WO 01133718 PCTI SG9100109 A METHOD OF ENCODI NG FREQUENCY COEFFI Cl ENTS I N
AN AC -3 ENCODER Field of the Invention 5 This invention is applicable in
the field of an AC-3 Encoder, inplenmented on a DSP Processor and, in
particular, relates to a nethod of encoding frequency coefficients.
Background of the Invention 10 Recent years have w tnessed an unprecedented
advancenent W@ouB@so codi ng technol ogy. This has |ed to REEBGVEME? essi on
rati os whil e keeping audi bl e degradation in the conpressed signal to a
m ni mum Coders such ‘as the AC -3 (popularly known as Dolby Digital) are
i ntended for a vari ety of applications, including 5.1 channel film
soundtr acks, JEEYOREFENEGHIRG FREQURN &Y ERBFRICHENTEN AN ALS BYCODER! t he
AC- 3 Encoder Sta ard "ATSC D gital Audi o Conpression (AC 3) Standard",
Doc. A152/10, Nov. 1994 on to the firmvare of a DSP-Core invol ves several
phases. Fi rsﬁdd.%ﬁlﬁb‘?lg&?ﬁé‘d‘t I al conpression al gorithm bl ocks for the AC 3
Encoder have to be esi gned. After individual blocks are conpleted, they
are integrated into an encoding system 20 which receives a PCM (pul se code
nodul at ed) sStrhRafventiéd SOppEEbIENSE Uk ﬁaalofaamxus MEnc6ded) Bhplenithf2@ @5 DYP
t echni ques sych as transi ent de ctlon e ueng r ansf or tlon maski ng
and psychoagfﬂﬁ%sf‘?'é“%rrfﬁf’%?‘g” % b‘??)ﬂﬁ@ ‘5\‘% e § é%“r?f’rn t he
format of the AC-3 Standard. 25 The coded AC-3 stream should be . capable
of being dec ress any standard AC-3 Decoder and the PCM stream
gener at ed th%ﬁ?"%ﬁ%ﬁ”ﬁ@}i@bmar able in audio quality to the original
I nput stream |If the original stream and the deconpressed stream are
t ransparen (indistin ULSha le) in | bl e AV | & .l evel of
conpr essi oltn R?cﬁ%yﬁag%/hﬁ gpmaneg) n%??ﬁ%‘%%é’% %{np%gég&%%@ E SHEET
(RULE 26) WOh1¢d3@Higi8cdaiesS@0ard3 Ovb@okeeping audible degradation in the compressed signal

to a minimum. Coders such as the AC-3 (popularly known as Dolby Digital) are intended for

a variety of applications, including 5.1 channel film soundtracks, HDTV, laser discs and

. multimedia.

15
The translation of the AC-3 Encoder Standard "ATSC Digital Audio Compression (AC-3)
Standard”, Doc. A/52/10, Nov. 1994 on to the firmware of a DSP-Core involves several

phases. Firstly, the essential compression algorithm blocks for the AC-3 Encoder have to be

designed. After individual blocks are completed, they are integrated into an encoding system
20 which receives a PCM (pulse code modulated) stream, processes the signal applying signal
processing techniques such as transient detection, frequency transformation, masking and

psychoacoustic analysis, and produces a compressed stream in the format of the AC-3
Standard.

25 The coded AC-3 stteam should be capable of being decompressed by any standard AC-3-
- Decoder and the PCM stream generated thereby should be comparable in audlo quahty to
the original input stream. If the original stream and the decompressed stream are transparent
(indistinguishable) in audible quality (at reasonable level of compression) the development
moves to the third phase.
30
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In the third phase the algorithnms are sinulated in a high | evel |anguage
(e.g. © using the word-length specifications of the target DSP-Core. Mbst
comercial DSP-Cores allow only fixed point arithmetic (since a floating
point engine is costly in terns of area). Consequently the algorithmis
transl at ed wodsfigked point solution. The word-I| ength usedr/scesnensl | y
dictated 5 by the ALU (arithnetic-logic unit) capabilities and bus-w dt h of
t.he target core. For exanple AC 3 Enzeder on Mdtorola' s 56000 woul d use
24-bit precision since it is a 24-bit Core. Simlarly, for inplementation
on Zoran's ZR38000 whi ch has 20-bit data path, Fo-git %ﬁrem I on uId be
used. 10 If, IW@%%MF@W"W%%P@W)H‘?@% exgl JRneraes -8 prve

unaccept abl ewbxfas{&.t;m%ecﬁemﬂs of @tAthrigétiDSPLd e, FM&V bamﬁe"rcxhld)smeOMbhrempr eC| si on
al ways exists. Inthis case each piece of data, iIs stored a&mgroc ssed as

two segment sfm@mquagwaM%W%wedW%Y I, terms O AN - e cur acy
of i npl ement @t higékithrd xmwﬂtﬁ%bmcemun Sohidﬁfi mrwmm-nhgtmnah 1muqu|_veucm¢ gnd
menory requirement - e, precisign nu on & Ui or
more cycl e M?&Q.W@Wﬂi@%ﬁ@&??”&h“m"f‘ ﬁp‘?'gélt 8 dc}! ? on ]p%I\/AC)
requires onl a(ca EricB&r @n Mctérola's M0G0V aIId usémabinepreqmmmnms al24dirGuoi r es
twice the a of . st orage ac AC3

essentially Fféy tfﬂﬁfmlflﬂ%nfaﬁg‘h 200’ Oﬁ’ %gﬁgﬁégagkg%gﬁcyﬁt\?er b%g to
frequency dopradisiorcweaild beaiseht S dur| ng the first step of encoding. As

di scussed 20 earlier, the coefficients may be generated through a

si ngl e-preci sion or double preci sion conputation, whichever is considered
appr opr i atle. fEfuc lexampést, 20-bit grecisios indixcoveredhiocprevidestn ynpcosptalie level of sousdd an
exponent, a ntﬂxaﬁfgb I %a%gxoh % &k b ﬁ%@ﬁ]’&:ﬁ&?ﬁ%ﬁ @xises. hﬁ s easé’@cfl Biedelof ARE NS

