 Bark.
denormal i zation. After denormalization, the spectral data in the |inear

energy domain are converted into the 20 logarithm c power donain at step

ogar thre Lo R gn 0B e niboueRE RSB R B P Db A 67

met hod descri bed above. This conversion is followed by normalization to the

reference
X“’""" (k) 2 LTQ'E(k) or X, (k) 2 LTq E(k)
where LI,E (k) are taken from a linear-domain absolute threshold table pre-generated
from the logarithmic domain absolute threshold table L7, (k) according to:
15 LT, E(k)=1 Ologw[LTq(k)—%JIIO

where the "-96" term represents denormalization.

After denormalization, the spectral data in the linear energy domain are converted into the

20 logarithmic power domain at step 310. In contrast to step 206 of the prior art process, the
evaluation of logarithms is performed using the efficient second-order approximation
method described above. This conversion is followed by normalization to the reference
level of 96 dB at step 212.

25 Having selected and decimated masking components, the next step is to generate
individual masking thresholds. Of the original 512 spectral data values, indexed by £, only
a subset, indexed by i, is subsequently used to generate the global masking threshold, and

this step determines that subset by subsampling, as described in the MPEG-1 standard.

30 The number of lines » in the subsampled frequency domain depends on the sampling rate.

For a sampling rate of 48 kHz, n = 126. Every tonal and non-tonal component is assigned




| evel of 96 dB at step 212. 25 Having sel ected and deci mat ed maski ng
conponents, the next step is to generate individual masking thresholds. O
the original 512 spectral data val ues, indexed by k, only a subset,

i ndexed by i, is subsequently used to generate the gl obal masking
threshold, and this step determ nes that subset by subsanpling, as
described in the MPEG 1 standard. 30 The gynber of lines nin the
subsanpl ed frequency donmai n depends on the sanpling rate. For a sanpling
rate of 48 kHz, n = 126. Every tonal and non-tonal conponent is assigned
-11- an index i that nost closely corresponds to the frequency of the

correspondi pg: : | i i gl i i
pect ol daparpd tefindst Gy Lorkodfofls Pl recienty of (E bpiEopRiing SRt e
non-tonal conthewoeginal (ileTbefeaé sidnrshmBingTfatGel dada.e t hen gi ven by the

foll owi ng expressions: !I--7 /[1..

LTmol[z(j),z(i)]=Xroar[z//I1lj]]+avm, al[z()1+of[z() ,zI(i)] dB

LT" of , e[ z(j Yhe individsalovagkiqg thresholisaifAoth jonai pad pyn-iqua) pomponatsanelieqi and

t he i ndex cgrgnesp&g%&g%i{,&@y&g%ﬁgﬁhglekﬂ@ssiﬁ{szwhi ch the masking threshold
i's

is generated"@fd j hat of a masking component; z(i) is the Bark scale

value of the i h spectral line while z(j) is that of theJth line; and
L et A P SR L T ), e
avro,,,, =-1.525 - 0.275 ¥ ,za(j)\ - 4. By, av =- 1. 535+@y 175*z(j)-0.5 dB
of is a masking funct mse[5{})(4@]ﬁsksﬁﬁg’i‘b%&iﬁlhﬂé{zﬁiz&a&%‘gteri zed by
different lower 20 and upper sl opes, depending on the distance in Bark

scale dz, dz = z(i)-z(j) In the prior art process 200, individual masking
t hreshollds aheregeRahatigdbxadorbpuhddn2tous ispgtral line, at which the masking threshold is

generated and ; is that of a masking component; z{i) is the Bark scale value of the i®
spectral line while z(;) is that of the /™ line; and terms of the form X[z()] are the SPLs

of the (tonal or non-tonal) masking component. The term av, referred to as the masking
index, is given by:
15
av,,, =-1.525-0275%z(j)-4.5 dB

av, . =-1.525-0.175*z(j)-0.5 dB

vfis a masking function of the masking component and is characterized by different lower

