
( 

" 

.A Variable Rate Adapt.ivé Transform'ICoder 

for the . .. 
Digital StorÇ1ge of Audio Sigllals' ' 

,. ',. 1\ ... 't" ,. ,.'" p. 
.' i'" 

, , ... 
,,' ~ .. ,.,. r'· .... 

1 •• 

R. w. rausolly, B.A.Sè., P.Eng. 

• 

Dq~athllPIlt of Elf"drital Enginf"prmg 

l\lcGili University 

l\lontréal, Québec 

,.. 

A thesls subulltted to the Façulty 

of (;rllduat; St\ldl~S and Research in par'tIâf'1:ulfilrment 

of the rf'quirt'lllt'nts for the degrt't' of Master of Engineenng 

, 
.' April 198ï 

(;:\' R Ut T " ~ n ansony. 198 ( 

. , 

.\ 

~ -., 

Il 



, " 

• 
r 

• 

, 

~. 

. , 

1 

.. . 

"-

- \. 

l 
). 

.. . 

>. 
~ 
I-j 
~. 

~ 
V /, 
........ 
ro 

~ 
~ 
~ 

ro 

> 
~ 
0 
Q 
0 

-;:1. 

'" I-j 

Ho) ,...... 
'-' 
I-j 

-:-1"-........ -l'tl 
U 
~. 

fY-()"O 
~. 

~ 

2:-
o 



\ ---

( 
1 

( 

c 

o 

•• 
ABSTRACT 

T}II~ tIW1>I!1 de~('nhf's th(' deve\opIlleJ\t 01 fi lransform ('o<! 

~II~ ~ll!;orjthlll for 1 III' dl)!;lt al arcllJvJn~ of audio signal!

'l'JI<' ~Iorap;(' of hot h },j)('('rh and lllll"j( I~ (OnsjoefPù. Si
IC'IIC1' <1(')('1/011 alld 1\lglla) handwidtll estllllation art' ('1\)-

• plOYf'd tn p~()\l!k a C"onlinuolll-ly vanah\(' hl1;at('. adap

tlV(·ly lIlatched to the chaf;cteflsti('~ of the input sip;naJ. 

TlIt' ('ronoml, an(J opcratlOmrl feasibdlty o~r('plaQJnp; a 

traditional analol!._or'H;YI' wilh il <_oder-base.d dIgital 5yS

\('lIJ IS (,xélUllnec!. J~ floatmg pOint Fortran simulation 

~hOWh that the prof}Of,t'd arduvmg a\~onthm offers.~ver
ag;c !it()~ag;t' MIVlTIg; of ïr)'/(, oveT 1 (i hit hncar- PC'M sys-
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SOMMA.IRE' 

Cett~ these.clé-cfl1Ie developp;ment d'un al~~mthm(' âdnp

tif ptfur l'arch.ivage numénqtre par .trans{ollllèe des !>I~

naux auditifs. L'a'rchivage de la parole ('t· dt' l'il lIIU: 

siqut:'" y est trait[.. t'~lilllinati()1l d('~ int«'rmllt':-. :-.t1«~

cieux, et l '('si ~atton d(,· la .lar~(,1IT dl' ha lHI«· d(;~ SI f!; Il Il 1\ X , . 
d'ent rée sont utilise~ afin de fourmr UH dèhit binaiT(: v!tri-

able et ronti.nue, «J'fi s'adaptant, aux catartèrist HP\('1> dll 

signal d'entrée. Le potentiel éCOIlollllqUt' et opérat iOllllN 

du remplaremcnt des archives anal()p;iqll(,~ tra(lttiollTwll('~ 

par un tel archivage numérique avec ecrlt·ur, est eXillIlinè. 

Une sil1lulat\O'~ en Fortran à 1>olnt fiott ant fi llIont r~~' que 

l'algorithme d 'arrhivage propo~è, ofl'r(' »n; é(:OIlOJIIH: d(·. 

stork~e de 75% sur les systèmes reM (Iinéam' fi 1 {i 
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111 trod uction 

1 Thp Mass Storagc of Audio SignaIs 

'/ hl~ 1111"1' prf"f'''I' .111 .tt1'If,II\f' t rall,foriii (oder dt>-.ilo';lwd for th!' mass st orage .. 

\"\.IIII~" 111 opl I("ctl ... Iorrlge t f'( IllIol()~) rlri' IlO\\ produClng the low co<;t lnechrl and 

fil'\'lIf" Ilf'f'dl'd 10 IIlrlkf' 'IH" ~torag(' a.ttrrlctlv(· rel,tll\'(' t~) clrchlvlng via traditl(}nal 

.11I,dog IIlclgllet If 11I1'<llrl TIl(' rf'C l'nt suc Cf'S'<; of compact audIO JIsh denromtrate" 

1 Ilf' c urrf'lIl c11'1I1i11111 for C( onOlllJC af, 11Igh quallty, cOlllpac~t. and durable dlglt.al audIO 
\ 

"tont!!.(' Su!',, chgltal .... toragl' ofi('r~ lIJany advanta~f'!- over I~revlously avallable ana-

log 1lll'tllOd~ 
1 

IIIIJ .... II. alld 1" 1101 Id('~.ror clll audIO !>ourct's For instance. compact dlsk's 70,1) 6 kb/s 
~ . 

,\(hallcf'~ III !<Jl('f'ch CÙdlIl/!, ha\e produced sophlstlcated algonthms that remove re-

dundilIICIf'''' Irolll "p('('ch alld allow for the storage or t ranSllliS~lOn of speech at reduced 

Illfratl'''', '\ltl! 110 npparent reductlOn In qualIty 

'1'1)(' ohjt'ctl\'f' of lhl~ work 15 to develop an--<tdaptlve codmg algorifhm that re

~Jlond~ l'Iii ( wlltl)' to wide vaflatJOns in source matenal typr and jiddlty - deletmg 

~I1('nt Illlt'naJs, and varying the storage oltrate as the ba'ndwldth" and charadenstics 

of tilt' :-ourc(' Illalt'rial change 

- 1 -

" 

1 \ L," 
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Spf'rdl,alJy. ~hc etrchl\lIl~ i\1~o"Jlhlll "dllw d('''J~n('d 10 Jlw!'1 1 III'.IwI'II" of ,1 IUT)!,!' 

I1IUSeUllI éludw arrillYC collt'(:IIOII, Surh çollc(IIOIl" an' rOllnd Iwlll!' 1\\\\"('1\11\-. \\l'lIl1\l\\f 

1 n t en Je v. ~ V. Il Il art 1 ~ b a Il d cl et Il ( t" r ~. po h 1 u ,JI dl"" (' r 1 il 1 10 Il ", Il ail \' c ,,() Il ~, Il 1\ d d 1111 ( 1· .... 

t, 
and otlH'r elhll1c set{'dion~ of lIIter('~t prO\ ukd ll\ (·lltl1()lIl1hJrol()).!;I~I~ 

Thc colledlOn" art' ht'ld 011 il WHle \'ilrlcl\ of ... Ioril~(, IIl<'dl,I. III( J"dlll)!, V.ilX (,11\\ 

ders. sheila, and YJJI)I dish, Wlrt' ~pool~. cc\"cll('!-. alld \.ITIOU" \llIla~('''' (II T"I'\"!! 

lape Thu~. tbe source lIléllt'f1al \ane ... III qtlltllly alld fidf'ht\ o\('f ,1 I\lIle rail).!." \ 

Iyplcal JlII1~(,1I111 collectioll cOllld ea~J!y (Ol1lalll 10,000 III 20,000 !tOUT" o[ III,d"n,lI 
>lb .. 

F:ach "'f'lc-cl ion l' ,opICd onlo lIIoderl1 ~ IlIrh élllalo/!, III 'I).!. 1 II' 1 Il TI'I'\ 10 fI'(·1 1.'11(' 

hdorc IHl'senlatÎolI 10 the Pllhltc. Thl'!->(, ~ III d, tall<' ('opl<''' 1111\ .. 1 (lIm'lItl) II(' TI' 

rccorded c\cry;) to ~ )lrar'" dl)(, 10 1 hl' al!;lIJ/!, (prlnl throup;h. 11l1ld"T dq.!,Tlld,tllOlI. ,·t, ), 

of the nalog ,~t()rag(' llIf'dlUIII TIII~ 1" ft tlll)(' (OIl"'UIIIIIII!; ilnd (,lI.l)('II~IV(' I,t ... k., and 

~hown Ihrollghoul Il)(' c\\1<11O ar<hl\IIIJ.!,lidd III tlll' pot('ldlal . 
Ihrou~h chgilal optl<al ... toragl' 

The ar,hlvln~ algonthlll prr~entcd IJI tlJl~ work will Il(' dCflvl'd (rolll III 1 t'XI .. tlllJ!. 

sp('('ch codmg al~ofllhm. dcvC'ldp<"d for 1111' f'lIi, Wllt lixf'c! Ta\(' 1 r,lIl"'llIil»hIOlI 01 IIIIr " . r<,wband spl'('ch: Th(' Adaptl',:f' Tran~forlll ('odC'r. An t'('OIlUIIIII allitly~l" wdl ... ho\\' 

th(' f<"asiblllly of rt'plaein):!; eXIs1ing illlalo).!; ardll\t'!-> WIll! a. clll!;ilal hy"II'11I Il!\1IlJ.!, 11u

proposed vanable rate ardllving algorlthlll SlIlIulatlOn f(·~\Ilt .. w.1I1 !.lhow that tlll' al 

gorithm pro\lcles very lùgh quahty repf('!->elltatJ()lI~ of both ~p'·(·f.h and IlJUhlC ~ll!;lIldh, 

at st0J,.age r.avJngs 01 6H Hi(Ï! OV{'f )(i hlt IJJlcar P('M hyst('JIJ', 

dIoI 

1.2 Scope and Organization of the Thesis 

In SectIOn' 2, tht' ne-ed for an adaptlve audIO codlJll!; algonthJJl JI. outIJn('(L wllh 

specifie reference to the requirenwnth of a IIIUM'um audio ar,hlve cOIl('('tlOlI It II. 

shown that the algorithm must respond efflClently to hoth hl)('('ch and nIUSIC. OVf'r 

a wide range of signal fidf'!itJf'h. Df'sigll crit NI et for tll(' codf'r art> df>Vf'lop(·(1. 1I111"" 

i 
'J 
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~lora~"J/'dlil <ln' (·xpIOf(·c!. alld an ('(011(;11111' aTlalyl'>i~ l~ pC'Fforwed on th!' propos;d 

rh ~II ,t! arc/II v 1 II~' "y'" 1 ('III 

Sr'( 11011 :1 f'XitllllJ)('~ t tif' ~tlltc of tht> art III speech ("Qding ,research. Baékgroun.5! 
1 .;f 

HlforillallOll 1., ~J Vf'1I 011 ba~Jr roder types, and the development of the final codmg 

al~(mthJII 1" t ract>c! fr~)JJ1 waveform coder ta fr~qllency domain coder to adaptIve trans

lorm ((Id('r Bitr kgrolllld 1" also given on lhe com!>()IJenh of the adaptlve transform 

r <ld('r A t ('il( h ~t agI' of r!evf'lopt1lent, chOlces are made from 1 he backgroupd optIons 

IHl'l'Il·lIlt'd. TIIf' ratlOllal(· for ('/lch cholc('. hasell on the .resulls of published research, 

Hud 011 t rI/' (1r-~lgll (Tltl'rIH of Sf'ct!on 2,1" f'xplained 

(l''III/!, tllf' 1,,1< kg'oulldjIlforlllatlon of SectIOn :~. the final vélnable rate _archlving 

al/!,onth;1I 1" d""cfllwd III $f?<1IOH 4. ElIlpha~l~ 15 placed on the changes made to'the 

"t aud,lrd AT<' ,dgoTlt h~ t () tH h]('ve a vaTlable bitrate, and to aChH'V(l silence deletion. 

ln St·( lIOn ;). tllC re!.ul1 ~ of a AoatlIlp; pomt Fort ran- slIllulati'on of the algorithm 
:;, 

liTt' gIVf'IJ. TIIC'>I' Tf·~ult~ ~how rt'ducflOTI!. ln storage spare rangmg from 6~-87CJ(" over 
, 

lfi hit IlIIt'ar plll~t' ('ode llIodulation (peM) cod mg. Jepending on the sourre material 

Il.,(,d. Th;;-r(.;uit~ ()f pf'rformanc; compa\lsons betwf'en the vàriable rate /lrChlving 

alJ.!;oTlthlll and hoth tlIC ('('JTT standard widehand coder lI]:and 1\. baSIC log-peM . . 
(o<Jr.r 121. Hr!' alMl,presentt'J in this sectIOn. r 

... 
, -

<:Oll( hl~lOlI~. ilJld t.llg~stlOns for modifications to, and real time implementation 

of, t hl' alf!;orit hlll ar(' fl;lven in Section 6. 

1.3 Survey of Related Work 

Very httlr informatIon on coding for t'hr purpose of archiving' audio sIgnaIs has 

• ht't't1 P\hll~llt'd The pn'!.t'nt work has thus lwen based on the wealth of Information 

llvailnble ln tht' ~peech roding'literature, While most of this work is tailored tbwards , 
• 

narrowhand (0 " kHz) speech coding for toll qùality transmission over telephone 

line~, illtere~t hHs re(,f'lltly be('n shown in wideband (O-R kHz) speech codIng, variable 

rate speech ('odIllg, and in coding for speech storage. These latter topics are strongly 

, :; -
f' 

-----------='---------- ----

, 
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relatcd to the prest"nt \\ork, and lune pr()\ult"l:llll,uch of the hl\1-olc harkp;wulld fl""I\.rrh 

upon \\hlCh the hlp;h quahty audIO ardl1\c codef wa~ h1l11t 

Several geJ1eral slITveys of slwec 11 (od('f~ (,XI~t I:~ A,fl 1 TheM' pron'd u .. dul III 

choosmg an appropnatf' algonthm for IHJ(I1~ archl\'IIIJ.!;, ('\'t'Il t IlOu~h :-,IU h WIt, oh 

vlOu~l\' Ilot thelf origlnai purpo,c J\10f(' !>pt'Clfi( worh t'\I:-t (')Ji ffC(l'H'lIc\ d01l11U1I 
, . 

cadlllg'IG:, and adaptlVt' trall~~Oflll «)(llll)!. ;ï: IlOt h of wh 1( Il pro\'\(lcd lldofllHl t 1011 

U,e-fUIIIl the df'vf'lopillf'llt of tlw final af(lllnTl~ alp;ont hlll 

... Pasl re!>carch 011 t}w l'aT lohl, Tai, codlIIg of ~Pc('( h' ,dt hOIlJ.!;h pot(:"t iii Il v of J.!;n'Ilt 

networks. Such applicatIOns art' ha!>('(LlllaJrlI~ ,011 adIlC\lll)!. vi\rJahlt, hJfrate throu~11 

bit allocatlOTI amonp;st lIlul1iplf' u~er~ 011 a Iwtwork H,!~,IO! TIII~ l~ of httle llM' III ail 

ardllvlIlg appheatJon 

r-
Mpre u~dul in farm a t IOn on i1dllt'v lIlg varIable rat t' codlJl~ il'> i\ vlula hIc III t 1 If' ~ pel'( h 

('Odl~g IJter~turt' Ofl dynamÎc hlt d.110( atlon Ill,12.1:ll. Sudl Jlro('edllf('~ lH'rllllt tllf' 

allocation of quant i.zatlOll nOll>e t hroughout the frequen('y !lpe('( rllm III a W.l)' t hat 

takes full advanlage of any ma~klllJ!; ('ftt'ct~ tht' signal beinJ.!; fOc!('1! llIil\, o/kr. iI/ld cali 

be easily moddied t 0 allocal e hlf!., \JI a way t hat 1111"<'1 ~ t Ill' !lJweI rai r('q 1IlTf'IIWflt 1> of 

t he Input sip;nal, rat her than .111(>(>tin~ ail arbit rar)' /ixI'd lilt nd (' ('T1IfoTlO/l 

, 
A \'ery lInuted alIl'-mnt of work ah,() eXI~t~ III the ~p('('(h codlllg IIt('ratlln' 011 HU' 

variable rate codmp; of s)wech f()r ,~i()T'Gq( i 14 j. SUrll Tt'~('arch I~ t IH' (Im,t,,,,j III '~pjrit tn 
" " 1 ' t ht' present work, and I~ dl,red ly appllcahle rf"quITIIIJ!, only lIIodifj( al lon~ to a('('oullt 

for non·spt't'ch wavt'form" and for vanahl(' harulwiclt h TIIatl'Tlal. 

Thus, the codlIlg of audio for archlvlIlg I~ a reiatlv(·I)' IWW field, lacking ('Xjlltlll~ 
,,' -

Hterature .• The mtrodurtlOIl of ('COnOllllcal 11Ia~~ .,toragt' llwola ~JJ( Il a ... t}w optical 
~ 

dlsk, and the contmulll~ drop III cosl of (Olllputlll1!; power hall how('v('r !lpurrC'd ln 

t.erest III t hls area, partlcularly III tht' codITIg of ~p('C'ch for ... t orage' Tl)f'~ vanabh' 

rate audio archivin~ algorithm 4lre!lf'Ilted III t !IiI> work ha .. thUb h('('JI hallt·d orl r('lated 

work in the speech codml!; htt'rature. Helevallt rebulb have !wt'Il draw/I frolll geJwral 

. 4 . 

, 



( 

( 

• 

'C 

\ 

«)fllnp;, wJ(Jehand codinJ!;. and vanable- rale codin/!; lileraturt> to assemble an ada~tive 

archivir:J!; algorithm based on prevlOUs rese~rch, but mef'ting the umque needs_of a 

W'fU'ral purpose audio archive. Further details are given ln the coding. background 

i/lforlllallOJI of Section ,', and Jn the specifie algonti1m description of Section 4. 

, 
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Chapter 2 Design Principles 

'" 

. 
2.1 Design Motivation 

• As ou1!rned ln Sect ion l, audIO archive «)lI~ct 1011~ arf' curr('ntly hdd on ~ Ille!. 

reel-to-reel ana]og ma(netlc tape medIa. which are !>uhJe'c1 10. d (')!; rad III ion!> dlH' 10 
11 

aging, and must he regu]arly re-coplt'd. Technological ('volutio!l Iw!> (aus(·(I, ilnd Ih 
.), 

continuing .to came, drastic reductIOlls in co!>t, alld grc-at IlIIprovelllCIlb ÎII t lit' C~IJiI 

bilities of computing, optical storag~, and dIgital ;Ignal pW("(,!Ising df'vi(ë!:l. This thr('{' . " 

part evolutiop has sparked great. interest in the alulio archiviIlg field in digit.a1 audio 
.. 

st.orage. Such digit al st orage, via 10nger-liveJ ht oragt' media, !>hOWh great. poteTlt.iaJ ... 
for reducing the cost M re-copying col1çct.ion material. 

The following sect.ions (2.2, 2.3, 2.4) will show thal an ùp tï.(' al disk based digital 

archive, in conjunction with the variable rate archi ving algùrit hm proposecl in S('dioll 
-

.4, form an.attractive and ~conomically_feasible alternative t.ù anaJog audio archivmp;. 