|ntU|t|vetos nt1ssas sane or nore nunber of bits as _that used
to express thetoteémmsedmséwﬁ’?Fg@FQ!%ﬂOeréafl%mea’f"ﬁdssSﬁ?B#@?@? lepgth. Jbe 1 acy,
this i's not alweySeidliénenhtién HRMINIEADR BT B 0ot tmma@m@emand@wrh whi ch
is determined by“a bit allocation al gorithm which Ioballgd&ﬁ nes the
nunber of bi fequifesepe deutle grseisgion B‘“E‘Qhﬁ“ﬂ‘h?ﬂ“lds‘gﬂ‘“lfa T8 el Ste le, a

par amet r i qsnge@lionGhuliERion hd%EdiAch (MAV) réqaits cbeSsiniCpl. Mordier dbuble of dat a

menory in an AC-3 Encoder System 30 SUBSTI TUTE SHEET ( RULE 26)
precision also requires twice the amount of storage space.

AC-3 is a transform coder, which essentially means that the input time-domain samples are
converted to frequency domain coefficients during the first step of encoding. As discussed

20 earlier, the coefficients may be generated through a single-precision or double-precision
computation, whichever is considered appropriate. Each coefficient is next represented by a
mantissa and an exponent, and subjected to different encoding schemes. While it seems
intuitive to store mantissas with same or more number of bits as that used to express the
coefficients in order to maintain same level of accuracy, this is not always true. The mantissa

25 generally has a bit length which is determined by a bit allocation algorithm which globally
determincs-the number of bits to be assigned to each mantissa, based on, for example, a
parametric model of human hearing. The mantissas occupy about 30 % of data memory in
an AC-3 Encoder System.

30
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WO 01/ 33718 PCT/ S9J00109 -3 Summary of the Invention The present

i nvention seeks to mnimse manti ssa storage requi renents w'thout affecting
accuracy. 5 In accordance with the invention, there is provided a nmethod of
encodi ng, including: representing frequency coefficients in the formof a-
respective Wypisgt and mantissa; coding the exponentsb and shlftlng t he

mantissas to conpensate ing for changes in the exponent 8010 herein t he
10 exponents conprise an original exponent set (ea,e,,...,e ) whichis
mapped to a new exponent set (eO,e, .1) after codlng, so as to
satisfy: e ;+, - e, <D, where |—0 n 1 and Dis a maxi num al | owed

di fference Him ) [avergiopecut i ve exponents and e',se;. 15 Preferably,
nodi fyi ng t he nantlssas i ncludes right shifting the mant i ssas by a nunber
of bits corresponding to the changes in the associ ated exponent val ue.

Pr ef er abl y, Thehmesemdnvegtiof se¢ks @o enininise niastisss storaghl defdrements stithaisd diferging f
exponent vglues. followed 20 by grouping of the coded exponents according
to a predeternlned exponent strategy. SUBSTI TUTE SHEET (RULE 26) WO

01/ 33718 PCT/ S@9/ 00109 -4- Brief Description of the Drawi ngs The

i nvention i b gxanpl e only,
with refer éﬁé%gﬁ?ggwn%%éggv\?mﬁé]&s%' %\/ﬁyﬁ% q&enﬂxﬂ%lﬁ%@ﬁﬁé %Iu S€hemati c
represent ation 'GPWM@M@Q@K igigptsgy the dorm ofiy chpcctlve exponent and mantissa;

coding the exponents; and

shifting the mantissas to compensate for changes in the exponent values, wherein the
10 exponents comprise an original exponent set (e, é,,...,€, )

which is mapped to a new exponent set (g,’.e,",...e",,,) after coding, so as to satisfy:

|l€':ss- €' || <D, where i=0,...,n-1 and D is 2 maximum allowed difference between two
cosecutive exponents, and e';se;.

15
Preferably, modifying the mantissas includes right shifting the mantissas by a number of bits
corresponding to the changes in the associated exponent value.

Preferably, the coding of the exponents is a differential coding of exponent values, followed
20 by grouping of the coded exponents according to a predetermined exponent strategy.
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Figure 2 is a table illustrating mapping of a bit allocation pointer (bap)
to Quantizer. Detailed Description of a Preferred Enbodi nent 10 Li ke the
AC- 2 single channel coding technology fromwhich it derives, AC3 is
essentially an adaptive transform based coder using a frequency-I|inear,
critically swfikedgfi|terbank based on the Princen Bradegysddebiedonai n
Aliasing Cancellation (TDAC) J.P. Princen and A B. Bradl ey,

“Anal ysi s/ Synthesis Filter Bank Design Based on Tinme Domain Aliasing 15
Cancel l ation". | EEE Trans. Acout. Speech, Signal Processing, vol. ASSP-34,
no. 5, pp. 1153-1161, Oct 1986. The input to the encoder is a continuous
stream of di §refibes binaDRREnRl t her froma stored nedium (such as CD or
DVD) or directly romthe Anal og-to-Digital converter which 20 sanples a
musi ¢ signal at a continuous rate defined by the sanpling frequency. The

| Nnput st r eamThé invéhiiba 13 idrSfulbidesdribéd, B9 Q¢ bMEbnPliiiMRESRample baly DeitH refefengeCt i ON
it into franmes_and bl ocks .  and work on one frane at a tine. In AC 3 six

bl ocks of daf®®e &@Hes-dp W8l frane, are buffered before encoding begins.
So in area-tinme operation, while one frame is being encoded, the

' be t tted d formto the. decod 25
ecei vor) . wEIE L8 HERRRTFHERAIFIo B ARt PEREE SRRl The | nput

sanpl es AC- 3 Figorethis @ uaple iBuspatbgasppiog of 4 wnalocatiom poioter (baf) oo Quangipear i ng
finally in the AC-3 frame. The first step is the Frequency Transformation.
Each bl ock of di gltal sarrpl es is converted fromtine-domain to the
frequency doDsfailed Descrip Rreferred i - 30 of what is known as
frequencyEﬁpeffl cients. These coeffl Ci ent s may optionally go through

SUBSTI TUTE SHEET (RULE 26) WO 01/33718 PCT/ SG9/00109 5 coupling and
rematri xi ng b dicdAGaisingle esnned ceding technglogyframhwhigly it derives rAfe isoBsepdallyi ssa and
exponent. A by h@biRVishVibebdd {dié g3 RORARY NaP QB sampled B¥AbdnR Fi gure

1. AAC3 Encoder Syst em
based on the Princen Bradley Time Domain Aliasing Cancellation (TDAC) J.P. Princen and

A.B. Bradley, "Analysis/Synthesis Filter Bank Design Based on Time Domain Aliasing
1S Cancellation”, IEEE Trans. Acout. Speech, Signal Processing, vol. ASSP-34, no. 5, pp.
1153-1161, Oct. 1986.