20  and upper slopes, depending on the distance in Bark scale dz, dz = z(i)—- z{(5)

In the prior art process 200, individual masking thresholds are generated at step 222 using
a masking function vf given by:

25 vf =17*(dz +1) - 0.4* X[z(j)] - 6dB, for—3<dz<-1 Bark
vf ={0.4* X[2(/)] + 6} *dz dB, for—1<dz<0 Bark

vf =—17*dz dB, for 0<dz<1 Bark

30

vf ==17*dz +0.15* X[z(j)]*(dz-1) dB, for 1<dz<8 Bark




a masking function of given by: 25 vf=17*(dz+1)-0.4*X[z(j)]-6dB,
for-3:5dz<-1 Bark vf ={0.4*X[z(j)]+6}*dz dB, for-1<-dz<0 Bark vf =-17*dz
dB, for O<-dz<l Bark 30 vf = - 17 * dz + 0. 15 * X[z(j)] * (dz - 1) dB,
for 15dz<8 Bark -12- where X[ z(j)] is the SPL of the masking conmponent wth
index j. No masking threshold is generated if dz < -3 Bark, or dz > 8
Bar k. The eval uation of the masking functjpn of is the nost conputationally
intensive part of this 5 step of the pritt art process. The masking
function can be categorized into two types: downward nasking (when dz < 0)
and upward masking (when dz >: 0). As described in Davis Pan, A Tutorial

MPEG Audi 0 Co I an, «JyEEE, J | MUl t [ ed 1 , :
maski ng 15 ORE SaD e e grpREaE SRRt N s e BB ey
only upwar d%élﬁfﬁiéd“ﬁdz%-g%%ﬁid}afz@esmk generation process 300. Moreover,

10 analy

further SIS shows at the second termin the masking function for
1:5 dz <8 Bark is typically approximtely one tenth of the first term

-17*dz. Co tly, t d.ter b f el ' ded.. .
Accor i ngl y 106 HEYARGR SSdoPats B BFuebYS: Docmo ReRLiacoRiGT DIaiar RSkl
threshol gs gty 0*5}1?5 tpgigr %i\it}?px’é@?gg'gﬁe $hd3RING BAKSHS 8410 Be TclegbhiedNREK KRG types:

function of as follows: z, 0<-dz<8 This greatly reduces the ,
conput at i ondéwhwad miikig (wlhant d&d i Hgndowavagd maskipgdmbedi drgz 0 Fhas desgsiRedin

i nd [ t difjied. f in th |
N
and is not JadnwaPMhdin® RaddnkideRBRN s Signiichet thih @pivatt askial. Cosseqingtly,

t hreshol ds have been generated, a gl obal masking threshold is
only upward masking is used in the mask generation process 300. Moreover, further

10 analysis shows that the second term in the masking function for 1<dz<8 Bark is

typically approximately one tenth of the first term, -17*dz. Consequently, the second term

can be safely discarded.

Accordingly, the mask generation process 300 generates individual masking thresholds at
15 step 312 using a single expression for the masking function vf, as follows:
vf=-17*dz, 0<dz<8
This greatly reduces the computational load while maintaining good quality encoding. The
masking index av is not modified from that used in the prior art process, because it makes
a significant contribution to the individual masking threshold LT and is not

20 computationally demanding.

After the individual masking thresholds have been generated, a global masking threshold is

generated.