2.2 Algorithm Design Criteria 

Given th~ special needs of the audio archive, and the.greater flexil~ity for COI1l

pression that audio storage .offers over audio Ir·an.<mllb..flOn, th;!> f;t'clion will outIHl(' 

the roder design criteria 1.0 be followed ai, th€.' variahle rate archiving algorithm is 

developed (sections :! and 4). Emphasis i!:l p)a('('d on {hOM' d('fi,lgu (»('mentb which 

differ from standard practice in spe(>C'h C'odin~ . 
• 

, 
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The traditional approach in the cotling (or digiti~ation) of any ~nalog waveform, 

Jo, to low-rjass (anti-aha!» fiheT the Input signJ at the highest frequ<,-ncy compoTlent 

of intert'st, j(, in 1/1(' signal. and th en to sample the filtered signal ai frequency fs; .. 
whert> fil il! generally slighlly larger than 2f('. oThis approach has been used with 

/ 
great succ('!>s in the <'Oding of fixed bandwidth speech and music. In an archive 

application how('v('r, variable fidelit'y material from mixed sources must. be coded (eg. ., -, .. 

JIIatf.~j~) from a compact disk 120-20,000 Hz1, versus material frOlil a wax cylinder 

1200 2,000 Il)/, 1 ). This would require changes in Je and Js before, and perh .. aps during, 
• 

the coding of each s('lection. Theje .changes would be made by non-technicaJ library 

TH'TWJlJJf') who would not necessarily fully underst and the parameters being set. : . 
• J , , 

It wa~ t.hlJ~ d('ci.ded that an automated approach was preferred. In this work, Je 
.. 

and fa will b(' fixed al.:· 
o . 

. " Js = fs; 

wheré, f: and, f! are the seUings which would tradîtionally bl'. used t.o code the 

highest. bandwidth signal in the collection} . To reduc(> the inefficiencies that would 
~ 1 1 • .. • 

ot.he:rwist' result from over-sampling narrow bandwjdth signais, the co ding algorithm 
J \ 

lIlUl>t. t.hf'reforf' autOl.llatically adapt to changes in signal bandwidth. and:not. code 

non-exis1 t'nt higTl frequency signal COHlpo~en'!.s. The coding algorithm ~ust effe-ctively 

exploit. the filet that a given si~Ilal of'bà'ndwidth lb, has the sameintrinsic information 

content, \\;h;·t.ht'r it is sampled'at. fs =,2fb, or Ja ~ 2fb' 

. 
Crit. ... ~ia important io f}l(' design of/such an audio archiving algorit.hm include: 

1) Variable rate coding 

- the co.der must adjust 10 the bandwidt'h of the source - storing only the 
information requlred to a~curat.ely reproduce the signal. Th'js implies a 
variable rate coding sch~me. 

1 Thus. 10 ('ovrr tht' t'1It1tt' rallgt' of human h~arillg. Ol1~ would sd. for ~xampJt'. .. 
f: ::::: 20,OOOHz; 

\, f: =: 44.000Hz. 

ln th~ cading algorithlll simulatIons of S~dlon 5, tht' values f: = 7,500 Hz, and J: := HI,OOO Hz wer~ 
u5t'd, dut' 10 ptacticallillùtations. ' 

, 
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2) High quality 

to ineet the n(,f'd~ of a~ atHlio ardllY~, l ht' dt'rodt'd ~iRl\al tIlml Il(' indi~
tlngu~shable Crol-n th; original. l'lit' (j"l1a~ity pC a'modern l ll1Ch rt'el-lo-rt';'1 

analog ta.pe deck, runnin~ at HI cm/l' (ï~ ip!'). IUllst h(· realized. 
'1 - . ' 

3) Realistiç coding ~omplexity 

to be of practical use: the final codlllg and dt'codi"p; alp;oril hllls 1\11\:-1 lu' 
implementahle, ~J. reftI. .tiItlf', on existill)J; digital ~1~lIal prol't'~~!I1~ dl'\')('('~ 

4) U neven coder / decoder workload 

the derodmg·of the signal (i.t' the rl'lrieval of llk ~igllal Iru11I ~1(mLg'l' for. 
playback) will OCClU more fret) ucn t1y 1 

, and at more ~ork ~latlOlI~ t1mll th(' 

encodmg (i.t' the sfotagt» of !lit' ~I~nal ln I~ct, It 1~ 11 k~·J.v Ihat ollly 
one roding/storage-capabl{' ~tatlOl1 will 1)(' ft·III,IIT<'c1. An al,l!;lmtlllll thnt 
reduces complexitY"1I\ tht' deroder al 111t' ('X!H'llhl' oi 11I('f('(I~t'd rolllplt'Xlty 
m the encoder i5 -therdore de~lfahle 10 reduce arrlMVII1)!; ('o:-.t~ 

5) No limits on coding delay, 

- - sinn' a11 coded material will silllply IH' ~tort'(Lfor latt'r rt'tril·vH.!,llny rf'i\.soll· 
able delays introduced hy the roding al)!;orithlll (eg. for bufft'ring, winc\nw
ing, or filt.ering) will not h~ notict'd. 

6) Economic feasibility 

the cost of in-lplementmg t he roder must not exceed the ('Ost of 11)(> ('xtra 
storage space that would' be required if the ("oder were not uf.ed: 

" 
2.3 System Design , 

. 
In this sedion the potential hardware design of a digit.a.l ardllviug sy!llt'III, to 1)(' 

used in conjunrtlOn wlth the variable rate coding alJ?;orithlll, i!>"'('xal1lilJ(~d. SJll'ctficnlly, 

this section will discuss pot.ential media 't ~ he us(,d Co; 1 he loi orage'of fi \HJiO hl'!I'I't1ollh 

after coding, and the eqUlpn;ent 1.0 be u5ed in conjundioJl with titI' codn tu locale, 
,; 

retriève, play, and record spe0ific selection5 froill the coli('!"'t ion. Th;!l <'</ ni p/lWII twill 

of course be required, in addîtion to the coding algorit hlll, to f.orlll il workillJ!, Iligital, 

audio archive. It will be shown that an optical storage system in ronj undion with . -
the proposçd variable rate archiving ~lgorithJJl, offerb an.attractivc· and Nonomically 

feasîble alternative to traditional analog archiving. 

1 Exc~pt for the inItial dlgltizatlOIJ of an exi!.ting, analog coll .. ctioJi 

- Il -
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2.3.1 Mass Storage Media 
• 

At the heart of the digital 'archiving system 15 a ma5S storage de~ice (Figure 

2.]). 1t is Hl}S deviee which holds audio 'selectIons after processing by the variable . 
ç rate coding algoflt.hm, .a~ is rcsponsible for tht> secure and efficient storage of -all 

. .. 

.. 

IIelections i Il the co)Jedl0n.· 

, -
Admin. Main-tnce. 
Station - Statioll.. 

--
,---

ï'" 1 
- t---

' .. - Controller 1- 2 

'--
, 

(,vlind~rs 

Spools } R«1s 
èB56dlt'S 

• Disk. 

1 J • , . 
- Recording SlorageJ 

Co ding 
1 

1 l Relrleval -, De-coding , • Station .. -
- l ' 1 • 

SOlurE' 
Mnterial r--

Mass 
. 

1- N-l -
( 

. Storage t--
Deviee ...... N -, 

'--

Pl*ybac k 

Stationll, 

Figure 2.1 A DigitafArchiving System 

A~ previously st.at.ed, the traditional archive .storage device is a. high quality ! 
inch reel-t.o-reeJ tape deck, rerording collection mat.erial on 7~ inch analpg magnetic 

reel·to-rerl t.apes. 

In 'Table 2.1, the l in;h reel t.ape media is compared to four potential digital 

replacements: 5! inch floppy di,iikette, hard' disk: 12 or 13 d'n WO~ (Write Once _ 

. ',. 
" , 
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/ 
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MedIUm Storage Storage Acces .. . Cavant\' Cost of ('()!-t of (·(I .. t \If 
Type Format . Mh IIr .. Mt·dllllll "tPrIIJ,:t' Mh Drive 

~ Inch Red Tape Analog I\lagnehe Sr<!uentIal 1152 o f) $f) $0 (l·1:1 $:If,oo 

Floppy Diskettr Digital Magnetie Randolll 1 2 00052 $2 $1 Iii $2f,(l 

Hard DI~k Digital Magnet!e Randolll 40 (\ 171 . $f)(l (l0 !!o2000 

12/13 el11 WüRM DIRltal üptIea! Ral\liolll tiDO 21> $~' /.' $0 1 i $:\MIO 
30 elll WüRM Digital üptJeal Handolll 2000 87 $:!tlO $0 III $7 f,(10 

Tablp 2.1 Aklllve' Stora1!,c l\kdl<l 

Read Mostly) opticétl disk, and 30 Cill WORM optlca.l (hsk 1. 

One pot.ent.ial dlgi t a.l medIUm not Iceably absent froJII Table 2.1, and now h(',('OIllIIl~ 
4" 

quite popular, IS the CD·ROM (CoJllpaCt DIsk Rt'é;c1 Only MC·llIory). AIt h()u~h the' 
~ ù co ~ 

CD-ROM appears coS"! compet.itIve at· $500 per drive, and $fJ $.1)0 for a 600 Mhytc· 
,) . 

optical disk, it.s hlgh mastering cost ($10,000 per dl~k) makes it unsultablt' for audio 

archive applications, where very few <'Opies would be r~quired of ea.ch ·du .. k. 

111 o"rder to choose the optimum archivaI storage medium from !host' pre,.,('utt>d in 

Table 2~1, one must consider the following 'factors: 

• Media Cost/Mbyte 

• Physical Storagë Cost 

• Ma.int.enance Cost.s 

• Drive Cost./On-line Mbyte -

• .DurabIlity 

• Securit.y 

• On-line Cap.a.citY 
; 

• Longevity 

• Speed of Access 

. 
Much interest is currently being shown throughout the audio archivmg field in 

optical disk st.orage. Optical disk is in many ways an id('aJ IIwdiuJll for ar("hi~jng. 

As can be seen from Table 2.1, the cost of storage per Ill('gahyt(· (Mb) oC the optical , 

1 Th~ figur~s in Tablt' 2.J au rt'pres~ntativt' of statr of thr art eqUlptnt'nt conunt'rdally availabJt' a! 
the tirne of writing. An aVt'rage 64 kb/s coder bltrdte wa<; ullt'd to pf!'tfotlJl thf!' megahytf!'(Mb)/houlli 

. ' capaclty conversIons. 

.. 
- 10· , 
, 
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of tradl1lOnal analog magnetic tape; and 

thif, priee' difk'f('ntial willlikf'ly de'("f('ase as W9HM .. dlsks begin to be mass produced.. 

ln acl(!JtlOn, optical I)Jedia do not sufie'r degradations due to aglllg to the same exten1 

al-> analog tapI' t hus eliminating trw expeme of periodlcally re-copying collection 
, . 

rnatf'rJaJ. 1. 

• 

'l'hl' opl]( al du.,k alsa out perfonm analog tape m the au'as pf du'rability, secu

rit y, phYbl:'al storag(' cost, and dflve (.ost per on-Ime megabyte OptJcal disks are 

III Il ch leh!. I->uh('~pl 1 hl(' 10 damage' illan analog tapes, provlding reslst ance to bre1!-~age, 
.... 

jallllJling, and htray magnetic fields The WüRM 'disk, being a wfltf'-once Il'wdium, 

can '/101 he' <'hanged or e'rahed OI\'C(l wrJtten - providmg h.lgh security against unaù

t hOflZ('d, or aut hOflz('d but mcorrert, changes to archlv(' materiaJ. WüRM dlsk IS a . 
lIluch more physlcally compact fqrm of storage than analog magnetJc tape, provlding 

approximate'ly :l5.5 tiIllf'S the p~~lcal storage capacity (Mb/m 3
) of t-inch reel tape'. 

This: reduces stad shelving requirements, anq other related physical storage (osts. 
1 

The high sJorage' ~Iensity of optical disk also leà.âs 10 a higher on-liné data capacity 
t 

t.han analog t.ape. for an equivalent number of drives. Related to o.p-Irne. capacity, 

i!l ~I1 opt.lcal disk '8 drive-cost /on-line-megabyte a~vantage: $5.8/Mb for optical disk 

(]~J cm), Vf'rI>US $34.7/Mh for analog magnetic·t.ape d inch reel). Finally,optical 

- clisk alloW's randoIll acress' t.o archive selections, versus analog tape's slower sequential 

itc('ess. 

Also Înduded i'n Table 2.1 for comparison purposes are the traditional digital 

(computer) clat a storage devices:, Hard disk, and Floppy diskette. A1though ideal for . . 
gt'neral computer data stortige, these devices are unsuitable for archive use due to 

t ht'jr lower capad t ies, and high coot s. 

Thus, u~ing the fact.ors above as d~ision cnteria, it is clear that. optical disk is a . 
logical <-hoire as ft digital replacement medium for! inch reel-to-reel analog magnetic 

\ 

( t.ape. 

Although t.he.12 or J3 C11I atld 30 ('Ill opt.ical disks are inoré or less equally attra}'

tive for use in arcbiving, manufadurers are present.ly showing mu ch greater Înlerest 

:11· 

.. 
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in t.he 12 or 13 cm format. Th.u~, the econoJl\ic f('aslhilit~ aJ\alvM'~ of Section 1 '1. will 

be based on the use of a 13 cm WO~M optlCai disk ~totnJ!.t' d('\'J('(' 

.. 
2.3.2 Syostem Configuration ' 

1 h · • , h '. cl' 1 1 . }' } , nt IS section, t e-('omponents reqUlTt~ 1Il a( (11101l \0 t H;'IlHt~:- h\orllp;(' «·\'Ift·, 

.and the variablt' raIt' archivlIlg algonthm"to fonll a digital ardllvinp; :-.\stelll, will ht, 

introdured ... The goal of t hls section I~ Ilot tn providct Il dl>t miNI ~ySt.t'11I dt'-;ip;lI, but 

to glve an overvlew of the state of the" /trt eqUlpment a.nd dt'\'I(,('~ currclltly Itnulabk .......,...... 
commerClally, ,and demonstrate thi- polentu\.1 for a5. ... el\lbltll~ 11 ("glIal IIfChi\'lIlg IIY'" 

t.em. The econonlJC feasibdity of 1 he proposed systelll wdl Ill' eXrllllllH'c! III S('ct'Oll 

2.4. 

; inch 
reel-tp-rpl'I 

ollRlog 
lape deck 

10,0011 IWllr 
OJlolog ~ in,," r.·.·1 

lop.· colll'rlll>n 0 

• Loudspeakpr 
Monitor 

Figure 2.2. Analog Arc'hlv(' 
\, 

) 

The exlsting analog archive configuration is glven ln Figur(" 2.2. To duplica.tt' tht' 

functions of this system digitally, t hree ~tlOduJes are envisioned: 

1) A control module 1,0 interface with the user, performing rataloging and 

indexing funct~ons (i.e. providing the mechanism t.hrough which 1,1)(· user 

. /2 ":-

, 1 

\ 



( 

c. 

-" 

, 

( 

\ 
" 

.. 

. 
}o( ate!. and choo!>e!> the selectIOn of mterf>st) The control module wohld 

al&o overs('f> th(' retrleval and slorage of selections from/lo the optlcal dlsk 

for plaxhackjstorage. J 

2) A .1lulIlf'rically intenl>lve calculalion module, 10 Huplement the vanable rate 

ardllvlIIg al~onthm. 
, 

:l) A JI audIO module to perform analog to digit al (AjD), and digital 10 aruùog 

( J) / A) COli verSIOns, and 10 condl tlOn the sign al before recoramg, or play back 

Th(· audio module would also induge nllCfophônes, spt'akers, headphones, 

and t1l1'lr a~sollat('d amphficatlOn circuitry. 

M an.v s!)('nalizf>d dlgil al Signal processmg (DSP) devices eXlst to perform the 

fUllctlOllh of module 2. These DSP devlces are essentially specialized microprocess.ors 
- \ 

_ dehlgned 10 perform very fast addit ions, multiplications, and shlfts, thr~ugh tl1e use 

of paralld archit(·dures . .one h~ of such devices, the TMS 320 senes by Texas. 
, 

InstrullI;nb, ha~ he('n assembled by several manufadurers onto IBM-PC compatible . 
plug-in circuit boards, in conjunction with ~jD and Dj A conveMers, memory, and 

• 
dock signaIs (Il hs, of such manufact urers is provided in Appendlx B). The addition 

of ant,i-aliasing filters, and appropTl~te audio amplHiers to su ch a pIug-in circuit board 

would meet the nt'eds of module 3. SlIlce'1BM compatible WüRM optlca] disk drives 

. al$o exist, one convenicnt choi('e to perform the functions of module 1,18 an IBM-PC 
1 

compat,ible computer. • 

lt is thereforc possible 1.0 base the digital archiving s~em on an IBM-PC com-
+. • • 

pat ible controller eqUlpped with a plug-in TMS320 DSP card, and connected to an 
, 

IBM-PC' ('ompatible 13 ~m WüRM opiical disk drive. Such a system lS shown in 

Figurt' 2.3. 

:rhe systelll of Figure 2.3 could be expanded to indude multiple user stations, 
~ 

and_t.o provide in('feased storage capacity through additional WüRM disk units by . , 

the addition of a bigh sReed Local Area Network (LAN). The LAN would link user 

stations to the appropriate WüRM disk unit., and c~uld also provide access t.o a 

- 1.1 -
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Figure 2.3 Digital Archive 

.1 

units could also he-connected to the LAN as requùed by sy~t(,111 ~rowth. . ~ 

, 
In pradice, t he user would use the PC keyJ)Oard and sen'en <hsplay, to sel('( t t II(" 

item of interest from the central cross-refererlèed collection index. A llllk would t heu 
\ 

he established over the LAN to transmit the reqU1red audio data from optJcal dihk 

storage, t.o the appropriate user statIOn. Throughout the playbaek PfOCPbh, il two 

way commuifications link hetween the usef stat lOti and the system controlJ('f woulcl 

reIhain open to fnable the user to stop and starl the playbark, to fast forwar~ Of 

rewind, or to perform filtering, enhancement, or othl'f real tJml' pron'bsing funeliom . 

.. _ 14. c 
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2.4 Economie Feasibility 

'lIlrlloJ!, tH( hl VI' '>\ '1"111 of 1:1guf(' 2.2, Wlt h the <hgl tal arch\Vf' ~y[i,telIl of Flgurf' 23 The . ./ 

1",I.."Il/I,1 \ (Jf (Odlll)..', 1 JI(' audio dal a I)('fore ~Iorag(' 1.., tlwn exanllTled Two ~t al CIlI eTl 1 ~ 

Mf' pff/vl'I! 

L , 

f 
2) lor Ih,' for'>"(',lbl,' fulllf'" opllcal ~toragf' (,o,~t~ and deTl'illws wIll remam at 

,lit' (10'111 wllf'rf' (odlTlg 'of Il)(' SIgnal before storage I~ fllghly d~sITable lTl au 

tlrf h, \ III)..', ,lppllC ,tllOli 

2 4.1 A nnlog vs, Digital Archiving 

'J J ... J"II,," '''" '·u""."", ~".J Y'" " ha ".,J 0" il ... ,,,,,JI. '"'"J''/''''''' "'" a"hi v< 
,\'~klll" \lI Fl/!:lIfe '2 '2 (,~I(J)..',). aTld Figure '2:\ (hgltrll) 

, 
A "Ial)( ]0,000 hour (olJc<lIOII h rl,~ullJ('d Tbe ~llld) perlOd IS 10 years. Dllnnp; 

t hl' 11111" 11 l' .. ét~"'I1I11{'d t h~l. 1 llf' étnalo)!; w(·1 ~ IIIml Ile replac~ and re-recorded al 
~ 

th(':1 alld 10 ye,tr mark", TIlt' <hglta.1 and aIlrllog "'ystems art' compared on a.,present 

\\orlh ha~I~ .. as~ulIlll\g IHl «\('rage intereo.;t rat(' of 101(1 per annum. The ~oI1lponents 

IlTl'~(,It1('d III figur('~ '22 étll.d '2 :{. ar(' ail cOlllllleTcially avallable at the present ti1ne. 