The input to the encoder is a continuous stream of digital data obtained either from a stored
medium (such as CD or DVD) or directly from the Analog-to-Digital converter which
20 samples a music signal at a continuous rate defined by the sampling frequency. The input
stream is continuous but for encoding purpose it is best to section it into frames and blocks
and work on one frame at a time. In AC-3 six blocks of data, comprising a frame, are
buffered before encoding begins. So in a real-time operation, while one frame is being
encoded, the previous one will be transmitted in encoded form to the decoder (or any

25 receiver), while the next frame will be buffered at input.

The input samples AC-3 go through a process of transformation before appearing finally in
the AC-3 frame. The first step is the Frequency Transformation. Each block of digital
sammples is converted from time-domain to the frequency domain, producing an equal number

30 of what is known as frequency coefficients. These coefficients may optionally go through
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The maj or processing bl ocks of the AC-3 encoder 1 are shown in Fig.. 1. A~
brief description is provided below, wth special enphasis on issues which
are relevant to the subject of the present invention. 10 A 1 |Input Fornat
AC-3 is a block structured coder, so one or nore blocks of tinme domain
signal, typically 512 sanples per block and channel, are collected in an

i nput buf f EVOREBHBe proceeding with additional processFRYSCHEBNY 5

Transi ent Detection A signal block for each channel is next analysed with a
high pass filter 10 to detect presente of transients by detector 11. This
information is used to adjust the block size of the TDAC 20 (tine domain

al i asi ng cagﬁhﬁﬁm%t&mg ﬁ'erforpﬂflig cdn@etlel itfhemg polA Yol bf PEnBA HE

assocj at ed e transirent within a snmall tenporal region about the
transi ent. Expopsnkdiebrief ovstview o8¢ AfRt3 anppdingpracessii JpeHp ?"o"?‘g‘%ﬁéf channel in the
encoded bit streamin the particular audio block is set. A 3 TDAC Filter
25 Each channel's tinme domain input signal is individually w ndowed and
filtered wi AMG3 Eppyder BUteBY anal ysis filter bank 12 to generate frequency
domain cogfficients. If the biksw bit is set, neaning that a transient was
detected for the block, then {wo ort transforns .of . l.en 256 each are

t aken, whi chbemAGrPIRoessing plge Béfﬂ%‘ﬁéT engodes L s YAWR lﬁﬁé éﬁbéﬁé%§°t1p?°%ot set,
30 a singl eislpiviied balovs, withSpeial blpigsih orbibshes whitlnkre relgvatthe the Isybjqor afthedi ng a

hi gh spectral resolution. SUBSTI TUTE SHEET (RULE 26) WD 01/ 33718

PCT/ SGO9/ 0OATGE™ 8™ Coupl i ng Further conpression can be achieved in AC 3
by use of a technique known as coupling at coupling block 13. Coupling

t akes advan e gf. t way the human ear determines 5 directionality for
very higﬂﬁféggﬂgﬁgvngﬁbnals. At hi gh audi o frequency (approx. above

AC-3 is a block structured coder, so one or more blocks of time domain signal, typically 512
samples per block and channel, are collected in an input buffer before proceeding with
additional processing.

15
A.2 Transient Detection

A signal block for each channel is next analysed with a high pass filter 10 to detect presence
of transients by detector 11. This information is used to adjust the block size of the TDAC
20 (time domain aliasing cancellation) filter bank, restricting quantization noise associated with
the transient within a small temporal region about the transient. In presence of transient the

bit 'biksw' for the channel in the encoded bit stream in the particular audio block is set.

A.3 TDAC Filter

25
Each channel's time domain input signal is individually windowed and filtered with a
TDAC-based analysis filter bank 12 to generate frequency domain coefficients. If the blksw
bit is set, meaning that a transient was detected for the block, then two short transforms of
length 256 each are taken, which increases the temporal resolution of the signal. If not set,

30 a single long transform of length 512 is taken , thereby providing a high spectral resolution.
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4KHz.), the ear is physically unable to detect individual cycles of an
audi o waveform and instead responds to the envel ope of the waveform
Consequently, the encoder conbines the high frequency coefficients of the

i ndi vi dual channels to forma comon coupling channel. The original
channel s cog@pishst © form the coupling channel are call %}s%’,&?&pl ed
channel. 10 A5 Rematrixing An additional process, rematrixing, is invoked

at 14 in the special case that the epcoder is processing tw channels
only. The sum and difference of the two signals fromeach channel 15 are
cal cul ated on a band by band basis , and if, in a given band, the |evel

di sparity bet.#€euplinge derived (matrixed) signal pair is greater than the
corresponding | evel of the original signal, the nmatrix pair is chosen

i nstead. More bits are provided in the bit streamto indicate this

condi ti on, iFurthez cpmpression ganei achietel dn A€cujewse pEa feohnigreknowmpd @oplitigar y

unmat ri xi ng | t t L gi ' T Soatrix bits
are omtted c?@?%%‘%gggd%gﬁgﬁg% 2‘89%%&%%?@4 t"’%%ﬁﬁ?\l?g‘“a“rﬁﬁ JIi)ene 't of this
t echni que 3 giredugralify; for ety drighdfrequency giganls.uAtrhigh iavdio iffequeney (agprondabdvesi gnal s
are SubsequeRihy, dL o GSpiflcaly ufatfEPH deibor SHVIBHIE RS OF PAGo-walkiln B 0! bY