25 In the prior art process 200, the global masking threshold LT, (z) at the i™ frequency

sample is generated at step 224 by summing the powers corresponding to the individual

masking thresholds and the threshold in quiet, according to:

LTg (i) =10log,, |:1 ot ZIOLTIM,;[ZU),ZU)} /10 + ZIOLT"m,g[z(j).Z(i)] /10:|

j:]_ J =]

30



generated. 25 In the prior art process 200, the gl obal masking threshold
LTg(i) at the i s frequency sanple is generated at step 224 by sunm ng the
powers corresponding to the individual nasking thresholds and the
threshold in quiet, according to: 11 LTg(i) =10do0go 10 T,c,, 110

+El OLr.,d[=(A=u" /10+t10° .U'[=(;).=cro /10] LL i=1i=i 30 - 13 where mis
the total nunber of tonal nasking conponepts, and n is the total nunber of
non-tonal maski ng conponents. The threshold in quiet LTq is offset by -12
dB for bit rates > 96 kbps per channel. 5 1t will be apparent that this
step is conputationally demanding due to the nunber of exponentials and

| ogarl thits {Rak 218 iR td ither of 1ddhf ol UBRHOALE r rr?g_fgégﬁ%&@nuﬁalﬂeﬁsf

eval uations are avo smaller terns not Us obal naski ng
t hreshol d Lign-fonkl ataskihg domripoherss)Elnc threshofd & igsieyéde naoédetaby —10 dBt fop 814
by conparing the powers corresponding to the individual masking threshol ds
and the thlfa&ﬂ%?fgkbmﬁfﬁﬂé%@e]as fol lows: LTg(i)=max[LTq(i)+max

t{LTro" QL[ z(j), z(i)]}+maxn=t{LTnoi se[z@,z(i)D 15 The | argest tonal

maski ng conponents and of non-tonal masking conponents are identified.
They ar e5t hRnwitbbpaippatent that ltHig (stdp isToempeationatty afermadndime dier e theahumber ef
sel ected as the global, nmaskjng threshold gt the i h frequency sanple. This
reduces co?ﬁﬂ??@fg‘l&%d Igg that agerya nse of occasional over

al l ocation. As above, the threshold in quiet LTq is offset by -12dB for
bit rates >_ 96 kbps per channel. 20 Finally, signal-to-mask ratio val ues
ar e gener at bdthatmaskegen26ion fprauess 390, dhese sweluationssare avhisled mindismablentesios ate

| evel LTnjn(n) in sub-band n {s determn b h ol | owi n .
m x(mt)used. The global maskllng t esholH1 L]eg?i) a%ltt € ?h I’requency s%nple is generated at
10 step 314 by comparing the powers corresponding to the individual masking thresholds and
the threshold in quiet, as follows:

LT, () = max|LT, () + max_, LT, oy [2 (1) 26)+ e’y (L Ty [2(i) 26

15 The largest tonal masking components and of non-tonal masking components are

identified. They are then compared with LT, (). The maximum of these three values is

selected as the global masking threshold at the ™ frequency sample. This reduces
computational demands at the expense of occasional over allocation. As above, the

threshold in quiet L7, is offset by -12dB for bit rates 2 96 kbps per channel.

20
Finally, signal-to-mask ratio values are generated at step 226 of both processes. First, the
minimum masking level LT, (n) in sub-band n is determined by the following

expression:
25 LT (n)= Min[LT . (z)J dB; for f()insubband,

where f(i) is the i frequency line within sub-band #. A minimum masking threshold

LT, (r) is determined for every sub-band. The signal-to-mask ratio for every sub-band



expression: 25 LT T,;,, (n) = Mn[LTg (i)j dB; for f (i)in subband n

where f(i) is the ith frequency line within sub-band n. A m ni mum maski ng
threshold L Tnmjn (n) is determ ned for every sub-band. The signal -to-mask
ratio for every sub-band n -14- is then generated by subtracting the

m ni nrum maski ng threshold of that sub-band fromthe correspondi ng SPL

val ue: SMRsb (n) = Lsb (n) - LTmn (n) 5 The mask generator 102 sends the
signal -to-nmask ratio data SMRsb (n) for eﬁ%h sub-band n to the quantizer
104, which uses it to determ ne how to nost effectively allocate the
avai l abl e data bits and quantize the spectral data, as described in the
MPEG 1 st an in
the art w thoie eral Wy SRRt Aok mRERERANR of thal AR homn B
her ei n desqmdmabmﬁﬁ@SPEﬁe%ence to the acconpanying draw ngs. - 15-