Slcllc of t Ill' <lrl. C()~t cflectl\'(' e<jUlplllelll was cho~en III each case Details are pro\ Ided 

III ,\pPt'lldl\ .\. 

l 'a~h flO\\ dla~ralll~ for Ihe analog 

• 
:! ~a a'nd Flplrt' 2 4b rt'~pectl\'t'ly, From 

) 

, 

~ 
and digIt al S~ slems ar(' presented ln FIgure 

t he~(' dla~ralm, ~present w:rths are, 

• l,'i·· 

1'\ 
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A nalog System 

1 OU ~ 111(\ k 

100 k hO k hll k 

(li ) 

~. 1. 

2 59f, k 

;\ f. k 

2h7 k 

I·Y. 27.1 k 

(h) DIgItal S\~t('J1J 

Figuf(' 2.4 Sy~tcIJJ ('a~hflO\\" 

P"\ - ($lOOk-t $35k)· (P/F.IO.:J)($]OO.k 1 *(JOk). (l' F.]().I())(~IOOk 1 $hOk) 

- $104k. (0 62092)($ltiOk) -+ (O:lW"J:J)(*lhOk) 

Digital Sy~tem li> 

p\\t = $2 .1)~5k -t $3.5k "T $26ik 

=-- $273k 

w bere. the not at IOn (P / F, l, J\' ) denot t'~ t 11 a t P 1:- the prf'<wr! t wort h of a fll1u w alllou JI t 

F, at a pOtnt N compoundtng peTlod1> into dit' future" I!;IW'II ail mtt'rf' ... t raIe of 1%, 

per compoundmg peTlod Il.1] 

The presrnt worth fi~ures show thal the dll!;ltaJ :-.ystf'1II I!> approxilllatf'ly :{'J{ IIIOTt' 

{'ostly than t,be analog Sybtt'Ill over the 10 year r-.tudy fwrioc! 'l'hi ... !>lllIpl/> ft'itlHhllJty 
• 

.,..-analysis hov.ever. does not take ITIto a(,(,~uTlt th(' folloWJlI~ factorl-.. 

• Th(' digital system provid('s a 1>t(}rél~/' Il 1 t hall" :{:i f illWl> !IIOT/' / 0111 pa! 1 

trian the analog system, thu,> gr('atly T('<IuC'illJ!; ~1J('lf "pau" fu;-;l o.tlwr phYkllaJ 

" 1 {, . 
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.,toragt> (of>I~. Tht>l'>(' ~avJngs were nollT1cJudt>d III the all}lysib. 
:1 

• () vl'r t}w IOTig tenll, d Up to t he cost~ of r(>- copymg analog; tape. llw digIt al 

Sybtelll beCOllH'l'> increasmgly atlrac1!ve. For instance, over a 20 year perlOd, 

the digital sy~tnJJl 15 16% l(.~,~ cos,lly than the analo~system 

• 'l'II(' (().,t of WOH M optlcal (l!l->k dnV('~ and J1J('cba wJlI bkely drop as these 

cl('vJ(I'~ )('avl' t}wir IJltrodllctory phrl~e, and hep;1fl to he commonly niass 

produ( (·cl. ... 

• TFwmi(i1 a) ~.v,lt'Ill offl'rs henefit ~ ~1l( h.;t.., randolll ac-c-t>"b to slored matenal 

(veml~ l'>~JlJ('lltla) a('(e~s for the analop; syst(>Ill), greater on-line storage ca

panty (2.Cl tmwb larger) 1 han tht' analog 5);51('111. and oth(>r benefits su ch 

a., the polf'n1Jal for variable playback spct'd or other sIgnai processin,g or 

('rtillUlc(,IIlf'llt fun( tlOm, Ihal are Ilot eahJly assll!:ned a monetary valu(>. 

• TitI' CO)J;'rrlOll i~ éL~um('d stallc IJ\ the st udy above, hut would typlcally be 

gN)\YIIl~ al ahyul lO(/(, pt'r year, ln a true atc-hlve At the end of the 10 year 

~tlldy J>(,T1od, tht' collectlOJl would Ihm he roughly 2.5 tlJlWS larger thaJJ It 

wa-t.. al year 1 The'costf. of re-copy1l1g thls extra malenal would qUlàly , 
olltw('lgb the lower htoragt' cosh per Illegabyte 111 the analog s\,blem, thus 

lIlakllll!: Il lchh flconollllcall) dt>~lTahle. ., 

(;IVI'Il !lit' hlllall cc)',t ddit'rentlal between the analog and dll!:ltal systeJll'i, and 

t ht> ollwr fa< lorI> aho\'e, ~t IS dear that digital arrhivlJ1g il-> a feaslble alternative to 

t radilioIla] a,nalog arcillvin~, both from an economie and operation al poml of view. 

2.4.2 Coding vs. Straight Storage 

/'" A JI itll porlant p;oal III the development of the variable rate coding algorlthm was 
• 0 

t () t'mUT!' t hal t he n)~1 of implemen1ing t he roder tiid not exreed the cost of the 

extra storage,spart' that would be requlTcd if the coder wcre not used. ThIS goal has 

h~1\ arlu('\'('d. The t('~t file data \Il Srdion ;'.5 show that the proposed vanablf' rate 

ardllvillg a]p;orithJ1l rt'duces a linear-PC'M bitfatt' of 256 kb/s (16 kHz samphng rat.e 

at Hl bi.th per hample) to an ft,:erap;e rate of 59.2 kbjs . 
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Tht' only additional rost aS~()C1ôtt,d "Ith rodlllp;. l', tlJ(' DSP Iward f('qllltt'd lit 

carh tiser st ôtion t 0 pefform t ,;(' requ!rcd ('odlll)!; 'dt'codlll!!, rnkl\lnt\(lIl~. 

l'smg the rost data of Appellc!Jx .,... alld th" ll\tré\t('~ Ilh()Vc, alld cOl\s\(I(,f11I~ II\(' . . 

sIn!!;le tiser dl~ltal archIve systeùl pr('~e)\t,·d \Il FI~\lr(' 2.:L It ('an IH' ~howlI Ihat codl.lI)!; 

Il' advanta~eou5, and wdl contllllle 10 1)(' of hell('/it 1I1l1l1 tll(' «(l~1 of li U ('1\1 optJlld 

(hsk falls well un der $1 Thr variable rôl(' drchJ\'III)!; algoflthlll rt'dllrn 11\1' IIl1llllH'f of 

optical dlsks feqUlred hy '7-6.~<',;. wlllch ln tht' ('it~(' of a"IO,OOU hOIH ardl1\'c pfOVIlIe''' 

savingsof.11,808 disks,or $XW,(i k. TIl\~ 1Il0r('thall OflH'b tlH'$:!li" (()"I of IIIC'. 

reqUlred DSP boar~ 

At the ctlTrent cosl of a D CIIl optlcal WORM (!J~k ($ï;.). ôlltitrdllVt' wOIII<l la .. V(' 

to conlalJl Jess than :30 hours of lllôtt't1al for ("ocllllg 10 1H' 1111 ('(OllOIlIlI al For lafJl;t' 

ar('hlvt'~ thrre li> httle doubt tllat the cosl of optlud \\'OHI\1 dlllk~ will JI('vl'r Cali to 
. , 

the pomt w hère codlJlg 15 not warranl ct! 

ln additIOn to (hrectly rt'du(lll!!; the alIIount and (0,,101 tlw "t!lrrll!;l' IIW(I.,I n'qulrI'd, 

co(hll)!: wIll also teduSt' the phy~)(al "IH\((, llf"('(!f.d to "loft, rl ~IV('11 ,lIIIOIII" 01 drchlvid 
- ~ 

IIInlcnal. In ad (II 1 IOJl , codlHg \\111 allo\\ ('11< h dtlv(' to IlrOVIc!I' JIIor(' data 011 hll(' 

,1t I~ qui tt' dear J hat an)' (hglt al ardllvl' of prat 1 \(',d hl"f' wdl 1)('llI'lIt t'rolll (odi II~ 

, ) 

2~5 besigrt Summary 

l 

It has thm hefll ~howll that (hgltal archivlnp;lh an (I(,OIlOlllf(·ldIYff(·.l~lhJ" al1n 

native to 1raditlOnal allaJop; ôrclllvlIlg. and Îh Oll" wiJlch cali 1)(' IIl1p\l·III1'III(·d U"III~ 

• rommercially avaJlahl(' <OlIIl>Ol\ellth Il ha~ also IW('II hhoWII thal the (()(hllg of audIO 

ilgnals befoTe stQrage IS lllghly de!>lrahl~· from ail ('rOIlOITIIC .,taJl(lpolllt . . 
De!.i)!;n crJtt'rla for an appropriait' ar('hival codillg algontlllll 11ft\'(' l)I'l'lI ~IVI'JI. Thih 

algorithm will hl' develope..d in h('ctlOm :~ and 4 . 

• 1 ~ . 
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Coding Algorithm 
Chapter 3" 

Backgro~D-d 

lJf>in~ 11)(' deslgIl criteria of St'ction 2, thls sectIOn will.provide general audIO 

(odinp; IJa<kp;round, and will outline the rhoires madt' From the vast array of existing 

!.j1f!('rh coclJlIg r('~earÎh, 10 forlll 1 h{ variable raIe archiving algonl hm of SectIOn 4 
1 

} 

3.1 Audio Coding 

('odcr~ arc med. III gt'nt'ral, to remove redundanries from an au& waveforIll, 

IIlld 1 hm 10 allow dii()('n~ IransmisslOn or storage of ils codt'd bltsl ream. EffiClt'Ilcy 

~n HIIS ron1cx!. delloles the goal of Ihe hlghest possible signat quahty, al 'the lowest 

Jlossi ble hitra! ('. 

"-
The t'xtt'nt to whi<-h tht'se redundancies exist is cJearly illuslrated by considering 

Iltat t.ht' English language contaim. only 40 phonemes. At -al! average length of 80 ms 

pt'r phOlltrllH" the illformatioll content of spt'ech can thus 1 ht'oretically be transmitt.ed 
• 

al less 1 han 100 0111>/ l>(:'cond. However. a basic codil1g algorithm in wide use through-

out the North All1encau telephoIlt' system, 10g-PCl\1, rt'quires 64,000 bIts/second to 

traflblllit long (h:- t CI Il c(' ( "t 011") quali ty speech. Thi 8 040: 1 difference in bitrat e dearly 
fi' 

'shows the' polentially great gains t.o b(:' made through -efficient coding in the-.t"ase 9f . -
8\)('e('h. Thü coJ!lparison 18 not quite fair, sinc(:' the 64,000 bit/s signal carries more 

1 han ju~1 t he pure "information ('ontenl" .of spe(:'ch; if does show however, tbat speech 

• is n hi~hly rt'dundanl si~naL 

- 1 9 -
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l ncreasing the l!it rat e of a coded si~;lal liB proves 1 he lU'(' Uf'H'y of th" t h(' si~"HI 

representation, and thus imprdves tilt' fidehty of the deco'ded ~i)!;IH11. '1'0 I\lrrt'IIW 

coclin~ arcur\,cy wtfhout an incrl"ase in bit rate, the complexlty of t Il!' ('mlt'r llIU!;t 

» 

be increa~t'd- so il <"an mort' efficiently exploit ~i/!,Ilal red'ulldillU i(·~. Thi~ inCH'ItM·.. ~ 

in complexity imphes increased hardware n('ed~ and lar~('r comput al 10llal nlpnnty, 

resulting ln lncr~ases III the cosl of IUlplt'IlWlltlTl)!; the (odiJ1~ al)!;onthlll 

Thus, in choosmg the appropriatt' codinp; al/!:orit hlll for il parllntlar ILpplifllt iOIl, 

tracleoffs must. be macle amongst t hree lnlerrdéllt'd fa('tor~ hit rait-. eOlllplexlty, Ilnd 

cost. These trad~offs will be discussed ln Ihi~ ~('ctloll in tIlt' ClHltt'xl of IL èodlll)l; 

algorithm sUltable for audIO archlving. 

As outlined in Section 2, t.he audIO archiw's of COlln'rn III t hi~ work ar(' ('omposf'd 

of hoth sp~{'rh and musIc - typieally equaI quanlita's of e(\c1I. Allhou/o!;h thert' il> Il 

vast amount of ongOlng research into speech codlllp; 1:1,J(i!, vlflually no work at ail 

• r-
has been specifically tailored towards IIlUSI< . 

Fortunately, ~peech and mUSIC have ~Jlnilar properhes, and IlIleIlI1!;f'lIt (hoi( ei'> from 

the availahle array of speech codmg options I<'ad easily 10 an alJ!;ont hlll <'Ilitahlt, for 

both sources. 
t 

o 

ln understandmg these propertleb, Uls- 1>1)('clo~rallJ l~ rUI Jnvaillilblt· 1.001. In Fi~" 
( 

ure 3.1, a wideband specto&ram of the spokell pllTil'>(· .... SIIl' l)1)fII~ t()a~t" li'> ~iv('T1. TIlt' 

spectogram is a three dimensIOn al plot, IHt'sclItlfl1!; fre(jucIIcy 011 the vert.ical axih, 
~ 

time on the horizontal axis, and intensJly a ... tllf' darklleb~ oi f lit' di!\play, 'l'hm" Il 

large amount of energy persisting in a certain frt'queIlcy hand for a long PNio.d of 

time will appear ah a clark honzon1al bar. 

, Speèch waveforms can he broken clown into two hroad ("at('~or~cl>, hoth of wllJch 

are visible in Figure 3.1: sibilants (voiced speech) and ffICativel> (ulI-,v(j)('('d IIp('(>cll). 
c 

Sibilants (phonemes such as lei, Iii, /m/, /w/) Ili'>f' the [H'T10di(' vibratioJlh of tllf' 

vocal rords as their ~~und sourre. The hIle bP('(ffl'JlII produCf'(1 hy 111/' vo(aJ ('()rdi'> li'> 

shaped by the vocal trad (tongue, te('tt~ lil'~, p"alatt', (·tc.) 1.0 produ{'(' ft ~JlectrulII 

·20 -.. 
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Figure 3.1 Audio Spectogram: "She Burns Toast" 

<,ontaining resonances. Such resonances are known as formants, and ,!-ppear in Figure 
1 ~ 

3.1 as a vertical series of TOughly horizont al bars, such as t hose seen between the 

18fOOO~2Z",OOO sample mark of Figure 3.1, correspondi.ng 10 the "oa" m "toast". 

" 
In Figure 3.2, t h~ spect ogram of a serjes of piano notes shows the same formant 

strudure. In t1~is case, the spectrum is formed by a vibrating st.eel st.ring source, and 

is shaped by the piano cabinet; however, the piano ~pectrum is remarkably similar to 

that of the voire sibilant, the major differenees bei'ng: 

• greater energy in t.he high frequeney formants than seen in voiee spectra; 

• p,frt:".r and .. more clearly defined' formant s t han seen in voiee spectra; 

• very $udden spectrum <,hanges; t.hé piano notes have a much faster attaek 

than voice phonemes, <And often a nlUch longer sustain. 

- 21 -
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Figure 3.2 Audio Spectogram: Piano 

.,...' 

The majority of non.percussi~e (and ROlllI' percusslve) imt.rullIcntf- 'exhibit similar' 

strMlg forman1 spedra (eg. the Ùumpe1'of [17]). 

The second speech category, ~r,icatives (phonenH's such ab Ifl, /6/, Iv /, lh!), mw 
turbule~t air, flow as a sound source, which,is again spec:t.rally sha[)('d "y, in tllÎh 

case, t.hé upper vo('~l trad. This r('~uJt.s in a broaùband high pahS bllf'd rum • .,uell ah 

that. seen at t~e 0 - 2800 sample mark of Figure 3.1, corrhponùing t.o the "sh" of 

"she". Again, a musical equivalent tb the fncative existl> a~ becn III Figur(' :L:J . thc' . , 

spectogram of a cym bal crash. . , 
Thus,., speech and music are quite similar, in that tF)(·y are to a large ('xt,ent both 

derived from, and relatJvely :vell-modeled by, line 5pe<"1 rUIIJ and white nois!' bour('e" 

spedrally shaped by a resonant. ravity. l 

At this p.oint, a decision can be made betw('en two broad clas&t's of ('odefls: Wavf • 
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Figure 3.3 Audio Spectqgram: Cyrnbal 

form coders\ and Source cod ers (also kno;wnjs VocodersJ 

Waveform cod ers are designed t.o re/roduce, as preoisely as possible, a given 
1 

audio wavefonu. They reconstruct the signal on a sample by sample basis, and after , , 
estima\lOg, t ransfoTlIling, or predicting a signal value, will generally transmit or store 

t.he diffN('uct' between t.he estima.te aud the original signal (t.he residual). 
~ . 

Source coder~, on t.he other hand, assume an audio source model, and code the 

signal in tt'rms of 111,e paran}('tt'rs of tha.t model. If the rnodel:does not accurately 

lllatch t he sourn' il\\'olved, codmg WIll be poor. If it does match weIl, great economies 

in storàge and t ral1hlllission ran be realized. Residuals are not transmitted or stored " 

in this cast'. Coding is also not performed on a sample by sample basis. Làrge blocks 
1 _ 

of code lllay be processed brfore det.ermining model parameters. 

ln speech applications, source cod ers can achieve ~1Uch lower bitrates than wave-

. . ' 
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1 
form coders whiIe maint.aining\sp~e-ch intelligibility, but sourc,<' rcid('n, tend to pt'rforlll , . 
poorly under non-ideal conditjons (i,e, with hackgrourrd noise), art' oft(,1\ speaker dt\, 

pendent, and t.end to sound art.ifieial. 
f 

~ 

Given the design criten~of S('ction 2,2. and the needs of 1ht' audio atclllV(', it I!> 

dear tha1 a waveform coder is required, No sin~le lIlod(·1 ('ollid accurat.dy d('srrillt' 
, ~ 

the wide variety of sôurce material 1.0 he coded'" Arclll\'inp; "ho fl'tl'lim; hi~h q\~t\lit V 
, 

and robustness, Thus, a waveform roder is the liat ural ch01c(' 

• 3.2 Time Versus Frequency DOlnain Coders 

Given that a waveform code~ is required, a second broad cholt,(' may 1l0W ht' l11/td(· 
'"' 1 • -

betwe-en. fmU' and frcqucncy domalll roder!> A!> showll ln Tablt> :~ l, llIi1ny dlp;orit hlJlh 

of eaeh type eXlst, 

Tmw Domam Freqlleney Domam 
Pulse Code ModulatIOn (PC'M) ~ub-band C'od('r (stW) 
Log-PC'M (Log-PC'M) 1 Adaptl~t' Transforu ('odf r (AT(') 
AdaptJve PCM (APC'M) TIIlIe Domam HarmonIe ('()JIIpr{· .. ~11l1i (TDII< ') 
DIfferentIai PC'M (D,PCM) .. 
Adaptive DIffèrentIal PCM (ADPCM) 
Delta ModulatIOn (DM) 
AdaptJve DM (ADM) 
AdaptIve Predictive Coder (A PC) 

·Table 3,1 Time vs. Frequency Domain Codinp; !\Igorithlllil 

Time domain coders ad directly on"the digitlzed spcech 5/tlllpl('" to either dirC'ctly 

t. quanÜze the source (peM, Log-PCM, APCM), or to'quantize tht' bOUr('(' via a-pr(' 

dlètion process (.DPCM, DM, ADM, ADPCM, APC), More effirient ('odf'rl> will adapt 
. 

paramete~s to match the current statistin. of th(' bignal beinp; ('Od('<1 (APCM, !\DM, 

ADPCM, APC). 