Prol ogi ¢ decoder. version to oat1 ng Padin e trans med

val ues, whi EBeIrSPRAS &0 e envelgerf teawayeform. Gonsequentipl the encpdes cembines ahee

converted t pighfréqwesdyf dobrfitibiPdfitiRlndiPitnl cHaBiMIOS Eotined dofifnon/cBiptihg EXdbne N
separate arﬁ%‘g_. of exponents and mantissas. This floating gm nt

ar r angenent epmbed, i3, forms the coypding elannelare, callpdihe cougled ghaanet o di ng

process, wntil just prior to the decoder's inverse transform and provides
144 30 dB déﬁ C r.a.nge, as well as allows AC-3 to be inplenented on either
fixed or fl APBPRT SUBSTI TUTE SHEET (RULE 26) WO 01/ 33718

PCT/ 329/ 00109 -7- hardware. Coded audi o information consists essentially

of separat €ah %’Jit?c?ngmrggés(? pem%&ix&nrg]?is Ei\r)l(\gge%eart] t14 ?nnlge special case that the encoder is
processing two channels only. The sum and difference of the two signals from each channel

15 are calculated on a band by band basis , and if, in 2 given band, the level disparity between

the derived (matrixed) signal pair is greater than the corresponding level of the original

signal, the matrix pair is chosen instead. More bits are provided in the bit stream to indicate
this condition, in response to which the decoder performs a complementary unmatrixing
operation to restore the original signals. The rematrix bits are omitted if the coded channels
20 are more than two. The benefit of this technique is that it avoids directional unmasking if the

decoded signals are subsequently processed by a matrix surround processor, such as Dolby
Prologic decoder.

A.6 Conversion to Floating Point

25
The transformed values, which may have undergone rematrix and coupling process, are
converted to a specific floating point representation, resulting in separate arrays of exponents
and mantissas. This floating point arrangement is maintained through out the remaining part
of the coding process, until just prior to the decoder's inverse transform, and provides 144

30 dB dynamic range, as well as allows AC-3 to be implemented on either fixed or floating point
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manti ssas arrays. The remai ning codi ng process focuses individually on
reduci ng the 5 exponent and manti ssa data rate. The exponents are
extracted at block 15 and coded at 17 using one of the exponent coding
strategies 16. Each mantissa is truncated to a fixed nunber of binary

pl aces. The_nunber of bits to be used for coding each mantissa is to be
obt ai ned frBMO%33I% allocation al gorithm 10 which is bad&A’SEMOMR nmaski ng
property of the human auditory syste i.e. psycho-acoustic analysis 18,
followed by bit allocation 19. A 7 ponent Codi ng Strategy 15 Exponent
values in AC-3 are allowed to range fromO to -24. The exponent acts as a
scale fact dwidfe. €ach manti ssa. Exponents for coefficients which have nore
than 24 | eading zeros are fixed at -24 and the correspondi ng nmanti ssas are
all owed to have | eading zeros. AC-3 bit stream contains exponents for

i ndependent, . ] i tion
may be sharéﬁﬁggggggmgﬁggtgﬁﬁﬁﬁﬁ?%hgﬂ¥ﬁgﬁg?ﬁggqgﬁﬁgﬁgm?@?%?%ﬁgﬂLg&g:y

reuse expondpintissisy graypHr Ehe rrginingoroding pagsess BOguser éndividupliy smvireduripg thepl oy's

di fferentiflexgonelic 26l hambaiastigate.i N Whi ch the exponents for a channel are
differentially coded across frequency. The first exponent is always sent as
25 an absol ute value. The val ue indicates the nunber of |eading zeros of
the first tmansipoisiisaRedxirhciddin blociSLICAnR $6ded @t EXRMZIE S diE Expddit ccling

differential valu i ch nmust be added to the _prior expgpent value to
form t he neff2%EEE g?sil s wpgfaped to ’éedd'f"lnp“él"éﬁ‘f’frﬁlplaé?fc gee‘ﬂ‘“}??p‘gnent s are

next conbi néils forte @serfotigdding tivh rEnfssP isng be shiinefrédy a ba3Lllocudion bigbliremt hr ee

met hods: 5. and 5., These to her with 'reuse'.are referred to
SUBSTI TUTE WS bl b Bl el S Bl et ol 5438 £ 5eh Akt

strat egi es. anklysis A8 rfbldawed by bixt plinemivnd9i n each group depends only on the
exponent strategy. In the Dis node, each group is fornmed fromthree
exponents. In D45 four exponents are represented by one differential.

val ue. Next A-%Exponent Ending Strategy such representative differential values are

grouped together to formone group. Each group always conprises of 5 7

bits. In case the strategy is 'reuse' for a channel in a block, no
exponent slaE¥pogent yalpesin ﬂ&ét are allowed to range from 0 to -24. The exponent acts as a scale

factor for each mantissa. Exponents for coefficients which have more than 24 leading zeros

are fixed at -24 and the corresponding mantissas are allowed to have leading zeros.

AC-3 bit stream contains exponents for independent, coupled and the coupling channels.
20 Exponent information may be shared across blocks within a frame, so blocks 1 through 5 may

reuse exponents from previous blocks.

AC-3 exponent transmission employs differential coding technique, in which the exponents
for a channel are differentially coded across frequency. The first exponent is always sent as
25 an absolute value. The value indicates the number of leading zeros of the first transform
coefficient. Successive exponents are sent as differential values which must be added to the

prior exponent value to form the next actual exponent value.