CLAIMS: 1. A mask generation process for use in encodi ng audi o dat a,
including: storing linear energy conponents of said audio data; 5
generating |linear masking conpo u sql,gcted ones of the stored
| i near energy conponents; genera g@“ﬁkgg%mﬁ52klng conmponents from
said |inéar nasking conponents; and generating a gl obal sking threshold
from t he | ofjar naskgenermoki (2gendOthe signaheanask @tio Aain&SMRgé’mrtffateﬂth rlrndgis

as claimed in claim1, wherein said step of generating |inear
to the quantizer 104, which uses it to determine how to most effectively allocate the

available data bits and quantize the spectral data, as described in the MPEG-1 standard.

10 Many modifications will be apparent to those skilled in the art without departing from the
scope of the present invention as herein described with reference to the accompanying

drawings.



maski ng conmponents includes: selecting a first subset of said |linear energy
conponents as linear tonal energy 15 conponents; generating |inear tonal
maski ng conmponents fromrespective ones of the selected |inear energy
conmponents by summi ng each of the selected |inear energy conponents with
spectrally adjacent ones of the stored |linear energy conponents; and 20
generating |linear non-tonal conponents bﬁ summ ng a second subset of said

| i near energy conponents in respective C Pti cal frequency bands; wherein
said | ogarithm c maski ng conponents include |ogarithmc tonal masking
conmponents and | ogarithm c non-tonal masking conmponents. 25 3. A mask
generationéaé$@ﬁ®§ as clainmed in claiml or 2, including generating sound
pressure | fomsaid |inear energy conponents using a second-order
Tayl or expansion of a logarithmc function. 4. A mask generation process
as claimed in claim1l or, 2, wherein said Iogaé%éh 1. c . 30 .maski ng conponents
are gener atledAunaskeacrgton REpcISIar usedp easodiagLQ g%‘Fa’o‘fm dingogari t hri c
function. -16- 5. 4 [ alged in claim3 or 4,

i ncl udi ng generatiﬁaﬁggﬁggﬁ%ﬁ§%%§8§§Pﬁgﬁ§§$?§§%%%%?ﬁ§ to an argunent of

sai d | ogarithnic fyaeritig liracmasingcorspondntsdryrsaiinsiog selatted ones ofdheistaesdl| or
expansion. 5 6. A mask generation process as clainmed in claimb5, including:
gener ating sallBeaiGReFEY CQBROWAle x for said argunent |pt, according to:

I pt=(1-x)2m 0. 5<lox<s i NG AihA% AaS@ELaRIAls oty bad liaxaansskay of the

form
components; and

generating a global masking threshold from the logarithmic masking

10 components.

2. A mask generation process as claimed in claim 1, wherein said step of generating linear
masking components includes:
selecting a first subset of said linear energy components as linear tonal energy

15 components;

generating linear tonal masking components from respective ones of the
selected linear energy components by summing each of the selected linear energy
components with spectrally adjacent ones of the stored linear energy components;
and
20 generating linear non-tonal components by summing a second subset of said
linear energy components in respective critical frequency bands;
wherein said logarithmic masking components include logarithmic tonal

masking components and logarithmic non-tonal masking components.

25 3. A mask generation process as claimed in claim 1 or 2, including generating sound
pressure levels from said linear energy components using a second-order Taylor

expansion of a logarithmic function.

4. A mask generation process as claimed in claim 1 or 2, wherein said logarithmic
30 masking components are generated using a second-order Taylor expansion of a

logarithmic function.