Frequency domain cod ers operate in the frequenry domalll vIa digital filtering . . 
(SBC), or through a mat hematical transfo,rlll (AT~', DU C), Ail of Olf' fre<juency 

domain codets in Table 3.1 adapt paraIpeters to matrh sourn' htatihtin, 

• - 24 . 
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Many otht>r mden, have been described in the bterature (an up-to-date summary 

Il> providrd in (41); only the most ("ommon are presented in Table 3.1. 

Givt>n tllc de!>ign' criteria of Section 2.2, and the wide vanations ln fidelity of 

typlca) archive material, a frequency domain <,oder was clearly indicated. Such a , 

cod('r could (·fficientl..,. sense the bandwldt h of t ht' material being re("orded, and adjust 

it" bitrat(· accordHlgly. 'Only tl}e information required to accurat~ly reproduce the 

original l>lgnaJ would thus he stoff'd, lea.dinp; 10 great econormes in archive storage 

span' . 
1 '1 

. 
'rwo freqJH'ncy, donrain algorJat,hms from Table 3.1 were considered to be ade-

(jualely f('l>('ardlf'd, and par1.1cularly weB suited for use in an audio archlve applic'}tion: 

th't" adapbve transform coder, and'the sub-band coder . 

. 
]1 waf> deClded 1 hat the adaptive transform coder could proviqe the high fre-

\ " 
q.uency fesollltlOn requifed f~r variable fidelity o/c~iving, at a lower complexity, and 

with less nUllleriè"'dl calculation, than the sub·hand coder. Bolh of the latter two 

fadors wou.ld h(' significant in achleving cflterion 3 of Section _2.2 - that of phys

Ical implellH'ntahibty on t'xisting processors. The adaptive t.ransform c'Oder (ATC) 

algorit.hlll wal> therefore chol'leJ.l af the basis for the variable rate archivmg algorithm 

pr('s{·IJt.ed in Sect ion 4. 

r ' .. 

. . 

It is inter('sting to note that the Comité Consultatif Internationale de télé

graphi()ut' et Téléphonique (CCITT) is currently stand~rdizing a wideband (64 kb/s) . . 
sub-band coding algorithm with the Sal~Hè' bandwidth as that used during the simula-

• 
t.ion tt'sting of .st'rtion;) Pl. This algorithm was designed wtth different goals in mind, 

howev~r, having'ô fixed rather th~n él: variable bitrate, a?d being designed s-pècifically 

for fixed bandwidth speech l , with music as only a minor consideration. 

A comparison made in Section 5.7 between the CCITT sub-band coder,' and 

the' variable rate archivillg algorithm of Secti<yt 4, shows that the silence deletion 

and variablè bi t rate properties of the proposed algorithm allow it to out perform the 

1 Provision is a~so made fo~ransllùsslOll of up to 16 kb/s of data 
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CCITT coder fqr narrowban<} SignaIs, and to prO\'I{}e th" IIlJ!;her qUl\.t.ty ffquirrd in 

an ~rchJ\'ing application (albeit al an Increas('d bitTaIt') fOf w)(!('band ~1p;111l1l\. 

3.3 The Adaptive Transform COd~L 

lIt thl~ s('rtlOn, the operatIOn of th(' tra(i1tlOnal ildapll\'e trnmforl11 ('Ot!I'f (AT(,) 

will be descrIbed, and an archlve-optillllzrd collection of lb vanatlOn!> ri !>ht'l1lhl«'d, , 

based on reseatch pubhshed III tI;e speech codiflp; htNat ~Ir<', 

The modIficatIOns made to the traditional ATC coder to provIClt> vémalll«' mil', 

are p;iven III the delailed al~orithlll descriptIOn of Ser!iol1 ,1 

3.3.1 Géneral • 

Early work on Iransforlll codinp; wa!> p('rforlJ1ed hy ('''1111)(111('11'11111.1 HohlllWI1 1 Hq. 

and by Wllltz [19J, in the early If1iO'b. THf' adaptlvf' transforlll (odl'r. III the forlll t.1l_ .. 

be used III Ihls work"wa~ inlroduce'd by Zeltnskl and Noll III l!lïï Iii. and hH~ Iwetl 

modified and improved smce then by several other!> 16, :,lO, 211. 

A11 overvlew of the ATC codmg schemt' 18 givcn in FI/l;ure :l.4, 

ln ATC cod1l1g, Il is the transform coefficients which are quanti;wd Ilnd stcm'd, 
. , 

rather t.han t he tUlle domain SIgnal osanqllf's 1 h elll sel ves Tllf' AT(' coder alsu aclart fi 
, . 

it.s quant iz~.t.lOn parameters 1.0 the short t-ernl btatil-o t )('8 of Ilu' III pu t h1/l;J1ill l'hi" 

results in a much higher quality than could be achieved hy a fix('d paralll(·t('r coder, 

but requîres Ihat the parameters be stored a~ sicle information a10ng wlth llw lIlain 

transfonn coefficient bltst.ream, 

> 

As shown in Figure 3.4, audio signal samples art' cO))('cled into blo< k!, hy t1l(' HI 

put buffer hefore processinp;. A SlUooth spt'ctrulII estirnat.c of t hi> Input sj~J1al Il-o tlwH 

made based on each block of mput sampl('s, as de!>crlhecl in Section :j.:~.4, ÎllId htof{·d 

via the side information hllstreall1. Tlle bufff'red (faUt "Iock II> aho trallhforI/wd (tyl' 

ically using a discrele cosine t ransform J, and <juantlzed to form tlH' malll informatIOn 
r-

bitstream .. Each transform coefiicien~ hab il separate <juantizer, in(bvieJually aclapt"d 
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ln th(' statistlCîi of that coefficient. The individual quantizer st.ep-slzes and bit allo

cations art> deflv(·d from the smooth spectrurtt"estimate. The main mforma,tion and 

!lJ()(' infon;latioll bitstreallls are then multiplexed (MPX), and written to th,e niass 

iltora~{' medlUIII, 

VVht'1I dt'codinp; th(' signal, a similar but reversed process is used. The side and 

lJIaHl information bit.l'-treams are de-multiplexed, and 1he Slllooth spectrum estirnate 

is recovered from the side Informat.ion. This aIIows"the quantizer step-sizes and bit 

allocations to he re-generated, and thus the transform roeffinents 10 he recovered from 

th(" lllalll information bltstream. The decoded output samplt's art' tht'TI availa.ble""ff.er 

inverl'ôt' transforminp; 1 he recovered tran"iforrn coefficient s. 

3.3.2 The Transform Algorithm 

The first step in assell1blin~ an t'fficient transform coder is the rIrice of an ap-

- f7 - " 
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propriate Iransform al~orJlhlll. 

The efficienCle~ of the transform «(}d\n~ approé\,( Il rrly on Irllll ... fofllll!lJ!; 1 hr II\plll 

sIgnal into a set of uncorrelaled codficH'nb III the traul\forlll dOIlll\;lll 'l'lw1\(' rod 

finents Illay then he quanllzed inùl\ldulilly wllh ))\(1"')('11(1('111 qlli\ntll'I'rl-o optlllllllh 

sUlted 10 Ihe statlstlcs of eadJ pdrlH lI\ar codliclt'!lt. \\ Ith !lO \0":"'\111 (lv('rall wdn 
1. 

perfornlance (Indeprndelll qU<l,nflzatlOll abo al10\\ ~ qllillltll'atlOlI l'rtoT (IIOI:'c) 10 1H' 

spread t hrou~houl 1 he freqllellcy ~P('( 1 rU1I1 III Ill!' 1I1.llIlwr \f'a~1 (}f1('II~I\'(' 10 t l\(, Itl1 

man ear. Thisfocan redu~e Ih(' pern'I\'t'd cfll'ch, (If qu.lIlflzatloll 1I01M' '~hu~, 11\1' 

performance of éI transforlll (OÙJ n~ ~(IWIIlf' 1'" df'!>f'lIl'1alll (III 

• efficient quantJzation of tll(' Irall ... foTIII (,ol'lIIc \l'III~ (rl'qlllrJIII-( 1IJ1('lIlf,!;('nl IJlI 

allocatlOlI and quanllz('r ~t(,p-SIZ(> rill( ulallOlI :.lralq.!;11'''')' 

• ail etficH'nt df'-coTTelatlllg 1 r<lll ... forlll algorlt !Jill 

De-correlatIOn of the Inpul ~Ign,t1 before ql1ar~4 IzatlOlI Ih a way of f'x-ploltllll!; ~1f,!;II,t1 

correlalJOns (redundanCleh) 10 ilch)('vr il highrr :Olgnal 10 1I0lhe rtl.tlO ,tfln qualltlzltllOlI 

thaft would have been pos~lble with ... tralght quantizatlOIl of th(' lilllt' dOlllain !>1~1I1l1. 

Thus, USlng the san](' avt'rage I1ulIIlJ('r of hlt~ IJer samplf' in ('arh ·Cél ... ", /1 !>I~nill (jllllll, 
1Jzed aftf'r t~Q.rz.Sfor lalion will be of hlgher quahty than th" ~alll(' "1 J!;II al qlHllllnwd 

without transf rmatlOn. ., , 
For a perfec1 de-çorre1at.ing tramform, t h(' 1 }){'f}f('fH al ~aill III !o.LgJlal to !IOIS(' ratIO 

to be made by quantizing after transformatlOlI, (,'T(', ha!> 1)(:('11 i-hoWII 10 1)(' 17, !~l, 

N 1 

1 L .\''2(1,') 
,V k (J 

1/ Jo: ' 

,; 

where, _\"(11'), for 0 ::: k <: N - 1 are the tramforllJ (ot>fherentb; and, 1\'. II. Hw 1f'lIgtb 

of the inptlt sIgnaI hlock. 
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1 Ilf' ~,Ll" I~ IhlJ~ I}1f' r,1111J of I}I!' <lnlhllJ('ll(, anrl 

f"rlll 1 ,)l'fll' ll'id' '11J!,lIal~ \\11 Il . 11I"lk \ ,. "PI'( 1 r,t (1 l' ~Igna]., pO""('''''Jn!!; st Ton/!; rt'so

IlrlIICI'" flJrlllrlllh) lhll" ",d/lwlwfll IIlore frolll lrarr.,foflll codai/!; lÎlan id!!;nals wlth fiat 

l'r/'VII,II'' v,(Jrh h,t" "llOVdl tlt,!1 lllf' tran"forlll algoflthm rcqUJT('d 10 provl~lc total 

d, IlJrr..!,t1loll (Jf IIJ(' trall,,foflll (odll('fcrrl" '" thl"harhulwn-Loeve Transf rm (KLT), 

l '1 Ilf' hL', ,tI J!,(JfI 1 h,ll ho\\/'\ Cf, 1" dqw"dt'nt 011 iol~llal <;t atl~llcs, al 8 the denvahon 

of Il' t r,lll"foflll 111,11 flX ('II'III"llt" 1" ri (olllplex pro(,(>i>~ ln addltlOll, 10 fast algoTlthmfo 

for 1111' (Olllptr1,dJII of hLT lran ... forlll (o('flicrenf~. The LT thus fails 10 

11/1'/'1 ('flll'rlO/l '1. of Sr'( tlOlI 2:! (1 (' the fequlff'lIlent lh<l1 Ih(' codmg algorithm be 

Illlp/r'IIIf'IILlh/,' III f(',d t 1111(', 011' (,XI~tlllg dl/!;Ital !-Ignid pro('(> ... qn~ d(,"lce5), and a Je!-.s 
( 

11Ir111f'rI( ,t1h IIJI('II"I\(' t r,III,fof\11 of rOllghl~ equI\'alclll Iwrforlllall('(' llIl}!it be ehosen 

Il f ,,' .; l' r ,II ,t1 J!, tI fi l ''"l' (1 } II' h ,If h Il \1 l'II L () r > \ l'. v\ rll ,;Il Il a ri a III a rd, d" cr (' 1 e S'! an t, dis c Te t e 
- y 

\ 

1'(lllrl«'r. ,llId dl,(r,'I(' (O<.,lIJ<' lr,III ... foflll') ha\(' "h(J\\II. litaI, the D('T approaehes the 
V 

pnlurtll.\ll«' <)f ~1J(' hLI lor \.\r~(' 1Ilot!- "1/.(" (011 tilt' orrlt'r of 0121:1 samples), lï]. 

1 lit' 1 )I~! n'te F()1lflCr '1 rtlll ... foflll (Dt"] ) <ll"o approadw~ 1 h(' ~lIlante of the KLT, 

1 hOll/.dl Ilot ,,~ r"Jllrl" (t Il<' 'Igllrll 10 1I00:-.e rallo (SNH) perforJllrlflCe of the DCT IS 4 

tu ') dll IligIII'r Ihal~ tilt' DF', dl I:ZH i>ampb/bJock lïl) 
( 

()lht'r \\Ork ha, .. h()~11 thal 1111' ])('T produces fewer hOlllldar,) effeets than the 

')F r, Il'ildlllg tu f('duu'cl .. ( !Je!-" alld "bu~blmg" disto.rtlOn at the block rate [6], FI

Il,dl.\, the IH ''1' ~d.llJh(' :-ohm\ 1110 ha\(> the SRlllé spectral em'eIope as the DFT speclrulll , 

Ih 'l'II(' 1)( ''1 "P('( lrllfll l' thll<" dneclly related to th€' true [requene)' proper1Jes of 

the 11\(1111 "lgHill. alld frlClhtrlle., :-'JH'ctral nOise shaplflg \'la effiCIent bit allocatIOn. 

lïw 1)(' rI!>. fOf thes(' rerl~on~, the trans[oflll'of choin.> in the traditional adaptlve . ' -
t r(\I1~fnflll roder. and ha:-. bC('JI chosell for u~e ln t he variable rate aTchivmg algorit hm 

of "t'C t HIll 

... 

.. ' 

.. 
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and the Inverst> tramforlll ~I\('n h~ 

.r ( Il ) 
\~I t(2111 !)7rJ,j 

\' X(J..)c(J.)co ... ,) 
J. li - \ 

lor Il 1/ \ 1. 

whert> In bot h ra ... f' .... 

c (J,) 
r 1. lor J. 0, 

l '\ !:!. for J, " 
3.3.3 Windowing 

An Important ron"lClcrallOn III the ~P('( tral pro( ('''''''1 Il/!, (II ~I Illput ~1~lIal 011 1\ - ~ . 
hlork-b)-hlo(k ba~lh. h ho\', !H'st to wlnùow ('I\(h III l'lit Ido( k Ali ,tc!aptlv(, trall~f(lrlll 

• rOc!Pf. III pro(t>~hin~ 1\ ~lgTlal "Io(k il' HI pff('c1 !lPrfOfllllllg d ... h()rt tlllll' "p(·ctrlll itllaIV'I" 

of the Input ~Igllal at the tlllll' of tht' hlock III tctklli/!, ri "hoft tlllll' d,tla 1,lo( k, Il)(' 

"In fi nit t> 1f'lIg1 h" Illpul slP;Ildl. J'( 11), ha ... ht>f'1I 1II11111)1lll'cI il) '\. rc'( 1 <llIglllar illlalY'li'o 

Wlndov., 11'( 1/). of IIIC fOflII 

f ~), for 'X Il (J, 

11'(11) '--- for 0 11 1\' l, 
l (l for 1\ 1/ ' rx. . , 

w ht>fC, IV, IS Iht> length of Il](' input blo< k 

LettIn/!; the dlscrele FOUrier tramfOflII (UFl) of .rln) 1)(' ,\(1,), aut! Ilw I>FToof 

11'(n) be 1r(J.'), wheft> the DFT, al'> lJ~uill 1::- (I('fil)('c! ct,,: 

NI 
X (J.-) =- L .r( 1~)/ for O.' 1. l' , (:\ 1) 

n () 

the DFT of the input block. u'( 7t )J'( Il). wJ!1 1)(' \ (J.) .. Il (J.) 2,1. wlwf(' .. dl'lIotl'" 

nrrular convolution. Thù~, the' .1IJaglllt udf' of nif' DF'J of t "t· IIIpul 101~lIal hlIH k 

provldes not tht> spectrum ofetht> "tflH'" 11Iput '>Igllal, but tllf' ~J>(>ctrullI of titi" IIIplll 

sIgnaI ('onvolvt>d with tht' !>1H'rlruJII of 1 he wllldow, /II( Tl ). FOf optllllai fr(>(I'If'III} 

resolution. the window W(lI) should thll~ J(h'all) Iw cho'>{'11 sud. that if-. ''!)l'dru/lllh Il 

UJ- • 

1 
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• 
• 

~llIglf' 1 IIIJ)lJ1 !->(' at a radIan Irpqupnry of "'" ~ 0 Thi5 would however, result in a wmdow. 

of IlIfllllft> If'nglh trI III/' tllJ)(, domam, and the wlfldow would no longer provlde the 

cJ('''lfhl "!->alllplp" of loral !->ll!;nal rhar~ctemtlcs WlIIdow df."sign thus iRvolves tradeoffs 

Iw\ W('('/I tlIlH' and fn'quenry dOlllaIn pcrformanrf." l\1any romprOllme window designs 

('X 1"'\.IIl t Il(" (hgltill slgJléJ...pro('('ssmg litprat urp 120, 26,. 

AIl WIJldow~ ex('('p\ the r('('tanf!;ular wlndow of Equation (3.3) require overlap-

1>l1I1!; of adJiH'('n\ IIlptlt block ... , ane! a corrpsponding Increase ln bitraie, durlllg signal , 
o.,ylltlJ('!->I~ At low bIt rat (':-', it has ht>en showJI 1TI the spef'rh codmg literature [26], 

t 

Ibat wlnt!owllIp; redu«':-, dl:-,tortlon due to block end efferls. Give~ the high quality 

r('(JlJJred for arrlllvlIIP; how('vpr, no bll!;mfirallt end f'fff'ct" arf' exppct~d\ and wlndowin'g 

wtll Ilot provld(· heJl(·fih 10 t lw ~a/J1e extent. 

WUJ(lowllIg howl'v('r, ctll--O rf."dures spectral hllleanng. ~llls ib an Important con-

o.,ldt'ratlOlI iIl arrhlv\Jlg. wh{'r(' narrowband slgnal~ wdl often he over-sampled-. 1f these , 
blgrlf\l" wef(' ln hprei\d he)'olld thelf origmal bandwldt h~, bif~ WIll bf' assIgned need-

11':-,:--1,\ to l'xtraJlt'OUb lllp;h frequl'nry components. 