The differential encoded exponents are next combined into groups. The grouping is done by
30 one of the three methods: D15, D25 and D45. These together with 'reuse’ are referred to
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channel and the decoder reuses the exponents |ast sent for this channel.
Pre-processi ng of exponents prior to coding can |lead to better audio
quality. 10 Choice of the suitable strategy for exponent coding forns a
cruci al aspect of AC-3. D15 provides the highest accuracy but is lowin
conpr essi on; other hand transmtting only one ex for a
channel in %@P&gﬁe (in the first audio block of the frggg’?&fﬁ@%
attenpting to 'reuse' the sane exponegts for the next five audio blocks,
can lead to high exponent conpression but also sonetines very audible
distortion. 15 A.8 Bit Allocation for Mantissas The bit allocation

al gori t hm analeygongn ﬁd%&gﬁﬂmxb adhbed aﬂabaﬁﬂs Bifeadt RouplipeadsSingynoal thdxpétignic 0ded,

wth respect to S ects :ieterm t he nunb of bits to assign
PRI e T i TS R A e © PXRRRDA T pe? Foup FRPORsO

al l ocation ige rrsgﬁ&sm&m,e@né ‘axfﬁ?enﬁﬁrwfaﬁfe”mxt %r@ep%dsé'cnﬁﬂz g ERSRMRe Of

channel s as an ent| froma connon pool he bit allocation routine

contains a es ASRFPURGH taggther mﬁm OREERPYPY &a?hcﬁ""@s“ﬂ"f’%?‘?%msepfn oi se

level thres hnhd In@é%?ﬁﬂ%&ﬁéhyﬁ#‘ réusé' 54 dhdithePin albIRRUE ExYoneHt hieRerit ¢RARAL €S
audi bl e fron}l 25 |n§ud| bl.e ectral conponents. Various paraneters of the

hearing noddPaiegiad, §8ﬁ°ﬂ"§t'8 eg e eipansafs dastsept QB ANS ARG upon t he si gnal

characteristic. For exanple, a prototype maski ng curve is defined in terns
of two piece W .se conti ’IUOUS|II’IES nme with its own slope and
y-intercept. r 6‘°‘§ss“)§c‘¥ﬁ1‘%\é‘ RN Ay gﬁcﬁhﬁi‘f‘gg’&“% Al SHEET (RULE 26)
WO 01/ 33718 PGI/ S&9/ 00109 -9 Suppose the frequency coeffici ents generated
Dy e woR bl 6 1PN sk Plof Sk AP ccalBoroF HLARYSRL: 6 SY S whi cf

gener ates t hese coefficren t1Ton here a
assumed t haiproaidks mmgﬁemmmcymlma iR EdBnpeSGioH. m&hmeehiml&hﬁsﬁnmﬂgm corrpar ed

to an engi n%ne Xxmplox(l:erx}t ge(t) > TP’?‘nleésflrm% dnntfhc ?'Ir t audio %fock o? Hme frame) and

attempting to 'reuse’ the same exponents for the next five audio blocks, can lead to high

exponent compression but also sometimes very audible distortion.
15

A.8 Bit Allocation for Mantissas

The bit allocation algorithm analyses the spectral envelope of the audio signal being coded,
with respect to masking effects, to determine the number of bits to assign to each transform
20 coefficient mantissa. In the encoder, the bit allocation is recommended to be performed

globally on the ensemble of channels as an entity, from a common bit pool.

The bit allocation routine contains a parametric model of the human hearing for estimating
a noise level threshold, expressed as a function of frequency, which separates audible from

25 inaudible spectral components. Various parameters of the hearing model can be adjusted by
the encoder depending upon the signal characteristic. For example, a prototype masking curve
is defined in terms of two piece wise continuous line segment. each with its own slope and
y-intercept.

30 B. Accuracy Demands on Mantissa
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Suppose L=8 and a particular coefficient is ¢ = "0010 0000". It is then to
be interpreted as (0.0100000)2, i.e. in tw's conplenent floating point
format. Also note that (0.0100000)2=(0.250..),0 and (1.0000000)2=(-1),0,
where subscript 10 nmeans the equival ent nunber in the decinmal system 10

When these gRffikiAsents are converted to AC-3 floating %ﬂ&g&t of
ements 1 or

exponent and nmantissa, the corresponding |length requir accurate
representation of mantissa and exponent are L and [jog2Ll, respectively.
Conversion of a coefficient (c) to mantissa (m and exponent (e) wll
proceed in two steps on nost_ Fixed-Point DSP processor. In the first step
15 t he nunbe¥uppise the fgtusacy ceefficients gengsatedhyrthd EDAG Silter-Pank agn L bisulansJhenes (i f
nunber i s nNegallyel te sRefShiGgeikehd sRB Blfcitdsis ﬁampa@afonhébﬁumfawiﬁsa I's

obt ai ned by renovi ng I'eadi ng-zeros (or ones)_ by the process of
nor mal i sat i ot assumgd thap all cpefficieapvalyer are JprutFaig Wato L bits, jwhen spmpagseih3n engiog t het i ¢

left shift opgépdofiphtes THACsHE Snfinkte pleGisigmove exanple, a= 1, m= "0.1000000"
20 At different points in the AC-3 encodi ng process whenever the exponent

val ue need? to be changed, correspondi ng changes are made in the mantissa
val ue. The fgupgike 586 AndpaiticulaScobifiCient &% OO0 00OTH RGs théh tb bEirtprete@hs Exponent

Codi ng on ' Accuracy, 25 I n exponent, codi.ng, as tioned earlier,
gr oupi ng slc\:/ﬁgmé hl&s BB Sngfnplﬂﬂgma QRUnBEPRIRE ™ fortnaty o AR PP A gr oup
of exponent 0.61000003,51(@ 330\),g4hd [l 0000@00% =00}, wherb subscriptiOSmeansihel equivalefir f unct i on
F[e] of all exgﬁq_ne%éec.e §si ei+l,..) that are within the group. It is
based on a SFAPTAT WEFSTON 6Tt he fol | ow ng theorem 30 SUBSTI TUTE SHEET
(RULE 26) 16AD 01/ 33718 PCTI SG39100109 -10- Theorem Let m= (nz pzln2..m

-1)2 and’ e Bfen" GSRGEIHUEHY sre! BiveBINd 283 ABGRSHRRN Rthat SPLESER iAY t he

mantissa, the corresponding length requirements for accurate representation of mantissa and
exponent are L and Eog,L], respectively. Conversion of a coefficient (¢) to mantissa (m) and
expornent () will proceed in two steps on most Fixed-Point DSP processor. In the first step

15 the r-mmber of leading zeros (if number is positive) or leading ones (if number is negative)
is detected to obtain the exponent. The mantissa is obtained by removing leading zeros (or
ones) by the process of normalisation, i.e. m=c< <e (the operator < < is the common
arithmetic left shift operator). Therefore in the above example, e=1,m="0.1000000"

20 At different points in the AC-3 encoding process whenever the exponent value needs to be
changed, corresponding changes are made in the mantissa value. The first such point is the

exponent coding.