10 In(1- x) ~-x - x2/ 2 to approximate said logarithm c function as:
log,o(lpt) & [m* In(2) - (x + xz/ 2)] * logo (e) 7. A mask generation
process as claimed in claim?2, wherein said step of generating a 15 gl obal
maski ng threshol d includes selecting a subset of said |ogarithm c masking
conponents based on conparisons of said |ogarithm c masking conponents wth
respective linear threshold in quiet valugé, t he gl obal nasking threshol d
being generated fromonly the selected subset of said |logarithm c masking
conponents. 20 8. A mask generation process as clainmed in claiml1,

I ncl udi ng generating masking thresholds fromsaid |ogarithm c masking
conponents using a masking function of the form vf=-17*dz, 0:5dz<8 25 9.
A mask generation process as clainmed in claim7, wherein said step of
generating 8 Ahobkeigstkingotdss as blainted inelanteSords irvlnding genarmtiiignaim
conponents of said masking thresholds and pred terrine t.hreshol d val ues.
10. A mask gerormelisd valuscosrespondmedp g @rgumeat af taidlogapibymie finction, sd y5ine

masking 30 thy ! | to: -17- LTgo)=max[LTgo) +max~
,{LTtonai [z(] ;h,az(l H %Egen%ﬁv%ﬁ%ﬁ %ﬁ@?ﬁ?&?%ﬁ?ﬁg’ﬁ)]}] where i andj are indices
of | ogaristhm c power conponents, z(i) is a Bark scale value for

| ogarithm c_power conponent i, LT,.a, (j1, z(i.)] |.s a tonal masking

t hreshol d f Br Xe%gs%ﬁ?ﬁ@%&ﬁawﬂ%%ﬁ; ‘in_sgr‘fgﬁl“}dlﬁgr.,,,, [z(j), z(i)] is
a non-tonal maskg@;gerafﬁgwaﬁﬁmliwvahwafoktsmmapgmvptpmaﬁ@fos i andj, m
I's the nunber of “tona ' ogarithm c power conponents, and n IS the nunber

of non-tonal |ogarithm c power,  c onents., .11. A sk generation process
for use in encoding audi o dat a@vtrgglgﬁgfﬁg:o'SA—xdm

and using a second order Taylor expansion of the form
10 In(l-x)=-x—x*/2

to approximate said logarithmic function as:
log,,(Ipt) = [m*In(2) - {x + x* /2)] * log,,(€)

7. A mask generation process as claimed in claim 2, wherein said step of generating a
15 global masking threshold includes selecting a subset of said logarithmic masking
components based on comparisons of said logarithmic masking components with
respective linear threshold in quiet values, the global masking threshold being

generated from only the selected subset of said logarithmic masking components.

20 8. A mask generation process as claimed in claim 1, including generating masking
thresholds from said logarithmic masking components using a masking function of the
form:

vf =—17*dz, 0<dz<8

25 9. A mask generation process as claimed in claim 7, wherein said step of generating a
global masking threshold includes determining maximum components of said masking

thresholds and predetermined threshold values.

10. A mask generation process as claimed in claim 9, wherein said global masking

30 threshold is generated according to:



10 generating respective masking thresholds fromlogarithm c masking
conponents using a masking function of the form vf =-17*dz, 0<dz<8 12. A
mask generation process for use in encoding audio data, including: 15
generating a gl obal masking threshold fromlogarithm c maski ng conponents
according to: LTg (i) = max[LTq (i)+ max 1 {LTtonai [z(j), z(i)]}+ max J=1
{LTnoise [z(.1 ), z(0]}~ where i andj arf i ndi ces of spectral audio data,
z(i) is a Bark scale value for spectral” T he i, LTtonal [z(j),z(i)] is a
tonal masking threshold for lines i andj, 20 LT.... [z(j), z(i)] is a
non-tonal masking threshold for lines i andj, mis the nunber of tonal

spectral lines, and n.is t:l;e unber of non-tonal spectral |ings, 13,_37A nmask
generati on proceséTag)f Tr:jr*rH&Xé”‘u{ﬂwE&)u&ﬂﬁgmm{b@ahﬁz@ﬁgb d
| i near 25 energy corzgonents_ to ?ener ate logarithmc po¥§fr val ues for