Ali H!cal window for sJwrch aT7ing would therefore offer an app;opriat.e COIll

prOllllhl' llt'tw('(,J\ the z('ro-ov('rlap \'ctan/?:1l1ar. wlTIdow, and the sup't'rior frequency 

resollltloJ\ and resllltin~ decrt>(lse lI1 spectral smearin~ ofl~red by smoother windows. 

SHch a ,Compromise IR convenient.ly found III the adjustable form of a cosme rolloff 
~ . 

, 
. This wJIldow ha~ therf'fore heen chosen for use in the variable ratt> archiving algorithin 

of ScctlOn 4. The rosine rolloff window~ 11'(71), is glven by: 

!l'( TI ) 

• 

1 
--[- - - - ---1l' n---n 
2 1 ~A!~)J . 

- rOl-~l 
1 - ---,-~--

(
_1l'( AI -+ J - Il))] 

M + 1 

. .1' J -

for 0 ~ 11 ~ M -1; 

for 1\1 ~ n ::; N - !If - 1; 

for ]V -!If ~ n ~ N -1 ; 

.. 

(3,5 ) 
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Figure 3.5 Cmlllt' }{ollotr \V III1)OW 

where {he parameter M can he vam·d to control Iht' IIl/llIhrf of "fllllp)('" ,Wllldi (IV~'P 

hetween successIve hloch 

3.3.4 The Smooth Spectrum Estimate 

1 A~ outimeJ III Se('{lOll :~ JI, 1 he adaptlve (raU!:IIUTIIl ~('T ft'<jU)f('l-> 1 hal il (,olllpaci 

description of t.he lIlput sIgnai spectrurn bt' ~toTf'd one(' I~(·r hlock "" "11)(' IUfOflllrltiOlI. 

To meet this t'eqUlrement, the a&SuÎllptlOll Ih made thal tlte input "1 I!, Il al hli('rt rUlIl 

ran be approxilllateJ by a SlIlooth spectru'lI curVf>. Thl!-. &1II(1O~ h !-.p('('1 rU1I1 ('l->tllllate> 

can be- ston'd much more rompactly than the origmal spf'ctrulll, and will 1)(' IJM'd \'y 

hot h the coder and the decoder 10 calculate adaptive bit allocatIon!! éLnd <jllantizer 

st.ep-sizes, a~d thus 10 quantize/reconstruct thp tranf.forlll c<wffici(·nt~. 
.. 

To preserve the effiCiency of the ATC roding M·!]('IIW. dl(' anlOunt of information 

required to siore the spectrulll e!-.timalp IIII1!!t h"~ kepl a!-. !Iman af, pC)f,!-.ihl(·. '1 hT('(' 
, J 

llle.hods for generating a space ('/fi < jf'Jlt Mlloot It 1I1wct nllll ('&t ÎlIlat(· hav(' I)t'('n pro 

posed in the ATC ht erat ure: 

~ 
- :12 -
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1) The Lo~·Avt>ra~(> Estlfnate 17]; 
Z) 'l'II(' Linear PredlctlOII Estllnate [6;; 
:~) TIIf' HOlllomorphie- .EhtilI1ate 120J. 

The Log· A vnagc' ('st1mate was proposed by Zehnskl and Noll in their introduct.ory 

JHI.JH·f on ATC codlJl)!;, 17], in 1977. As shown in Figure 3.6, this scheme averages a 

group of JJ('ll!;hhollflrlg spt"ct.ral valuch to pro'(Jllce a smgle value reprdentative of the 

'('utirc J!;fOllp. 

1 

The bpect ra) curve to 1)(' averaged IS composed of the. transform coefficients 

!I<Jnared, (Tl, (Fll!;llrc 3.(;11..): 

. J 
.) [2] (Tf. --:- log X (1..) for 0 < k < .IV _.}. - - , ( 3.6.) 

/ ~ 

w I)('re, X (/,.) is the !>et of t ransform coefficient.s (Equation (3.!)), aIl,cl N is the trans

form hlock )f',q:!;t h. The cu-rve i5 1 hen split in~o s111all segulents, and representative 

ilv('rap,f' I)(\!,i~ vallle~. ir'2, (FIgure ::l.6b), are calculaled, quantJzed, 'and stored as sicle 

infortllatlOlI ln the ATC scheme of 171, a 128 pOint transform was represented by 16 

hllblll vall1(,~ of;"'2 Thus., grollp~ of H coefficients were averaged, and through eoarse 

quantizatlOn, the total bIde informat.lOn bitrate was held to 2 kb/!> (2 bitsjbasis value 
1.) 

at an 8 kHz sampbng rate). J'he final smooth sp~ctrum estimate, ir~, (Figure 3.6c) 

is then dNived by liu('arly IJ\terpolating between the basis values; ô-2 . 

. ; 
Ait hough t he Log-A verage method Îs effective and sImple, ~10re efficient spectrulll,,.-

slUoot.hing t.eehniqile~ have been developed sinee it..s int.roduction. Gne such tethnique 

~s based 011 LlDear Predictive Coding (LPC). This technique uses an aut~regressive 

model 1.0 simulat.e the spect.ral behaviour of the input signal. _ . 
I~I t.he LPC apPfoach, advantage is taken of.the {ad that speech, and as outlined 

in St'ct ion 3.1, music signals, are characterized primarily by resonanees [27]/ Thus, 
'.II • 

an aB-pole si~lJal modd is used, with a transfer function of the form: 

(3.7) 

1 \ 
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Wht>ff', th;:- a(J.·) are a !let ofllflear prediction (of'ff1(')('nts, G is a scaling factor, Np is thè---
• 

• rÎnmtH'r of predictors used, and:: IS the complpx domain variable of the mathematical 

z-transforlll 12H,29j, whlch maps a discrete sequence X(11) onto X(z) such that:" 

00 

X(z) = L: X(71)' ::-n. 
n=-I)O 

The respc;nM' of H(::), ('alculate~ as: 1 H(::) 1 at z e}W, is the desired smooih 

spectruIll f'btimate. 

Pole-zerJo signal llIotlels, with transfer )unctions of the form: 

l/(::)-G·-

Nq 

1 + 2: b( l) . ::;-1 
1=] 

NI' ~ 
(3.8) 

~ 1 _ \-- (~ ) - k 

p,ovid,- '" ,- >r per;o,,~.t.'.- ,~lative to th:::pole :lOdel of Equation (3.7), but do 

(' expeme of grel~~ increased complexity. For the alI-pole model, optimal - . 
vaJucf, (in the seme of ach)('ving a mininium mean square predictIOn residual error) of , 

t hl' c<wflic]('nb a(J.·) cali !)(' found through the ~olutlOn of a set oflinear equations. In 

additioll. dficic1 r('ctltSlve algorit.hms exist to find this solution]. The full pole-zero 

tlIodl'l how('\:cr, g('n~rally requir('s the solution of a set of non-linear equations. All

pole llIodds have heC1} provén ad('quate fo~ speech coding, since speech production is 

a fllndalllcnt a'!ly all-pole pro<:"CSb. Ait hough archlve material other than speech may' 

wdl cont.aill si~riifi<:"a1\t zero ronknt. t.he transfer function of Equation (3. ï) will be 

" used in this work, h; minimize complexity. 

The first step in produciI)g the LPC' slllooth spect.rum estimat.e is to find the 
-

va]ueb, a( 1.,), which sat.isfy as exact l~ aÏ> possi ble, t.he Np-pole prediction equation: 

N" 
.r(1l)::': L (1(1.-) • • r(n - k) for 1:; 11 :; N. (3.9) 

~'':;:'' 1 

The input ~nal .l'( 71), is thus to be predicted from a weight('d linear co~bination of 

il!; past \'alues. 

1 For tXlllllp)t'. tht Lf'vinson/Durbin rf'cursion of t'quation St! (3.12) 

. 1 
- S.r, -

J 
, 

) 
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. 
Sine!:' no reQ,1 world sign RI will contorlll exact 1)' t 0 the i 11\ pulli(' n'~p()nh(' of t he' 

Np.pol!:' filter, exact values f9r a(~') will Ilot <,xist. and l'OlllIH011liloo(' valut'h, optimum 

in SOIlle sel16e, must be found. 

One such compromise involves minilllizlt\~ the Il)('an squan> din'eu'l1ft' betw('t't1 

the predicted value of the input si~llal .;'(11), and it& t.rue value J'(I/). Thil- rl'tJuim, 

that [30]: 

for a minimum- of E[ {.r( 11) - .i-(n)} 2] . 
. . 

8 [ • ;-- E{[.r(l1) 
âa!, 

1 

0; 

for all predld or coefficit'nt sa!,. Thus, 

[ { 
.} iJ f E 2 .c( 11) -:r( 11 ) • -. - ) 

()a k l 
.i·( 11 ) } 1 0, 

and, 

o· , 

where Ely] denotes .lhe expected value of y. 
, 

Thus the orthogonahty principl('l holdlo., and il ('.an he showJI [30j- that optimal 

values for a( I..) are chosen if: 

Np 

rU) = L 0(1.-}· r( li - k 1), O"SJ:,N-J; (3.10) 
- k= 1 

'wh~re r(j) is the autocoHf'lation function of the input signal, calculated as:. 
'. , 

-. (3.11) 

Although optimal values of a( k f can he cakulated from Equation (a~.lO) through 

straightforward matrix maIlip~lôtioJls, or through IL triangular mairix d(>c-oJIIIH)l-ition 

1 For a nùnimum mean square error, the predH'IÎc)Jt (o .. ffiurnh must h~ cho; .. n SI) Ihal tht rr~uItUJ~ 
',.J;!!.fdlction error, 15 orthogonal to thr datd used 10 ~al{ ulah' the <'oefflclents ' 

- 16 ' 

1 

\. 

• 
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;:{l]; a~ iJl(!Jcat(~(1 above, an -(>fficient recurslve algorithm i'ntroduced l?y Levinson and 

modifi('o by Durbm exis4ls [271. 
1 

Solution hy Levinson/Durbin recursion expresses predictor coefficient values for 

a fly'it,f'l/l JlIodt'l of order l, in tenm of predlctor coeffiCIent values for a model of order 

1 1. 'l'lit' r('('urf,ion he~IIlf, at 1 --' } and continues l'tep by ster until i == Np, using 
, 

th(' followirlf~ S(·t of ('quatiolls: 

-.' 

1.-( 1 ) 

for l~jS:l-l; 

The pro(('ss is initialized by setting (2(0) == ~(O), so that k(l) =- -r(l)/r(O). The 

final set of optimized predictor ~coefficien,t.s i\ given by: , 

At ca,ch l't,age ôf the recursion, the eurrent mean square prediction error f2(z), is 

produced as an int.ermediat.e result. Another intermediate resqIt. is the set.: 

1..( l ) 

of reflec1 ion coefficients (also known in t.he statistical lit.erature as part.ial correlation 

coefficient!.). The />'(/) are rest~icted numerically t.o t.he range -1 ::; k(z) ::; +1, and 

are t.hus cOl1w'ment to quantize. For this reason, it is traditionally the set. k( i) that 

h. quantizt'd (lll>ually after a non-linear transformation) and sent as side information, 

ratht'r than li\(' pr('didor coefficients a(/':). 

Giv(>n a !>('toof predktôr coefficients a(k). the slllooth spectnim estimate (t.o be 

rt'àlized (t~ the rel>ponse J H(:;) 1 of Equation (3.7) can now pe found via the îollowing o_ 

f 
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1) The respOIlse, d( J..), of the denomÎnator of H(:) i~ found throu~h a '!.f\i IHlillt 

DFT of the sequence (l'(k): 

- d( 1..) := 1 DFT[a'(I.')] 1;-

where, 
, 

r for 1.. 0; 

.... a'Ut') =- -a(1.-), for 1 ::-- ~. ':::- 1\'1); 

0, for 1\'1' + l '-. 1.' <, 2.\' 1 ; 
-

the DFT is perfofIlied as gÎven in Equation UL4); andoN rt"prt's('J1t~ 111(' 

length of a block 

2) The response, \1(1.'), correspondinp; to H(:), h. round hy inv('rtin~ J(J.:): 

0.<1.·' IV 1. , 

'3) \'U) is scalecl SQ that the total enf'r~y of tht' truc lopec1rullI .\'2(1.') ('qulIl), 

the total enrl-gy of the smoothed t;htimatf' 11(1.'), (I.{'.) hO that· 

N-l N- 1 

L X 2(A'):- L 1'(1.-). 
k=-O k-~O 

Then, 

v(k) ::.: G - V(k), o ~ 1.. < N 1; (3.1:1) 

where, 
N-l 

L' X 2(1.» 

G ::1 A-=O -- (3.11) 
N --} 

L F(A·) 
k::.:O 

" 
and, X (k), is the set of DeT transfùrm coefficient fi (E(juation (3.) )). 

Th~ final- smooth spec·trum estimate is thu& v(I.~). 

A modification to the LPe 'es.t.imate procedure as df'scri bf'd to thih point, Will> 

proposed by Triboltt and Crochiere in 19ï9 [6] .. This enhancemt'nt add" il pitd. morh·) 

to represent pitch striations in the &peech slwdrum. For archiving JHlfPOM'b hOwf'V('r, 

it was not dear that the pitch striation!'> prf'ht"I1t in ~p('e('h would ah,o O('CIU tu tht' 

. • :1", -
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"auw extrnt in olher auùio ~)~nah,. lt has also been shown, 126J, that i~lproV{,IJIt>nll, 

fi u(' to tht' pittI!, mode! are often speaker ùependent. Thus, due to the complexlty 

ad<lt·d by the pitch caleulatlOm, this t'nhanced linear prediction procedure was not 

cOn!>uJered in the present work. 

The third sllIooth Sp('ct,Tum estimatmg procedure proposed in the ATC Iiterature 

1J!oo{'S a hOlllomorphie vocodf'r model to develop a ce}'lstral spectral estimate: In this 

approél't'h., publi~hcd hy Crochlere and Cox ln 1981 [20), a pseudospedrum, c( n), of 

Hw input SIgnai ib calculated once per block as the invetrse SDFT of the sequence 

X'(k}, !I(>f)VI'(! from the transform coeffiCIents, X(k'), as: 

x' (k·) ~ log-[ 1 x (k) 1] for 0 S; h ~ N -1; 

('(TI) - SDFT~I{X'(k)}. 

'l'Il(' SDFT (Symmetric Discrete Fourier Transform) of an lV-point. sequence x(n), is 

defillecl as th~ 2]\/- point DFT of the sequence x'(n), where: 

, {.r(n), for 0 S; n S; N; 
;r (}l) = .r(2N _ n), r N 1 < 2N 1 lor + _ 71 'S -. 

'l'hus, t.he SDFT is a real 1.0 real transform. 

A ccpstrulll approximation, C'(71), is then formed by retaining t.he first 10 t.o 14 

valut's of c( 71), and discar~ing t.he rest. The c' (11) values are quantize~ and st.ored 

as "icle information. To recover the smooth spectrum estimate, the sequence c'(n) 

i!l pacldf'd WitJl zero:, and SDFT'cl 1.0 produce a sll100thed version of tlt!e original log 

magnitude sped.rulll X'(k·). In [201l-X'(J.·) is used directly to 10garÙhmically quantize 

the transform coefficients, and 1.0 compute the quantizer step-sizes. 

There are t.hus t.hree spect.rum SIlloot hing met hods pot.entially suitable for use 

in an tludio archive transform cod!"T. For {'"Oder bit rates in the range 9.6 - 16 kb/s, 

the homomorphie and L'PC methods have been found to be clearly superior 1.0 the 
-. 

log-avt.ragt" scheme [6, 20J. Above t.his range very little w.ork has been clone, but 

reports oT similar performance [6], and of slightly improved performance for the LPC 

over th(! log-average scheme 126] can be found. 
-. 
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---~------------------------------------------........................................ .. 

Despite its incfeas<,d cOIllplexlt~ 0\ er t hl' lo~-a\'eril)!:!' 1IIt'1 holl, 1 hl' Lt'(· !>dt('lIIl' 

was chosen for use)J1 t h<, vanable ratt' al~orit hlll~)f St'ct iOIl -1. for t 11(' followillp; r{'I\~()m' 

• ,The LPC physical model Il' ba!>('d on re!>01HUlC(,!>, \\ hi..!1 pro\ id<" Il slomv;(' 

frame\\ork doser to the physl('allllechal11~llI of l'pt'('ch alllllllll~1< produdlUlI 

t han the 6t her mode!!.; 

• The LPC mode! p~ovidph the \)('!>t fit of ally of 111<' ()pti()l1~ prt'!>('llt"d ,dlOV(', 

1II areas of hi~h spectral <'IIC'TP;Y (1 p, near fOf1I1t1I1f:..). "lwTI' Ihe :o.1~1I1l1 IJlII!>! 

be encoded 1l10~t an'uratt'I~; 

• -The use of refledlOn cot'fficwllts provJrtp, iI.IIlp;ldr ('fliCH'lIt IIWéllI" f()~ !>torJlIg 

the LPC' spt'ct ruUl estimaIt">. 

fi 
• The LPC III t'! hoc! lias bt't'II wei) rt's{'ardll'd III Ilw hlH't'( h (OdlllP; hln,dur/' 

and effinent lIIethod~ have beell developell for IIi- IIl1plt'III!'III," 1011. 

• The LPC Il1ethod. USIll~ the final pr('.di( tlOl1 ('rror (FPE) (ntl'f1011 .lIItto 

du('ed in SectlOlI 4, ib ('onvenwntly adju!>ttlhlc tu thl' Vilflilhl(' IJJtr,.f('·:.dwIIJ(' 

required tor ar<'hivlBg. " " 

3.3.5 Bit Allocatiol1 

• 
The allocation of bits amongst the transfOTIII coetficwn1h 1:' of IIIl1jor importanc(' 

in ATC cotJ.ing. This allortIon controh. tht" distnlJlltioll of (l'lantizntJ()Jl'JloiM' HI tlw 

frequency domain, and t.hus tht" perc{:'ptual quahty of tht' ('miN 

3.3.5.1 Optimal Bit Assignment 

In order to d5termme an optimal bit aSblgnIllf'nt, It:i- ~f'rJ('rally iti-buJJwd tbat UH' 

transfl>rm coeffiCIents <"an be approximated by an indep('ndent identi(ally diro.trihutrd 
"--r-

G~ussian souree. As outlined !TI Section '3.3.2, thi!> a!>bumptioJl .1> f('a:.onahl(" If dl(' 

coder transform (in this case t he neT) ~flkiently d('-('orrf"lat~ tJIf' III pu t bl~nilJ baJJ1-

pIes. Renee, the tlansform coefficients are viewed al'> il <."01u1I111 ve('fof of N billllplf'" 
, 

taken from a continuous source, which are to lw individually quaYltlzed III ft way tha1 
.' 
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11IiniIJ\l:/,t'l> Ill(' overalJ meaJl square error incur'rf'd in quantIzinp; the block: Glven this 

ah~lIl11ptIOJl, rf>"illlts f;om rate (h~tortlOn theory show that the o~imal bIt assignmeI}t 

for a Can!o>!o>lan hOllrc('~j!o> 122]: 

IJ( l) __ !! .+! logz [t72~~] 
N 2 J) 

(3 15) 

W II" rt>, 

h(z) Ih th<, optut'Jal number of bIts to be assl~ned to tranpform coefficient X(i); 

tT 2(1) 11-> tll(' variance of transform coeffiCIent X(l), whlch will be approx1mated 

by: tTz(i):::; X 2(z); 

/J I~ t Iw average lIlean square distortlOn l'ncurred in quantizing the b~ 

li I~ the tol,t! numher of bIts available for quantJzing the block . 
.. 