B.1 Effect of Exponent Coding on Mantissa Accuracy

25
In exponent coding, as mentioned earlier, grouping schemes such as D15, D25, D45 and
REUSE may be utilised. A group of exponents are represented by one single value. This
value is a function F[e] of all exponents (e = ei,ei+1,..) that are within the group. It is
based on a similar version of the following theorem:

30
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coefficient ¢ such-that c = m > > e (> >is arithnetic right shift).
Mantissa mis assuned 5 to be in normalised form that is m= O In2n8...
(for +ve nunbers) and m= 1.0Om®2rn3... (for -ve nunbers), when midO If the
manti ssa bits transmtted as mMOm ,mM2m 3... m41 are always interpreted by

receiver (woowdnas) as mo .nm,m2m,... (in twos conpl ecesceseers), then
the coding of exponent e as 10 e' where e'se can always be conpensated by
right shifting the mantissa by I | ew- e , 11, which has sane effect as

prefixing the transmtted mantissa ma mn2..n.1 withi Je - e | J

| eadi ng zeros (for +ve nunbers) or |eading ones (for -v nunbers). Coding

t he exponentTheore®s e where e'i > e, may result in |loss of information. 15
To qualify the last statenment in the above theorem suppose m= "01000000"
and e=2. Then c¢ = (0.0010000) . If e=2is changed to e’ =1 and mantissa is
adj ust ed t o g = =(@gump ok and ¢ ba, gespesived, Ehedpantiysa and expanery rgpresentingfhe)0000" >
>l = "00010Q0&cien: & LchBRarl0Q0R)> > é & Stik bhithmbdtQightsNen). Maniissadn isassuanged to
e' =3 no adjustnent in the nanti ssa can ¢ ensgte for ;tgPe 20, change
(right shi¥tq f§ % RATeisernfoam; #hah fay i i \Pep”ggn‘oe or EHiMAPEH YEoMoTer f 1 ow) .
Based on t hq.omay.efdrbeiunters) Weenkioue which will be best representative of
a group of exponents is the mninumof all elenents in the group, i.e.

Fl[e] = mn(e;,e;41,.). For any elenent e,, in the set (e;,ei+l,.), el

tF[ e], and ifrhemantisia lBasranenitddads negh' e imip nin' o irencsimgys Sgepreaedy rasiverot | ead
to error. 1N K to the estion of IS onent
codi ng, itca%lﬁqd%) gg’éﬁf Hae" *t mh%’%sdc aﬁ'ﬁ%ﬁﬁ%i’?@ ’g‘?%g{"?%f’%g'?%{;ﬁ s due to
exponent U elhane ¢’<t laen alegrsdiecvmpepsatednby righo shifing themmantissy &hblal de'thb gr eat er
than L by the; f [ o L edr I Nt.he; ;30
gener al Cas%cﬁ%@ﬁ%ﬂaf&%ﬁ% 'I’%é}-l ng s tﬁ%ﬁ"ﬁ’g{;}’"_ﬂ%g@g}snﬁnul i ch

mant i ssa unéedingieres 7K +veumdars) myiediap PRy (foRYImEmbesy). Caaing thexxgongnt ¢; as

PCT/ S99/ 0010Qhere 1> inkdy bR ¥h 1R3PGF iRfPrdiiok.Ni s case therefore is some
specific peculi arify about mantissa“accuracy that we note here. The

mantissa is fornmed by renoving | eading zeros (or ones) fromthe L
; 15

To qualify the last statement in the above theorem, suppose m="01000000" and e=2. Then

c = (0.0010000), . If e=2 is changed to e' =1 and mantissa is adjusted to m'= "00100000",

the coefficient c = m' > > €' = "00100000" > >1 = "00010000" = (0.0010000), is still

the same. If e=2 is changed to ' =3 no adjustment in the mantissa can compensate for the
20 change (right shifting m will make it a negative number, equivalent to overflow).

Based on the above theorem, the value which will be best represemtative of a group of

exponents is the minimum of all elements in the group, i.e. F{e] = min(e,.e;.,,.). For any

element e, in the set (¢,.€;,,,.), &; 2F[e], and this will ensure that adjustment of mantissa does
25 not lead to error.

Coming back to the question of mantissa accuracy upon exponent coding, it would seem that
to hold mantissa bits after adjustments due to exponent grouping, the register (or any storing
entity) should be greater than L by the number used for shifting. This would be true in the

30 general case, but since exponent coding is the first process in which mantissa undergoes any
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bit long coefficient and is stored in an L bit long register. If n |eading
zeros are renoved, then n zeros would be shifted into the isb (Il east
significant bits). Since mn function is used S to choose the
representative exponent, it is only these zeros shifted in at |sb that

woul d at  nRglyyesl d be Tost. Therefore a L bit |ong regigis@iomospe 2dequat e
to store mantissa at this stage. B.2 Effect of Exponent Reshaping on

Manti ssa Accuracy 10 The differentialjjcodi ng of exponents with a limt on
maxi mum al | owabl e di fference between any two consecutive exponents may
result in signal distortion. The differential-constraint my force sone
exponent s t cadiustmentchadisct ip this casel tlmefbarigsemetsmmcipmliuity ghoutinantishaiacaragy her s may

be restrict gyl nﬁﬂkﬂé g'hé‘H.Eﬁ%EEa Rifle nrgfi-ex%h B#ding zlx%s?&;b%sgrr@% 4 t heorem

above, an exponent coO to a v an the ori oes not
resul t in arpjtlong eneffigientnnd fisssared inendybit longiregisikp dfve lerding:zeresi ase kemovad, a | ar ger

val ue may r &fddlof zerok Qo b iHifd! iftB tleQSi(east MpnitiBinEbils). Q‘fmcE S ARkl ids8Pr |t hm

which attenpts to prevent this information |oss, to map the original
exponent s ¥ do ghae r@@sena#wmt dtie puly these #mymﬂgﬂhm a {sh thap would at

di fferenti alpdsOisuld wiled. mé’r@fo@m%%n% Rgise¥ is AdeGidte (6 ¥BRMBMLRa 218s stage.
(eo, e, ,e2.. e .,). The reshaping algorithm nust map these exponents to a

new set (e0e1,e2 e .-i) such that 1. e ,+,-e i ~<Di =0...n-1.