i

respective froHifenEyndsiase nsageg of loganithmig powenepsrpaysnisr ati) i Bakcesls vakie

claimed in any.one of clains 1 to 12, wherein, saj;d process is an MEG I
| ayer 2 audio f%%@&éﬁnhﬁ'l’fﬁ%‘@%rs‘é’m%?n% H&MT@é)ﬁé@Hﬂ%? tongl magking Hseshelt 1 f or

ti t he st f f clai 1t . 16. A di d
havi ng conpondRiETI RS GORARING dpd ok ) 76l ds BPowianaasking 14, 10
17. A cogputer,rea | e storage nmedi um havi ng st.ored_.thereon program code
for exetuti nd ﬁ@ﬁ?ﬁ%%ﬁ@#%%@%%%@n J1 7413 the npmbepo SR gener at or
for an audio esseRifhic fo¥e c@iﬁﬁ&é&hﬁ?ﬁﬁ@h@Jth@ﬂﬁﬂﬂa_@xdoftlﬁn%ﬂﬁrla%ﬁi wer
maski ng conponents frominput audi o data, |ogarithm c nmaskihg conponents

from 15 sai d Icpm@anemiaski ng conponents; and a gl obal masking threshold from
the logarithmc

11. A mask generation process for use in encoding audio data, including:
10 generating respective masking thresholds from logarithmic masking components
using a masking function of the form:
vf=—-17*dz, 0<dz<8

12. A mask generation process for use in encoding audio data, including:
15 generating a global masking threshold from logarithmic masking components

according to:
LT, €)= max|L 2, () max Ly T g 20+ 8y e () 201
where { and j are indices of spectral audio data, z(;) is a Bark scale value for
spectral line i, LT, [z(7),z(¢)] is a tonal masking threshold for lines 7 and j,
20 LT, [2(7) z(i )] is a non-tonal masking threshold for lines i and j, m is the number

of tonal spectral lines, and » is the number of non-tonal spectral lines.

13. A mask generation process as claimed in claim 1, including summing the stored linear
25 energy components to generate logarithmic power values for respective frequency sub-
bands.



maski ng conmponents. 19. A psychoacoustic maski ng process for use in an
audi o encoder, including: generating energy values from Fourier
transforned audi o data; 20 determ ning sound pressure |evel values from
sai d energy val ues; selecting tonal and non-tonal masking conponents on the
basis of said energy values; generating power values fromsaid energy

val ues; generating maski ng threshol ds on {%e basis of said masking
conponents and said power values; and 25 Yenerating signal to nmask ratios
for a quantizier on the basis of said sound pressure |evel values and said
maski ng thresholds. 20. An MPEG 1-L2 encoder adapted to execute the masking

process of ¢} 3| fa1 generation process as claimed in any one of claims 1 to 12, wherein said

process is an MPEG-1 layer 2 audio encoding process.

15. A mask generator having components for executing the steps of any one of claims 1 to

5 14,

16. An audio encoder having components for executing the steps of any one of claims 1 to

14.

10 17. A computer readable storage medium having stored thereon program code for

executing the steps of any one of claims 1 to 14.

18. A mask generator for an audio encoder, said mask generator adapted to generate linear
masking components from input audio data, logarithmic masking components from
15 said linear masking components; and a global masking threshold from the logarithmic

masking components.

19. A psychoacoustic masking process for use in an audio encoder, including:
generating energy values from Fourier transformed audio data;
20 determining sound pressure level values from said energy values;
selecting tonal and non-tonal masking components on the basis of said energy values;
generating power values from said energy values;
generating masking thresholds on the basis of said masking components and said
power values; and
25 generating signal to mask ratios for a quantizier on the basis of said sound pressure

level values and said masking thresholds.

20. An MPEG-1-L2 encoder adapted to execute the masking process of claim 19,