IV I~ 1Iw It'n~t li of t lit' block. 

"",Ciw'n that the llleaIl hquare distortion Incurred ln quantlzlng transform coeffiCIent 

1 i~ d( 1), it can t)f' ~hown, t hat. for a minimUlJl overall block mean dIstortion 1321: 

D =- d(!} for 1 < 1 S ]\', 

and, 

1 N~ 
D = N L d(t). 

l= 1 

Thus the dist ort Ion Illcurred in quantizmg each t ransform coefficient must be equal, 

j.o achieve a nlwimum distortion leve1 for the block. 

The optimal bit assignments thus takt> the (orm [7]: 

(3.16) 

[ 
N ]l/N il X~(;) 

)=1 

- 4 J -
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or equn·alently. 

,'V..., IOIT) [.\ 2( Il). 
.} \ • .t....J l''~ • 

.... ) 1 
(:\.17 ) 

Note that the optlIlIal bIt aS~I~J\Jllellt thul'> l'>ct~ th(' llllllllH'T 01 qllalltIzn It'vt'l~ al'>~I~I\('d 

to roeffioent l, proport lOBaI to t ht' \'IHIan('(' of (\w!li< \(,I\t 1 Equat 101\ (:\ 17) I~ t hu~ 

attclIlpll1lg tn aSSI~1l equal i-tC'p SIZt'~ to t'a< h qll<l~liz('f. alld (dl(lWIII~ II\OTt' <lII,l1ltI7.('[ 

IC',el~ for roefJineut ~ Wll h largeT \'aTlanr('~ r 
. '\ " 

The bIt assignllH'ld~ of EquatIOu (:{ 1 il v. 111 ~('lIn.dh IH' 11011 l11t('''';(,T, alld 111.,-, 

e"f'n be Tlcgatl\(, A prorcc!urf' based ou EqllatlOlI (:\ 17) WllHh PlOl)\l(lc~optllllill hlt 

a~slgnillent W)]('II tllC' h(l) <lTe ronslrauwc! to 1)(' lTItf'gn~. ha~ IH'('II propm(·d 1111:1:\1 

ThIS Illethod I~ haS'cd (lii th(' Illeau bl]Uare t'rrOT dl~t()rtJ()Il, ,(1). rf'l'>llltlllg ITOIII tll!' 

quantlzatlOn of a Gau!>"lall <lIstnhuted ('oefii< )(,lIt \\'11 1\ ri" 1 \111 opt 111111111 q11(\lIllz('r 

(see EquatIOn (3.lY)). The valu('fi dl) af(> tilb1l1cltt'd III 1'1-1 Ali rlrray of ddlt'fI'lItl.d 

dIstortIOn values, q(l), I~ de~'\Vf"d frolll 1 (1) ('~ 

t d( 1) cc f (1) / (1 ! 1 ) 

, 
where 1 rangeh from 1. to the maXlInUIIl nUlIllwr of Itlt~ 'to 1)(' a)t,hlgrf('d 1,0 illly 011(' 

coeffiCIent, blll8.x, The t d( 1) thus repreht'nt t Ilf' decrt'a~(' lU <J11<1l1t IzatlOlI dl~tortlOl1 

that would oc('ur if 1 -+ 1 lnts w('re to \)(' used ratTît>r Ihan 1 11Ib 10 <11I1I.1I111,c· .l \llllt 

vaflaJl(,f" sourn'. In pra<'flc.t', hlt asslgnment I~ /tn It('ratlve<a~f>aTc" proh..uurt", wlWft· 

t he marginai rf"t urm ------
, i X:! ( 1 ) , 1 ri [ /)( 1 )] 

, 
ar~ rakulated for earh transform roefticwnt, X(I) hdon' a.~"'I!!;IlII1~ C'I.l<·" hlt, Mid, 

b(l) IS the number of \))ts currentl)' a~blgJ)('d to cocffi(wllt X(/) at Ih("tIlJW of tllls 

('akulaiion. Thf" coeffinf"Tlt wJth the large"t valu(' of /{( 1) 1" tllf'll il!>"ll!;ncd ft lllt, Ih 

R(l) value updated, and the s('~rch proceÙllTt' cOlltlll\wd '1 II(' Itc'ratlOfll-> (O/lIIIlIW 

until aIl bits have been aSblgned. Ttm pron'ùurc ilh.,un'., that a.t ('adJ htill!;("~ "lb MC' 

assigned to the transforlll roeffiocTlt Ihal WIll Iwnefit IIIOht (Ill thc' "("Ill>(' of "boWlflg 

the larg('s! ùecreal->e IH quantJzatioll dlhtortlOll) frolJl ail addJllollal hJl 'J III~ f'Il"IJr('~ 

tfat a global mlllI1UUm I,Hean "quart> ('rrOT wdl 1)(' achiewd fm lllf' blo( k. 

) . 
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Altf"'III.d, thl" 111l'·I.u'r {}P'lIl1lïf'd IH(}(('dure v.ork" W(·!J. Il h a!so lUlle con'>UHlJng , ~, 1 

'dlll t" tl., ""(\fIl. (jf \ 1"rlrglJI,t! r(·tllrJI \<1.11)(''> that IJwst he ]>rrfornwd lH'for'c th!' 

. \ r(·d!H(·cI 11t'rrtll{JII, rOllJICkd fl'fflii ofblt a"~ll?;nlllent basf'd on EquatIOn (31i) 

h"" Il,,,~ l'''t'/I aclopt,·d lOf Il'>f' III tl". \rlrlablf' filtf' algoflthJlJ of SectIOn 4 lf'st f('stllt, 

1)1 tilt' Illlt'/!,c'f optlllll/,f'd IJwt)JOd. V.J1}, «(}I1,ldf'fabl y le ...... cOlllputatJOn Furthf'f detaJls 

• 
Mt' p[{J\'lIic'cI III '')f'ctIOI! ,1:~:{ 

. 
Spectral Noise Shaping 

" 

j.t·II~('. tht'\ v.dl Ilot rll'(·,~afll.\ lend to tll!' "lgI]('~t qllaht) (oder! f,lgna! as perceived 
1 

1,\ 1111111.,11 II ... t'·II(·r~ III l,\( 1. It ~kJl()WII thnt,..,hei!Jlng t}w qUctTltlzal101J nOl<;e spectrulll 

1"'fC '·I\c·d C (lClt-d '>1~lIet! qUetllt\ [(;" wlthout an lTlCff'<\$(, :n bltTatt· 
.' 

""I~htIJJ~ lit( tor. ~t'IJt'rilll.\ re"lIltJJ1g 111 cl rC'\l~ed bIt allocatIOn equatioJ1 of tht> form 

IJ 

1\' 
.~ IO~2[X21l(1)] 

J 

T III' w(,l~h.t 1I1V; fart or 1/. t akr~ on val ues 1lI t he range' 

0<11<1. 

(3.18) 

-
For Il 1. the l))t allocatlOlJ i~ ldf'ntlcal to that of Equation (3.17), .;!oQ..,d 1fe 

qlJi\1I11l-alloll 1l01M' ~pectrnl\l l~ flat. For 1/ ~ O. the bIt asslgnmént is constant, and 

,t})(' 11011'(' :-pt'('lrulll t'XdCtly f()Bow~ that of the IIlput si~nal. This revist'd bit allocation 
1 .. 
h\lll Iw UM'(llll the \'arJdb!t' ratt' al~oTl th 111 of SectJôn 4. 

j " - 4.1 -

L= .. 

" . 

{\ 



l 
3.3.6 Quantizer Step Size Adaptation 

A" outllIH'd!TI SectIOn :t:Ll. tht' \ r(' «Hier quanti?"" "".)1 triln~lo'lll (odliewllt 

IIld]\](luall~ ynth <1 qualltller adaptf'd 011 ,1 hlock h\-hlo(k h<I' .. I~.t(J tilt' "IIort tcrlll 

~téttl';tIC" of t'nch coeffiClcnt ln III~h q\1alJt\ ,\T<' <Ot!llIg, It l' f('a~(InahN- 10 <lllanlll(: 

tl\{' tran~foT)ll c()cHincllh \\Itb <1 prohahdlt\ d('II"11\ 11\11111<111 (PDF) optlllil/I·d 1\1" 

forlll (Imcnr) quallllzer h<l~ed 011 work puhl! .. lH'd b,\ ~1:\:,. .. \1 'l'III' \\or\.. l':\/llIllll<'d 
~ -

tilt' tradeofb tu 1)(' lllade betw,>ell /!:rrl'tm-HH anil 0\ ('r!o,ul dl ... torllOll \\ 111'11 (I!O()'III/-'.. .\11 . 
\ 

ln 1:\4, thf:' optllllU11I (III tht' st'n~e of prodllClIl~ il 111111111111111111(',111 "<111.11(' <l1I'llltl/,,1 

tlOTl t'rror) <;1t'p-~17t'. t'I(I). I~ !!:IVf'1I for a UlIlt \étrlall<!' '011 Tet':W!t"H' 1 l" t Ill' rtlllldll'r 01 .. ' 
o 

bit.., to 1)(' uSf:'d III tll!' (PI<llltlzatlOlI. Valu('''' 01 f.(/)"df(· /-'.,1.\:"11 for V,trlOlh ..,ollr(I' PDF\ 

Mea~urcment~ made <,f .\'1 (' tramforIll c()('f1it') ('lat , ... !aO\\ thn I,,"d 10 Ilf' (:i111~:-1,1I1 

UI ... tTlhlltcd ln ~I)(·,·(h [7 It 1:- rCél,ollrlhlf' 10 élh~IlIlI(', /!:IV"II, IIIC (OllllliITl"'OII" prn!'III"d 

111 ScctlOJl :1 1. Ihnt the (:all"~lall apprOXlIllatlOl1 holcl" rl'" wI'll for 11111"1< '1'1111' t III' 

optlllllzed (;aU~hlall ~\élX ... t{>p-~IZf' valut· ... II ... kd III T.tbt" '12 W"f(' < hO""11 for \1"" III 
o 0 

'l 

1 he Vilna hie ratc al!!:oTlt III Il of Se( tJOn ,1 

# BIt." r",.f!ant'III ()JHIla'1 Il III ~I"J>-"I~' 
1 h( t) 

J 1 f,'1',ft 

:! 1) '1'r',7 

:\ (1 [,KI.!1 

4 o .1:1;,2 

f, H Ixx 1 .. 
. fi o 1011 

i fi Il;,I.'' 

H o (J'WH 

Tal>l(' 3.2 ,OptlJJ1UIII Quitntll'('r St('p ~I~(':-
\ 

\ 

C;lven then that th,· number of l.>lt~ to Itt· ub,·d,'b(J.·), IJI quall\I~IIIg,'traJlhf(Jrl/l 

Cüf:'ffinent J. I~ denved froIll EquallC,lJl (:1 HI); and nif' \itTlanCf' ,·.,tilllatt', 11(1.'). 1" 

known from Eqllallen (:Ll:q. \ he qUdntl/.(·r '\('1'-"17,1', b,( J..). to I)f' IIl'ol·(1 111 CJ~Ia.IILJ7,III~ 

, 1 

" 

, 
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(, 

((wfflClf'1I1 J. i., llwrdort' dra-wII fr(JII1 Table 3.2 a." 

~(/~) Q l,(k)· /t Ib(~·) . (3.19) 

'Jh; J 0 • .1 HI ~ f.<I or (J, ,U"""J il y Tri bol e' ~"J (' rorh:... In 1 û l, as a wa) of 

dlr,·ctly conlrolllll/!, 1111' grallularjoVt'Tload f10J~(" dJ~tnbutroll By altenng Q arounrl 
• • 

t 1)1' Max opt IIJJlIlJ1 valu(' of 1.0, a.greal PT pro]>OTt 1011 of overall quantizatlOn distort ion 

(.ln II(' allocaj('d to 1 he ovrrload (Cl" 1~, or gq\.IIular (Q > 1) mod{'~ ThIS permits 

: c (lJJJ JH'n~ill JOli for t lit' pOl->~jl:1 li t V t hat t ht' HllnI III U III lIlf'an squar(" errOT st ep-slze\s not ' 
J ' ... 

1J('('I"l->l->ilflly t hl' l->t(,p-~IJW w}lic h I(,ild~ to lIlillllllUJII J)('rreived !Ll-!itortlOfI. AlteratIOns to 

(1 c ail al~o C()lIlp{'Il~at(' to SOIll!' ext!'llt for transforlll coefficier!1s WhlCh are not well 

3.3. 7 Qua~zation of Main and Side Information 

1 
Bolh lh(' Jl\altl alld blllr mformatlOn bitstreams must br quan.tized before bemg 

1IIIlItlJ)}/·xcd and \\f1tten 10 the mass storage medIum. The ATC ('oder, as realized in 

thl!> \-\ork, hah III total, four parameters to quanlize. 

1) tht' transform corffi('it>nt set, X(~); 

2) the refi{'cllon coeffi('ient set. k(l); 

:q t hl> prt'uirt or count, Np: 

4) at h(' block !»(' a.h nf!; fa.d or. \'. \.. 

J 

-
QURntlzRtfOII of the transform coefficients has been fully dis('ussed !Il sections 

:\.~.f"an~ :l.:Ui. i 

.trt' P;\ \,('n in St'ctioll 5.2. 

is quantized as a base 2 value: ('onsishng of a bm bit 

The values ('hosen for the paramett'rs b{' ,and bm , 

The pr('cfidor count, bemg an integer value between 1 and Nmax , lS dire('tly 

qU/lutiZt'd IIS1I1P; li}! hi t s. The val ue ('ho~en for bp is given in Sert ion .5.2. 

Qlialltization of thf' refledioll ('oefficienb is a llluch more diffiçult problem which 

hlls r('('t'ived llluch at.tention in tht' spef'ch ('oding literature. Two popular refl~ction 

J 

.. 
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coeffiCIent transforIll~ - log-arèa ratio .... and \Il\'t·n.('-~illt· fUl\ction' w('re colll pa ret! 

to linear quantizatton in [3;)]. Thr.,r lran~f()rllls altrlllpt ',10 Tt'IlH)\t)hr !WII~ltl\'ll~ 

to quantlzation thal Teflecl\<Hl corfTicienls exlllhil 1I~ Ihe) IIppro(\ch ,1 or l, h~ 

transf6rming the'coeffi("]ents III a fashion Ihat ('xptll\(l~ fil(' Tegion nt'IIT 11_ A ItIH'tH 
-, "'-

qllantizallOn can tlH'n he perforJlled on tht' Irall~I()TIII(·d (Ot·f1icH'lIt~ Wltl! fl'duu'" 

seectral S('))511IVII\\, and th!' resultlllp; valt\(~~ illv_('r~(' l,raJ\~lorll\t'd I:HiI III l:l;,I\ Il 

was shown Ihal log-area ratiol- and inver~('-!>irlt' flll1rtion~ Ilt'rfoTIII ~illlila.rly Bollt 

improved UpOIl lillear quanlizat iOIl_' 
~ 

Many olher Il]('thods have' herll propo~rd for f('p.r('~(,111I11g Ihe "'Illoolh ~p{'drlllll 
li 

estlmat e [:36,:ry. Only one I11rt hoo. rer('J\ t Iy r('( ('1 \ IlIg IIIUdl .tllt'lI t 101\, ha!> h.'('11 hhnw Il 

t~ ou 1 perforlll the log-ar'ea quan t izat iOIl of ft'flf,('t IO~I ('(1(' Il i ( 1(',IIt ~, 

This l~ the l-O ralled LlIle Spertrlllll Pan (LJe) IIwlllOd. wlllch !.1l~ o;!.OWII il :W% 

feduc-tion 111 sicle informatlOll bltratt' in a!1 (i kh·, 1I1liIti-PIIIl>(' ~war \ln'dldlV!' (()d('~ 
\ 

[3H] LSP however, ln order 10 (le1i'f1111Il(, th!' LSI' pnmllJ('ter~, r('qllln'~ Ihal-t-l.~('J(}ol~ , 

of two equations: earr of ordt>r Np /!, Iw found L For vaJue~ 01 ,VII" H, lion Itf'fIlt.IVf' 

solutions eXIst. For hip;her order moddl:o, a trial and error M'ar( il IJllJ~t he JwrforllH'd, 

./ 
For use'lIl an audio ardllve applicat.ion wherc> tlH' ('Qlllp)q IIlu~lcal ~)l('( tra foullc! 

III the test files of ~ection 5.3 often reqUlre larg;(' ( -' 12) 1IIIItd)('r~ of prt'dlcton, for 

an accurate spectral estimatr, it Îs r1ear that log-art'a ratio (or IIlV('rM'-hiIW IUllctiou) 

quantization is preferable 10 th. llIort> ('otllplt'x LSP IIH'1bod, LOJ.!.·af('a <juanltzatioll 

has been chosen for use in t he variable rat t> illp;orÎ t 11111 of Sect 1011 ", 

-------The log-area transform funcl ion, j( J'), il! glveft1t}· 
1 

[1 t ~ 1 f ( ;r) ::- log - - -
- • 1 -;r 

for /./ <' J' ~ IJ: ( :1.:UJ) 

where. 
a ;;. -- 1; 

b< -t 1. 
Il 

1 Whert' Np is the lIumb ... r of pr~dlC·tors us~d to lJIod .. 1 tll .... y~ll'Ill 
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Hi!>togramK an' availablf'1 in the speech coding literature which al10w optimal 

choJc('f, of a and b fOrJhe quantization of each reflection coefficient [3.')]. The number 

of hits TrqUlTed to quantize each coefficient basf'd oh fixed spectral deviation limit.s, 
, 

has al!>o heen puhli"hf'd [3.5). Thil> data, in fonjunction with histographic analyses of 

tilt' music file!'> 'of Scction .5.3, was used as a,guide i;o setting the log-area quantizer 

rang('!'> Ilnd bit allocations gJVt"n ln Section .5.2 (Table .5.2). 

3.4 SummarJ\. 

A frf'qut"Ilcy domll.lIT waveform coder has t herefore been shown to be appropriate 

for \Ib(' in audio archiving. ln particulat, the adaptive transform coder has been cho-. -

sen. Input :-.iAJlal blods wiIl be smoothed with a cosine rolloff window, and a compact 

f';"tIlJHLtt" of the input sIgnal spect.rum will be formt'd through linear prt~ct.ion, and 1 
1 

st(}f('d U:-'lfI)!; a Sf't of log-area quanhzt'd reflec1ion coefficients. c.. 

Tl\(" coder ~111 he babt'Ù on II. non-adaptive discrete cosine transform. Transform 

- cOf'f'linenb will be quantized using a linea'r Max quant.izer, optimized for a Gaussian 

source. Optimal bit allocat.ions will al50 be calculated assuming a Gaussian SOUTce, 
./ " 

th~n r~u nded 1.0 the nearf'st integer. Spe~tral noist' shaping will be performed t hrough 

( Illl eXpOIll"nt ial w('ightinp; of each transfOTm coefficient'5 variance estimat.e, during the' 

~ bit aiJorat iOIl process. 