Here, Dis tgme mécm:@bh@mdslﬂbﬁnéeﬁmﬁssbwcw two 25 consecutive
exponents. Satisfying this condition essentially is equivalent to
satisfying the differential-constraint. 2. e ;s ei, for i=0. ..n-1. If
t hi s condi@ maediffaremiat d¢oding efkxpdrems whly a tilhiz on aﬂxmhmaﬂowmb difiérecerbétivesn | 0SS

oceurs. 30 YRS TG HEER OO 25) WO AHAAEE PRTISGRL0000,,,- 12 AT ter

t he exponenfm ave peen ues pon Hant i ssas
are adj ust esly facecomperpemtie td Ercodddao g ivalnglergeShactge eriginad, while oﬂttslmayl nvol ves

only right gDidkdicd «olsdtter number than the original.

15 Accbrding to theorem above, an exponent coded to a value smaller than the original does not
result in any information loss. However, an exponent restricted to a larger value may result
in information loss. The intent of reshaping aigorithm which attempts to prevent this
information loss, is to map the original exponents to a new a set of values such that they
satisfy the differential-constraint.

20
Suppose the original exponents are (e,.€,.€,...,€,,). The reshaping algorithm must map these

exponents 1o a new set (e',e’'y,e';...,e’',) such that

1. }le'is-€'] | <D,i=0...n-1. Here, D is the maximum allowed difference between two
25 consecutive exponents, Satisfying this condition essentially is equivalent to satisfying the

differential-constraint.
2. e'is e, for i=0...n-1. If this condition is satisfied, then by theorem above, no information

loss occurs.
30
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mantissa. If originally the mantissa was stored in L bits, the adjusted
manti ssa would require L+ (ere') bits. 5 B.3 Effect of Quantization on
Manti ssa Accuracy In AC-3, all nantissas are quantized at quantisation

bl ock 20 prior to packing at 21 for storage or transm ssion Quantisation

i s perfornmeWOOY3xsf i xed | evel of precision dictated by t¥ea/scbduoroe
corresponding bit allocation pointer (bap). Mantissas quantized to 15 or
f'ewer |evels use symetric quantizatlfon. Mantissas quantized to nore than
15 | evel s use asymmetric quantization which is a conventional two's

conpl enment r I tized nt,ssa val ues are grouped

t oget her an‘éﬁ%ntg%%g%&?ﬁﬁﬂgv%égg% ﬁE%gtgd"é’V\ovr £s-s k‘g PP ﬂ%d?%a@%n%f)% e 3-1evel
quanti zer, @jugtedita fampensate|forche changeg Simcpeds gaghis iryplvesnahly dginshitnfed by a
5-bit code [ t. - e uanti zer, 3
quantized va fj%gf%llgfénéﬂmg?'g@&%r tsglo%f-‘{l]g\?g'?ﬁ%tfg tlg‘iz]rg?n?isif%ﬁg{ W& val ues
are groupedbhidre’epitsesented by a 7-bit codeword. 20 The table of Figure 2
i ndi cat esswhi ch quantizer to use for each bap. If a bap equals 0, no bits
are sent for the mantissa, Gouping is used for baps of 1, 2 and 4 (3, 5
and 11 | evdl3 qEfent pfQuantization qmMaptissas Acenracypoi nt to note fromthe table is
that only leading 16 bits of mantissa are, at best, finally transmtted to
decoder. T eré&feé)r, if up till quantizatjon stage, most significant 16 bits
of manti ssad 432l MRSt gre quantizet ¥ quantisation block 20 pEptoRgekingatZfos m does
not ef fect siokge orimenibsivy Qhitisitiol is pdorlelBRTd filel fevedlobrlcidi-didarefdy M0 01/ 33718
PCT/ 86994 0109 “@D Manti ssa tgrgﬁg‘_ Requi renments in AC -3 Based on the
previ ous afgl §ef it AYRHOPLPqpter, (Bpm)- Memrissas qupntized o 45 or feyvepilqvels usdr at e at

symmetric qQuantization. Mantissas quantized to more than 15 levels use asymmetric

quantization which is a conventional two's complement representation.

Some quantized mantissa values are grouped together and encoded into a common codeword.
15 In the case of the 3-level quantizer, 3 quantized values are grouped together and represented
by a 5-bit codeword in the data stream. In the case of the 5-level quantizer, 3 quantized
values
codeword. For the 11-level quantizer, 2 quantized values are grouped and represented by a
7-bit codeword.
20
The table of Figure 2 indicates which quantizer to use for each bap. If a bap equals 0, no bits

are sent for the mantissa. Grouping is used for baps of 1, 2 and 4 (3, 5 and 11 level
quantizers).