.. .. 
l 

) 
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1 Ch~pter 4 

• 

The ~ri<tble Rate 

Archiving Algorithln 

a 

Iii this section, the traditional Adaptlv<:' Trallsforl\l Codc'r it:- pre:-ent('d IJI S('d.ioll 

3, is m~dified t 0 mef't the needs of a gelleral il udio arr hi v(' 1 JI 'part i ('ular, 1Iwt hocl" 

are presentf'd for achievmg variable bitrak through 

1) Silence Deletion; 

• 2) SIgnal Bandwidt h Estimat 1011; 

3) Signal Order Estimat.Jon. 

- \ 

These modifications will enable the variable rate archiving algorithm to ~r('atly !edIH'(' 

require~ audio st.orage space for the variable fidelity, and variahl(' SOlln'(' matt-ria) 

found in a typical archive. 

4.1 ~lgorithl11: Overview 

Figure 4.11S a block diagram of the variab!f' rate arc-hivillg algorithm. 1'lw &ourrc' 

signal x(n) is sampled at a rate 1.. aft.er'suit.able anti-alia!l filt~rinp;, and hllfr('r(~d into 
-

blocks of length N. The input SIgnal block is th('11 windowed (Eq'~HI (:t5)) hya 

cosine roll off window,. w( n ): 

1 

J:u'( n} :::= x( n ) . w( n ) 

. 
for O~ll~N J. 

~ 
(1.1 ) 

After windowi~g, t.he input signil-l bloà il> pre-emplH\.sized to hool>t weakl'r high fre· 
1 _ ~ • 

quency componenh. This results in a reduced high frequ.ency noÎh(I']c.vl'1 for Hw coder! . . 
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flnd a decrease in spectral dyn-amic range, which minimizes quality degradations due 

to spectral spiIlover effccts. Th(" pre-emphasized sIgnal, x' (11), is obtained from zw( n)' 

via: , 
, (4.2) 

Each sam pie is then normalized by dividing by the ~ean energy of the block, V, 

where: -
N-l 

V2 = L ~'(n)2; \ 
n:::::O (4.3) 

.r"(n) = x'(n) for 0::; n::; N-1. 
V 

:. " 4 

The mean energy scahng factor V, is quantized and stored once per block as side 

information using a base 2 representation with a bm bit mantissa and be bit exponent. 

The normahzed block of sam pIes x" (11 ) is then t ransfofmed .using a DeT (Equa

tion (3.1)) 1.0 provide a set., T(n), oft.ransform coefficients: 

N - l /1 • [ (22 + 1)7I'n] 
T( n) = ~ x (n)· c( t) . cos 2N ' 

,==0 . 
for 0 ~ n < N-1. - ~ 

Side information in t.he fOflu of a smoot.h spectrum estimate which 'is used by both the 

coder 'and the decoder to dtqrive bit allocations, b( n), and quantizer step-sizes, Â( n), 

ib calculated once .per block a~'d multiplexed with the main information bitstream 

befoT<' hf'ing wri1ten t.o t hr mass storage medium. The mai"..,mformat.ion bitstream 

. is composed ~f t.ransform coefficient. quantizer levels, L( n), from which the decoder 

re("0~u5tr~cts t.he quantized transform coefficient.s, T'(n), using the side information. 
-

The quantized traiisform coefficients are then inverse transformed by the decoder, and 

scaled t.o produce the decoded out.put signal y'(n) .. This signal is then de-emphasized 

1.0 give: 

y(n) = y'(n) + ay'(n - 1). (4.5) 

The first. AI values of the sequence y( n) are t.hen added to (ov~lapped with) the last 

AI valut's of the previous block, and the, first N-M samples of y(n) written to the 

output buffer (t.he last Af ~alllples of y(n) will be added to the first M sampl~s of the 
i' , 

next block, atld written t.o the output. buffer at that time) . . 
- 49 -
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4:2' The Side Information Bitstream 

'l'II(' fo,jdf' ItlfOflllatioTi bitbtrram il'> user! to store a smooth spectrum estimate which 

ib 1H,t'cl hy both the <odeT and Ihe d('codeT to cakll.late bit allocation and quantizer 

4.2.1 The Smooth Spectrum Estimate \ 
~ f 

Ab outlin<,d in SediOIl 3.a.4, the SIJ100th speclrum eshmate is fully specified bya 

wlwre N1} iR t IH' number of predictors used to generate the spectrdm estimate. Equiv

,!tl t'Il tfy, Np-..i~ Illl est,lI11ate of the order of an appropriate autoregressiv,e sig,nal source 

J'llOdt>l. Tht' determilléltion of Np based on t.he latter intppretat.ion will be discussed 
~ , 

in \S('cl.ioJl 4.2.2. The r('fI('dion cOf'ffiewnts are rHnel t.hro~lgh a Lev~nson/Durbin 

recursÎoll (eCJuation set (3.12)). This requÎres an es~matr of the aut,oeorrel.ation fune

tiOlI of t!)(' input signal. Such an estimale ('~uld he derived throu~h the e~mputation 

of Equation (3.1l). Tllis however, would /?;ive the autoeorrelatlOnéunct.ion related to 

't he "t rue" ~'l)('d ru III of the input signal. Whllt is aet ually requin'cl for a 1'11100t b esti· 

tna,t(' of the DCT ~p('etru1ll, Îs the auto~orreléltion func1lOn, r( 11). of the time sequence 

whidl'llal> il power spert rum l'quaI 1.0 that gl ven by th!' bloèk transform ('oeffi('ient 

variHIl(,(' sequence r'2(1/). Sinee the inverl't' discrete Fourier transform (DFT- 1 ) of a 
• 

power ~p('drum provides ihe required autocorrelation coefficients, l'(n) ('an be falcu

lated al>: 

r(n)::= Rc{DFT- I[Tl(II)J}; 

wh~r(' .. Tf(I/J i~ a cOlljugate synltnetric sequ'enct' of]ength 2N forme'd {rom T2(n) as: 

•• 5 J -

for 0 S n ~ N -1; 

for N Sn:::; 2N"':'1; 
/ 
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for o <, Il ...... 'll\' 1. ... 

(Rf and lm denot.e the real and imaginar) partI- r('sJH'di"t'ly of a ro.lllplt-X l>('q\}('llc('). 

Although thi~ real-to-reaIllm."rse DFT pro(,t'dllre pro\'idt's th .. desired reslllt. an 

equivalent and more elegant solution [3!fl. I~ to calculaIt' 1'( 1/) dire:'t Iy' as a cITcular 

,aufoC'orrelation of the IlIput time' domé\1II ~eq\l{'Tl(,(' .1"( Il) 

1 2N-I-n' 1 11 - 1 
"" "" 'i.:'" l Il Il .r(n)= - "L ;r (1);1' (1+11)+- L J"(l).r (11 

2 4 1.:,0 1-0 

, 
This direct approach was~dlOsen slllce il avoid~ the me ôf the \nvt"rM' DFT, itl1d 

the squaring of the transform roefficients, Wllldl ill an adual digilahi~llill pron'hsor 
.. J' . 

inlplt'mt'ntation, would lead to unnecessary 10ss of 1\ccuracy through t.rull<·alIOII error:-

In addition, only t he fir~t ft"w values of r( ri) need he ('(tlculat t'cl, lIlaklllg III«' d,red 

calculation approach more numerically efficient than an inverh(, DFT. Spf'('di( ally, • 
• 

only the firs! Nmax values of r(n) are ca\culated, where Nmll.x il> t ht' 1IIé1 xi 11111 III II\\IIt1H'r 

of poles to he lfsed III the predidor calculations (NI' .-.;: NlllliX )' 'l'II«' hlllii )'IIIIlX i:- 1>('1 

using a pnoT"l knowlt'dgt' of the signaIs 1'0 he coded, as out.llIlf'd ill S('( t io~ :1.2. 

4.2.2 Signal Order Estimation 

In producing a_ smooth spertrum est.in~t.c through the linear pr(~dictioll ,ilron'sH, 

an autoregressive ~llodel of the input signal sourn' is formed. ,An important cOllsid-
... 

eration in linear predictive analysis is tilt' determinatioll of the nUIll~)('r of [m'didorh . ,., 

needt'd to adequat.ely model the fLudio :-ource. Thih is equivalent. t.o det.('f111llling tll(' 

order of the a~dio source. Simply increasing the llumher of predietorl> wlthout hound 

will ohviously result in a ~onstantly increàsing estima1.e q,uaht y ; hut tJWf(' II> hc\w(,v('r, 

a point of dmlinishing return, wher~ the ~Illprovement. r(,hultjll~..frolll t he addition of 

further predictors is not worth the extra bits re<jUlred to htorC' thoh(' pn·dictorl>. 
• l " _ 

ln speech coding, the human vocal tract. is ge!wrally conbidcreù to 1)(' w(·11 J/lo<h'Icd 

by-a fixed number (,*--12) ?f predictor stages I:{ü, 4]. Thus, real-tilOe variations in 
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mode! 'OTO€'T aTt' no1. ('OJIRiO€,T("'d In a vari.able iale archiving application however .• 

w}WTr many diffctcnt hignal SOUTcr!> will be encountned (human VOlce, drums, ·plano. 

(·t( .J, va.rlation of mode] order 1,0 match t}1P character'is!Jcs of the auBio source. J~ a 

realo.ollahh· way 10 a,chi,'V(' ail llI1proved quabty:hllrat~e ratIO 

~ 

'Jo filld r('!>('ardl 011 IlJOdel ordPt ehtimation (al:-.o known a~ syl'ltem identification). 

on«' , 111111>1 tllrn to th€' mathematical, statistlcal. a~d control lit t'raturé. A vast array . , 

of model order t"stimiltlOn techniques eXlst [40]. Since order estimation was not a 

llIain consideration of t.he current work, a baSIC technique proposed by Akaike [41] 

wa.~ choh(·n for i III pJ('Illf'ntation, Known as the final prediction error (FP E) criterion, 

tllls t€'chmqIH' at tempts t.o balance mode] blas against mean square prediction error . . 

III a !>y s1t· III a t)C' fashlOlJ Th(' FP E cri t erion. glven by: 

FPE(I) :;:: [ 1 t l'!~l' [ T N 1 N .N-1-1 
for 1 S 1 ~ Nmax ; (4.6 ) 

where, 
" 

f~ ih the current predIction error (Equation (3.12)); J 
N l~ t}w t.ransform b]ock lengtfl; 

N lIIl1x Î!> an upper limit on. tht' rangt" of mode! orders considered feasible- givt'n 
(/ priOrI knowledge of t he signais to be codt'd; , 

il- the orOer of the model; 

Î~ caJculated at eachn;t.age. 1, of the Levinson/Durbin recursion. The array FPE(z) is 

then searched for a minimum, and Np is set equal to the value of the index i which 

~jv('s il minimum of FPE( 1 ): 

FPE(j) == min{FPE(t)} 

Np = J. 

for 1 ~ i :5 Nm"ax; 

't> ( 4.7) 

This procedure' is repeated on('{~ per bJock 1.0 adaptively n~atch t.he spectrum estimate 

h~ tIlt" !>tatistÏt-s of the input signal, Tht' vahle Np is quantized and store~ once pef . ~ 

block via th(1' side information bitstream as a hl' bit quantity. 

~ .'i.1 - ( 
,.. . 

,\ 
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4.3 The Main Information Bitstream 

The main information bitstream, 118111 he bulk of.tllt' ATC coder total hitmlt·, 

carrie's the quanhzed transform coeffiC1enb. The procedur('!- used to pt'rfortll tilt' 

'require~ quanhzations at a variable rate adapt d to the statisllcs of the inpul audio 

signal, and in a way whlch prevents any perCt'ivt'd di~torli()m, will-llt' PTt'M'lIlt'c1 in 

tins sectIOn. 

4.3.1 The Bandwidth Estimate 

Two fundamenJal farlors IIlfluence the lllodifiulli(\.lH' wlllcb lIIu~1 J,~. llIad~· 10 IIH' 

tradltional speech-speClfic ATC algon th III for arclll VI' lise. 

". the. presence 01 varJf'd audIO 8ourc('~ (1 e. sOllrce~ 01 her 1 hall t 1'(.. hUIIIMI 

vocal Irad IIlml he coml<ler('~), 
• J..he potentJal vanatlOns in lidehty (bandwldt li) of 1lwt· MlUfCC.., (t'~ van 

ations due 1.0 recordmgs made 011 1lI0d('fJ), versu!- older vlllta~(' r('c()f(lin~ 

devices ). 

ln SectIOn 3.1, the basic similanty betw('en the ~p('dfil of "'H·ec!1 illld 1I\l151C Wah 

shown. The fundamental assumptlOns o.f t.itih sectian are: 

• for a given signal bandwidth, speech' and llIut>Îc cali 1)(' «)ded with equivalf'nt 
quality usmg rOllghly equivalent mains_t ream hitratt's; 

• for constant quality, the coder bIt rate requin·d is direct.ly proportional tu 
~le bandwldt h of the input SIgnal. 

The bitrate goal for a signal block is thus set based on an estimat.f" of tllf' J)andwHlt hV 

of that. block: • 

~his estiI:ate is formed by finding the transforrn ~fficH'nt T 2 (J), wlwr(' 

'J. N..\ <:- ~ 
T~(l) < - for J < '/ <:. N 1. (4.H) - 100 - . 

The value J is thus the block index at whi~h the signal POWPT sp(>(·trulII drop" (~uHI 

remains) below..\% of the total encrgy of the hlock). Th~ block handwidth (·stimat(· 

-r' .-
1 Tht" block length, N, also r~prt"st"nts the total t"llergv of tht block 111 EqUlltlO1I (4 !I), dut' lI) tht oor

mahzation performed on the tim~ donu\IIllnput Nt"qUt"IICt", ;r"(n), Utllllll; Equation (4 :\), ... uet dut' to li'!' 

- .54 -
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Imllx 
J ·18 

'2/\' 
Hz. (4.1 0) 

wlwrt· JII 1:-' t 1)(' frf'qllf'nry lit Whldl Hw input sIgnai wa'i samplt'd. A damped signal 

handwJ<lth (·.,tirnatf'. It/, il'> then updllted once pf'T hlock, llsing the block bandwidth 

J 11 . Id t (J 

l 
llII/i'A' 

Id' 

ln Imax, for !max <" Id, 
for Imax ~ Ici; 

for Imax > 0.9.5 ~ ; 
(4.11) 

wlJ('f(', t~ I~ a damplnl!; factor whose value was det erJlllned e'mplrJcally as glven ID 

TIJI~ providel> ilJllllumty to extraneous tugh freque cy nOIl>e burst s, and allows Id 

to riJo,t' qlll<kly to tht' true bandwidth of the III sIgnal. whlle still pernlltting long 

teTJII halldwJ(]th tracking. 

A bitrate goàL (h, for f'ach -b 0 

linear relation: 

deternllned directly from Id, VIa the 

kb/s. (4.12) 

TIl(' talai JlJa.tn~tream bit allocatIOn, B, for the black, required to meet the Gb 

bitrate goal, is 1 hus: 

bits. (4.13 ) 

This bit allocation will be modified as described in Section 4.3.2 to achieve. silence 

delt>tion, and then applied as df'scribed In Section 4.3.3, to quantize the transform 

('ot>fticit>n h. 

fncl lhal for th(' DCT (Whlch is a umtnry Iransfofm J' 

1\-1 N-I 

\ ç--,,') ) ~ n-J L r "( /1 J =- N L l (n). 
n:-{I 
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4.3.2 Silence Deletion 

ln an arcl1ivIn~ apphl."atioll. ~llt'llce <lt-lctlOl\ I~ ail .tttral tl\'(' "Il\ 10 f('dun' /lI)(IIO 

storage reqUlremenls The effe\ll\t' codil\~ of ~dcl\t p('r)()(I~ at 1111' bq?;lllllillf!; Ilnd l'II!! , 

of each sele\llOn, as ..... ell as internaI sil('lIc('s ~UI h a~ t hO~I' 10H11!! III qllt·~tlOll/alll'>WI·r 

format inlervle ..... ~. ran prO\I!!I' large rf'dllctioll~ III fI\l'rll)!;t· ~1~lIal IlIlratl' WIIII 110 

perceivt>d decreav' \Il qualIl~ \ ~rctd\lfltl'd "11('11«' dclct\(llll" \IM'dm thl" \\ork rathl'I 

thétn a t.hre~hold l'ut-off approach Hath('~ than hllllrly dcl1'1 1 111!; all h\od.h \\JlII fi tolnl 
, 

energy less thall tllt' tllTeshold \allle, rCht'rlrdl 011 the (htlféll tcrI~t)(~ of t hl' !Juillan l'lIr 
, 

suggP'its a gradnaled iltpproarh. wherc roder dl~tort\(>11 I~ .1110\\,(,11 to IlIcrl·.I~(· ,1'" Ill!' 

lov. le\els. rf'~ultIn).!; In no peru'ned reductlOn 111 qu,dIt\' l·l~1 '!'lth J.?;f,"II\,t! rl'du( tlOli 

in hltrate aVOId" hudden change ... III ~lgllal qUrlht,\ rl" "lglI.d lc\I" dfop ..... \IIt! ,dlf)\\~ 

~.e saVIng~ 10 hel';In weil hdore hllllPltî,hrehholrbn g ()(tllr" 

Silence deletlOn ran thu~ 1)(' aChlf'Vf'd throul';h il bIlrate llIultlplier. l', of tl\f' fOTIU 

(1 \.\) 
T 

where \' ih the mean energy oftlw block (E(J11atlOll (4 :q). and T Ih Il thn'loholtl fa(toT, 

set as described in Sectio.n 5,2 

The nUlllber of bIts, B', wlllch will \JP allo( atf>d to quant iz(' t I)(~ t Tflnl·,for/ll (oclli 

nenf!., can tllus be dra\\n frolll Equation (4.1:n a,,; 

H' 1!.p 

Sllnilarly, th<, numher of pre<lIctor ('Oetfinenlh whld, wlil Iw ll'->('d to I!;I'f\l'ra1t' tl\l' 

smooth spf'ctrum ehtllllatf> can Iw draw'n frolll Equation ('1.H) al< 

Both B', and N~ are rounded 

t he spectral estimate, X;, Ir" 

(1, J(j) 

"0 avoJ(J,pn'mat lIT" delt'tlOll of 

aIIow('u to drop h('low 1, untll /J' .' 1 {J 

. .16 
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4.:L3 Bit Allocation .. 
- 1 

'IIJI' fllllllh.r'r of hll~, 1,( 1) 10 lH' 11"t'c1 10 q1lantlzf' lranc;forlll coefhnent T~) l~ 

olll,L1II1'r! frolll ('(jllrlll()l1~ (:LIX) 'lfId.(4 l'J) >-1." 

fI, 1 /l' 

/\ 
J 1 [,/,2/1 ( ] :2 o!!, 2 1 ) \ ~ ['/1 1 JO!!," T- (J) 

'2.'\ L...J -

for ~ 1 < N - l. (4.1 Î) 
') (1 

, 
E'lIh ,t1lo(,dJOJI. 11(/).1" thrll roulldC'd t·1') tll(' fWitn·sllTlteger. ",(1), and the ca)-

(1I1,t!IO/lo., of Eqll,t!IOII (117) ,UI' p('rforJJwd agillll. th,,, tJIIlf' (,oJl~ldenn!2;on)y those 

((wlfll Wllt .. whl( li WI'f(' a""iglJ('c1 II( 1) 0 bit" dllrlllg 1 h(· f!'rht IteratIOn .. ThIs hring~ 

th" p',dl:lc'd !Jlo(K (1 rI"~lgllllJ('II; 1I11l( Ilf{lo'orr t;tll,' goal nll After the second Itera· 

t 1/111. ,\ "('f\l''' "111,.,1.,),, p('rforTlw<i OH ",(1) 10 jH('\/'nt IH')!;rl.tlV<'. and 10 hmit positIve. 