25 The important point to note from the table is that only leading 16 bits of mantissa are, at best,
finally transmitted to decoder. Therefor, if up till quantization stage, most significant 16 bits

of mantissa are faithfully accurate then mantissa storage mechanism does not effect the
encoding quality.
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guanti zati on stage, additional accuracy is not required. .5 In section B, it
was noted that after the TDAC Filter-Bank stage, the coefficients are L bit
|l ong. Normal PCMis 16-bit so L is normally nore than 16, to provi de good
accuracy of representation in frequency domain. For a 24-bit DSP, L would-
be probably (24 .hgle precision) or 48 (doubl e precisi a 16-bit
DSP L Iikewvi%?lisv%gl d be 16 or nost likely 10 32. Afterlp%emg@éﬁici ent is
converted to mantissa and exponent, tfie storage size (in bits) of mantissa
needs to be decided. Let's proceed backwards to get an answer. At

guanti zation stage at best, nost significant 16 bits of mantissa is
needed. Pri ap. t oMahfidsa Stor£péRRgainémehts in @HBApi ng. Si nce adj ust ment of

manti ssa after reshaping involves only right shifting, 16 bits of mantissa
before adjustnment is all that. is needed. During exponent coding, as
observed edabkddesn tha@eavious amlykis Sl dtiserves thanify tha | thanvisab. ard HE bifadtudgte an al |,

af ter Frequency. ‘I;’r’z]insfeogéﬁtoi n 16. bi gse alg sufficient for storing

mant i ssas. guﬁﬁ"’%p, S SEHrRY PSROLIEQUIE s ¢ i ent for stori ng manti ssa
fromthe pbint it is generated from coefficients, to the point it is
quanti zed a Ot - ol i G I'l's on
two things. Ii"glselrggfl}(?gt f’%ﬁé‘@@&?‘é@‘%%@ﬁ%ﬁ%ﬁ#' a%ggg?ﬁéﬁgg%wﬁt sel f.

| f the coef fangi Notmal PGMsis 46-bit sabyis hasmallyt tem than 16 cleprdyidegood arevradytofdoes not
25 matter Velyesdiaidn W Gbdbehcy dofmain ' RGCH AR DB%»,t £ @Jufdfnf%_t,s}wa@ny% @ingear ded.

Assum ng the f.r.ec;uenc tTansSformation generates coefficients acclrate
beyond si xt BEfisiBpE48 éPHb&Pf%’ﬁ@B]- Forrel 6 bt DSP e dikgyrises Wowd be 1oor sostdikelyi ssue i s
how many fj 88 of mantissa are finally packed into the ACC3 frame. Since in
t he best case a maxi mum of sixteen mantissa bits may be packed and in the
wor st case (due to masking or low bit-rate constraints) zero bits may be
packed, theagsif fhk Gbetfidient R0cofkbtBE ko Mhntidialdud ieSpofiétit, othel pRpEI §ipd (in BltdpSF | TUTE

SHEET (RUL Emzzufl3 ssawr?eegslt]bsb:g?djégdeﬁ. Itss%%c?cégiob]écok%:ard_s :Iig'gect:I af answer. At quantization

stage at best, most significant 16 bits of mantissa is needed. Prior to that is exponent
15 reshaping. Since adjustment of mantissa after reshaping involves only right shifting, 16 bits
of mantissa before adjustment is all that is needed. During exponent coding, as observed
earlier, again right shift is only allowed. Therefore, in all, after Frequency Transformation,

16 bits are sufficient for storing mantissas.

20 To sumup, sixteen bits are sufficient for storing mantissa from the point it is generated from
coefficients, to the point it is quantized and packed into AC-3 frame.

The question of necessary dwells on two things. First is the accuracy of the frequency

coefficients, itself. If the coefficient gives accuracy less than sixteen bits, then it does not
25 matter very much whether the inaccurate bits are stored or discarded. Assuming the frequency

transformation generates coefficients accurate beyond sixteen bits, which should be the

normal case, the second issue is how many bits of mantissa are finally packed into the AC-3

frame. Since in the best case a maximum of sixteen mantissa bits may be packed and in the

worst case {due to masking or low bit-rate constraints) zero bits may be packed, the sufficient
30 number of bits is data dependent.
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1. A nethod of enceding, including: representing frequency coefficients in
the formof a respective exponent and mantissa; 5 coding the exponents;
and shifting the manti ssas to conpensate for changes in the exponent

val ues, wherein the exponents conprise an original exponent set

(ea,e,, ..., oot gch is mapped to a new exponent set (¢8rschbor - - -
e'..,) after coﬁ?ﬁg, so as to satisfy: 101 | e',,., - eey é%&nm%ere
=0,...,n-1 and Dis a maximum al | owed di fference between two cosecutive

exponents, and e';se;. 2. A methodm®s clained in claiml, wherein

nodi fiying the manti ssas includes right 15 shifting the mantissas only by
a nunber of bits corresponding to the changes in the associ ated exponent
val ue. 3. ACHm$iod as claimed in claim1 or 2, wherein the coding of the
exponents is a differential .coding of exponent val ues, followed by
groupi ng of the coded exponents 20 according to a predeterm ned exponent
stategy. 4.1A metRefBodef eptodingdiaclyding ny one of clains 1 to 3, wherein AC 3

encodi ng i s adopépedentias) fequae} cebtitienss ithé forrh 64 R§REVE expddent fid ahsissd; O

m ni m se nmory requirncnts for data conpression whilst satisfying

pr edet er n°ned d&?@‘%‘h‘éf’i?f’vﬂ%ﬂ‘&i rements. 11111~1~S~1 SUBSTI TUTE SHEET ( RULE
26) shifting the mantissas to compensate for changes in the exponent values, wherein the

exponents comprise an original exponent set (¢y.¢,.....€,,) which is mapped to a new exponent
set
(e'.e;',...2%, ) after coding, so as to satisfy:
10
[fe'is2- €' || <D, where i=0,...,n-1 and D is a maximum allowed difference between two

cosecutive exponents, and e';<e;.

2. . A method as claimed in claim 1, wherein modifiying the mantissas includes right
15 shifting the mantissas only by a number of bits corresponding to the changes in the associated

exponent value.

3. A method as claimed in claim 1 or 2, wherein the coding of the exponents is a

differential coding of exponent values, followed by grouping of the coded exponents
20 according to a predetermined exponent stategy.

4, A method as claimed in any one of claims 1 to 3, wherein AC-3 encoding is adopted

and each mantissa is represented by 16 bits to minimise memory requirments for data

compression whilst satisfying predetermined data quality requirements.
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