'l'III' film) allo< at IOIl~. 

(4 HI) 

.., 11 l'I ('lIt, 1. 

JO, If 1,/(1)' 0; 

Ilf( 1) l h,( 1), If 1 . IJ,( 1) .' llmax; 
hm&x. If IJ , ( 1) .> hmax , 

o , 
wlll'r(' "11111" I~ ,lTI upper IlIIlIt Oll tllf' lIumber of bIts wh!ch, may be assi!2;ned ~o ail) 

()1I1' t r(lll~f()rlll cOI,lIi< Wllt, aIld 1.1' 1 deTlol('~ t he rH'afe~t lntegt'r 10./' ' 

4 ~~ Q lIont izer Step-Size Adaptation 

'l'hl' optlllllllli ~t(,P'~IZ(, f(:;-t'rlch tramfOflll co'efÏiocnt quan1Jzef. 15 calculated once 

J!cr hlo(" froll\ Equation (:L 19) as' 

~(Jd Q. II(J.). 1'1 ~(J.)] 0 <- 1.. ! JI,'. 1. 

TI ... 'l''onl'''', 0,,1 l'ni I,·wl. LI k). fo, tran,io "" coefli:iellt Tik II, 
( 4.19) 

caltulated 

\l~lllg il ulIlfofm quantl'z<'T with ~tep-size ~(J.-). The set of quantJzer leve]s L(k), is 

\\ nttcll to the ~torag(' 1l1('(I!UIlI. aJooln~; "wlth the s](le IIlformatlOn. 

"--
1 

1 Th,' M'cond Ilrrnt lùll\lTOVIÙI"S the ~rrat~st bl'I1l"ht in 1 he case of signais wlth large negatlve bit allocatIOns 
Ir~ IlIufowbllnd U\l"r- ... \lllplrd sl~\lal~) Thes!" nl"gallH value" arl" rounded up to zero, rl'sultmg ID an 
,,\("r'II"!>l~IU\lt'llt of btl~ to thl" other Irl\lIsform ("oefun .. nts III the block The sl"colld It .. rallOn ehnunates 
thr .. !" ll~gl\tJ\t· valu," .. , and thus Tl"duC('" thl" dl"Rtl"1' to winch blls art' oHt-assignl'd 
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4.4 Post l'ilteril1g 

D~I~mg lei-tln~, II \\é\S found ~hé\1 afler c(){l!ng narro\\ bi11l1! "1~lHd, \\ hiclt Itilt! ht'('11 

ov("r-<;amp}("d, hlgh frequency n(llSe appl'ar,·d bJJJJilld tJ1I' 1>111\(1\\111111 01 tlll' Pflglnal 

Fdtenng the decoded sl~J\al al Il ... ongÎnal band" Idt 11 lll'forl' plll\ ha( k rl'llIo\f'd .dl 

traœ<; of dIstortIOn. wlth no J\otHeahlc d(·( rpé\ ... (' III ,lglI,t! qUr\hty It 1" jln· ... '"III·d t hal 

thl~ dl<;lortion \s the r(,~1111 of \\IfHIOWIllJ!:. and btock l'lId clll'( I~, wh,dl <dlll\l "'lIlall .. 
é\mount" of enerp;y to propagate 10 frcqll('I1(,('''' 111'\01111 tlll' halldwldth of th" ort/!,IIlHI 

signaI Smce there IS no signaI energ~ III thl'" rq!;101I 10 provldc lIIa~klll!"~. ('\1'11 "'lIlall 

alllollnl-.o{ TlOl ... e WIll cau ... \' (ollsH!eral)lt, j>(·Tn·IVt·d dï"I(ITIIOIi 

Till" prohlt'III doe~ not" on"ur III tféuhtlOlIal "!H'(·(1t \"01111\11. wII('T(' "')w('('h "ll!.lIiLk 
• 

~ 

.r \\lwth.rr lIé\rrowhand or widehand, art' 1I~\Iall) (TIII'III1I/ '1II1/p/cd at K klll or !(,klll' 

~ ... pt'rtlV('l.\ 

decodlIll!: algorlthlll" The cut-off fre<jIH'IU"y of the filter .... <1 ... 

match the sIgnal hand~ldth e~tllllat(' Id- of EqllallOlI ( 1 Il) . -

f(. was dampt'd ànd set to float slip;ht ly abovt' id by' 
1 

f ~I. jr -Hl 
f, - l fd . 1.1. 

d f d . 1.1. fOf id < f., 
.... IOf id "f,; 

1 
where fr is updated once per blork, aiId 1/' i~ il dalllpilig fac10r 

determmed exp~nmentally as g}ven in Ser\lOn :).2. 0 

(4.:l0) 

A fimtf' Impulse _rgsponse (FIR) filter bast.>c! on il Blacklllan' WIIlc!O .... <lf'~lgrr. alld 

with Nt tap~, Wil1> ul>ed (~ee [43]). Such a filtt"f pr()d\l~f'~ ail oufpul ~,.qU(··lll'I·lIf(II), 
i " 

1 the un-filtered sequence Y(7I), via" 

Nt 1 0 

Yf(~) -- l:: h(l) y(" 1). (4.21 ) 
1 (J 

whf're tlJ(' set b(l) of filtpr roeffinf'nl!o. j" (alculat('d ortn' JH'r_ hlock a~" 

[ 

271'1' 1 471'1 1 u.i(l Il) 
h(l) ::=' 0.42 - O .. ')cos( -,- ) ~ 0 GH(O!,( -.- -) ~11I( .) 

. Nt-l .'\,-1 7r(1 Il) 
o 

for o· Nt J, 

'" .' 
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--~~-------------..,----------------Tf--------

,\ fi ri. 

, \ 
'1111" filtcrilJl!; op('ratlOn was perforIlwd on ~ch bJock before the output samples were 

wrltk/l to tll!' output huffer for playhack 

4.5 . Alg<?rithm Bitstream Summary 

Ail pêlralJJ('t('r~ alld data ValUf'h llIultiplexed and wntten hy the vanablt' rate 

M( hl'vlJJp; itlgonthllJ to the lIla,,~ s1orap;t' device are sUlllmanzed ln thls section. 

4.5.1 Main Bitstream 

The llIalJl JIIfOTlIlat Jon bits! rcitlll I~ composed entIrely of transform coeffiCIen1 

<jllantizéi I('\e)~, L(A), reprehen1mg the quantlzed transform coefficients. IV values of 

{(A) rtn' l'loft·lI for ('aell block. The number of bits used 1.0 store each valul'" L(k) IS 

cltl(ulrt1f'd lrom tllf' !-J(!t' information using Equationl.4.18, an9 will 'Vary from block 

10 !Jlock 

4.5.2 Side Bitstream 

The !-jc!e i r; fOTmat ion bitst ream rarries 3 parameters: 

1) The rt'flertion weffieients, "'It} (Equation (3.12)). whiC.'h specify the smooth 

sp(·ctrultl estimat.e. NI' value!> of k(t) are stored. 

2) The blofk sralin~ parameter, F, (Equation (4.3)), which holds the mean 

energy of the block. Quanhzation is refhzed via a be bit exponent, and a ....J 

bm mantJssa, once per black: • 

:l) The number of predictors \Jse~r t.o !orm the smooth spectrum est.imat.e, Np. 

Np is derived by the coder from the autocorrelati.on function of the input 

signal using ,Eq~tion (4.8), and is st.ored o~ce per block, as a bp bit quantity .. 
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Chapter 5 
Algorithnl 

) 

Sinlulation R,esults 

.. \ 

5.1 The Simulation Process 

The vanahle rate archlvlnl!; alp;onthm propmed 'Hl Sf'C'tIOTl 4 Wt\!'. tl·~II·d·throll~h 

a :~2 hlt floatinl!; pOllJl Fortran !>imulatIOJl. The FortraJl hlllllliailoll provulf'h iU! ('xMI . . 
sample of the quality lhat would be obtained by Il d('dirat('<! dl!!;" ,d :-Olgllitl IH()(·('hi-llll)!. g 

# 
implementation of the vari~ble rate algorithm, with !ht' fol\owllI)!. f'XC ('pllOlw 

• the simula1.lOn does not run in real tlll1(,; 

• internai calculations in 1 he ~1I11 ul ilt iOJl ~r(' )l('rfofIuc'd Il:-oi 11 g it ~OIJWW li il 1 

greater accuracy thaIi would Ilkely be pra'rti('ill in ri (kdlcalf·d f(,.t.I-tilllf' 

impletnent ation. 

, 
• Each of the test signais debcnbed in Sect 10 Il 5.3, wa!> low pa.,!> (a.nti-alliLh) fi1tt?('d, 

and then analog 1.0 digital (AjD) converted al !>aIllplin~ frt"qlIf'Jl(,J(':" of ~ 20 kHz, 

using a 16 bit linear quantizer. The res'ulting digital fil!'!> WC'f(' then :"t,of('d f(;r' UM' ah 

input. 1.0 the coder, on the disk drives of the lIIainfraUH' computer (lhJ.!;ital EljuipuJ('ul 

Corp. VAX. 8600) used to perform lhe sin·lUlatioJl TIl(' codeT t h(,11 proc ('hwd ('ill·h 

digital input file, and stored an output file 011 the dH,k. Data coulcl tllf'T1 lU' ceJrawlI 
, J 

"'"""m the input'and output files, D / A cOllverted, low pass fil-t,erl'd, and plaYf'd back to ,1..1 V .. " e, 

Il1onitor the distqrtions éaused by the roding an9 decoding l'roc!'!>!>. 
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III titi!> way, u5ing the te~t file~ of Section 0.3, the cÇ>der parameters of Section , 

.I).~ wI'r/' determined; and 1-he test results of Section 5 .. ) were produced. A panel of 

Iil>f('rlerh, al-. olltlined in S<,ctiorl .1).4 was used to rate the quality,of trhe coder. 

Two benchmark comparisom are provided in sections 5.6 and 5.7 between the 

variable rate archiving algorithlll, and a log-PC'M and CC1TT standard suh-band 

cod('r, r('~pectively. 

5.2 Coder Parameters 

ThrougllOu1 ,~dionh :3 and 4, many parameters w~re presented during the de

vC'lopllH'l]t of 1 hl' variahlP rate coding algorithm. The values determlned for these 

paralllC'tf'r!> will he glven in t}IIS section. These values were set hased on: 

1) information available in the speech coding literature; 

2) the rf'l-lilts of bimulatioll test runs using the speech and music files ~f Section 
;J.:~ . 

The param«:t:,er values chosen aQd the equatlOns in which. they appear are sum

IIJarized in Table 5.1. 

- Parame.ters uséd in t.he quantization of the ref!ecJ,ion coefficients are listed sepa-. . 
rately, in Tahle 5.2. ln hot h calles, parameters were adjusted 1.0 achieve a coded signal. 

o 
t hat was Ilot percept.ihly different 1 from trIe original signal. ln cases where settings 

directly affect.t'd coder bitrate (eg. N, M,al) bz, bmax , </>, etc), parameter values were 

adjust,(·cJ just b<'yond the point where perceptible dist.ortions disappeared. 

Parnllltll er val ues couIc! not b'e adjusted indept-ndently. Thus, the figures pre
t 

1'\ented in Tablt's 5.1 and 5.2 reptesent. the compromise set reached for the simulation 

runs of this work, ànd Ilot necessarily the only, or optimum, parameter configuration. 

1 

Block sizes of N = 32 to ?,048 samples were used during testing. It was found 

. that at a 16 kHz sampling rate, block sizes of greater than N = 256 samples, produced 
--~"-_._-_ .. 

1 A palltl of tlu-trainl"d listrnl'fS was uSl'd, as describl'd in Section 5.4, to definl" thl" point at which 
... diffI"WIC'l"S bl"CMlt' pl"rcl"ptlblt'. , 

<> 
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Parameter l{t·ft·relll·t· 
Symbol Funchon \'alul' 

. 
~1011 .. E(IlU\.tÎOIl 

N Transform B)ork Length 2[lti <:nlllpl~!o. 
J, ~al1lphng Frequency 1 \I.n klh 4 III 
Jr Anh;aha~ Cut-off Frequt"nQ' 7 [1 kHz 
M AdJarent Black Overlap :12 "unp)(' .. :1 f) 
() Pre /De-elllphasls fador 0; 4.2 
b, Srahng Factor Word lellgt h (t'Xpollent) 4 hlt .. ·1 :\ 
bm Scahng Factor Word lt'Ilgth (mnnlI<:sa) 12 Ilit-> -1 :\ 

Nmnx LlIlllt on Prt'dictor ('oeflicJ('nl Cou nt IX pH·dlrtor .. -1 li 
À B10ck Bandwldth LlJlut [. l'n(,c'ut -1 n 
~~ Bandwldth Damping Factor (1 !HI 4 Il 
'1 Llnear Bltra1e M ultlp)wf o OO;:.? 1\1. ·1 12 
<P Ll\lear Bltralt' Off.,e! !f,A 2 khi" .1. 12 
1/ Spectral Welghtlllg FdCtor 1 (1 4 17 

bmnx LlIllit on Bit AllocatlOll III hlt .. 4 11'1 . 
N, Number of Taps III Po .. t Fltter 12/\ tap" 4 :.! 1 

\ 

Q Quantlzer Loadmg Fartor III 4 HI 
~, Post FIlter Damplllg Factor o 9H!1 4.:W 

br' Predlrt or ('ount Word Lengtll 4 bIt .. 
T SIlence DeletlOn Threshold Fador )O()(I 4 14 

Table 5.1 Archlvmg A-l~orit hm Paramf't,('ri> 

," 
CoefficIent a, b,' Hlt 

Index 1 AllocatIOIi 

1 -0 99 0900 fi 

2 -0 70 0999 , !I 

3 -090 0850 1'1 

4 -080 0970 li 

5 -080 0.850 li 

(j -0 80 0850 ; . 
Î -0.80 0.850 Î 

8 -0.80 0850 ' Î 

9 -070 0.800 (j 

iO -070 0700 fi 

1 ] -0.60 0600 (j 

12 -060 0.60rf "- il 

13- 18 -0.60 0600 4 

Nok Set" t'quation (320) 

Table 5.2 Refledion Coefficient Quantir,ation Paral1lctcr~ 

, . 
unacceptable noise levels, espccially, with .~les containing h.harp traw,ientl" sudl as 

r 
t,he piano selection (File 8, Section ~.3 J. 'the block sizf' was thm, fix("d at N 0:' 256 

6f· 
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hil,mpl('f>, to ~chi('v(:'.acl('quate time domain resolution, while maintaining the lowes~ 

Jlossi hIc bid(' information bitrate . 

. It WiLS found iLS expected, that the cosir,e roll off window (See 'Figure 3.5) reduced 
~. .. 

s()(·("traJ bllwaring. The window was of t.he most. benefit. in over-sampled signais (eg. 

fiI(,h 2, 5, 7, fine! 12), ree!ucing somewhat, the level of extraneous high frequency 

hpillover cTlC'rgy, iLIIC] consl'quently reducing bit allocations in the high frequency re

~ioll. 1'lIc t'fred was not great howcver, even wit h large overlaps (M = 128). Thus, 

10 provjde the lowe!>t. po!>sihle bilrat.e, while;t.i!l gallling sorne windowing benefit, a 

rom promise ovC'rlap of M = 32 samples was ('ho~en, 

l'II<' prf'dict.or coefficient cou nt was limit,ed to a maXImum of 18 predictors. For 

ov<,r-sampl('d signalb, and musical signals such as the piano with its numerous high 

clIcrgy f()rmflnts, or the jazz selection wit.h it.s complex wicleband spectrum, 18 predic, 
ton; w('r(' often T~I\1ired to provide an an'urate spectral estimaIe. Setting N max > 18 

1 

ÎllcreasC'c1 t hl' coder bit rat.e ~ith little audible increase i~ quality. Setting N max < 18 

audibly in('fC'(LsC'd coder distortion, particularly on the piano, ja~z, and over-s$lmpled 

signaIs. Althoup;h this distortion increase could be halanced by finer quantization of 

t.he t.ransforlll coefficients, the required increase in the main information bitstream was 

great.er t.han the Teduction rcalized.in the side information bitstreaFll. A compromise ..... 
lill1it. of NIllIlX ::::,18 prpdictors, was thus .('ho~cn . 

. 
T}l(' lint'ar bitrate fadors, 1" and </J, were det.ermi~ed~ empirically, based on the, 

average bitrate requi'fed t,o code a given input s~gnal ta the point where it was indis-

1inguishablc from the original. This bitrait' requirement was compared to t.he average 

bltIldwidth of tht' signal in question, and t.he above process repeated for each of the 

12 test filrs of ?ection 5.3. Aline ofbest fit was calculat.ed (using linear regression) to 

relate ,average signal bandwidth, to mInimum required bit'rate. This li ne is specified 

l1Y the' vnlurs dctermined for v and cj>, through equation (4.12). 

The clatnping fact.ors f3 and VI were adjust.ed through listening tests until ch.aJ.lges 

in bl'ock balLdwidt h f!st imat.e, and filter eut-off frequency, were slowed t.o the point. 

wh~r(' t lu.'Y Jjecame inaudible. 

, 1 
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-,."1 Spectral weightin~ of the bit allocatioJl was iound to have \'t'r~' littl(, ltudihlt· 

a effed, due to the already high quality of the rod('r. 'l'llIl!>, no !:pect raI wt'i~htinp; Wl\~ 

employed, and u = 1. 

• 

-e 

Any change in the quantizer loading facfor (J, from tht' vnJut' Cl 1, wa.!> round to 

produce audible distortion in ail test fi)e~. Thm 0 was not cllall~('d (rom its optilllulil 

_Max-quantlzer ~alu, of Q -=- 1. 

The predictor coù'nt ward length WI\.h sd tn -1 bib. This I\I\0v/.'(\ 16 of tIlt' tH 

possiblé predidor assignments ta he stored. Thus the IlUlIlhf'r of prt'di('h:m, IIhl'll 

to form t.he sllloot.h spect.rulll esti mate was rest rÎct.eù t () lIIelll!lt'rh of t hl' M'( NI' 

{n, 1,2,3,4; 5,7,9,10, l1, 13,14,15,16,17, ] 8}. Optimal pn·dldot ('ouul s produn·d lIy 

the FPE crit.erian were increast'ù t.ô the next set ll1t'llIhèr if nl'('{'!I~ary, Iwfor,' slori\/l.'" 

5.3 The Simulation Test Files 
• 

Twelve audio files weTC used 1.0 tt'st the performanc(' of t.h!' variilhl(' rat(' archivinp; 

algorithm. Speech and music seledions, of varying fiddity werl' C!lOS('" in order t,o 

accurat.ely represent t.he cOnlent.~ of a typical audio archive. 

A description of each test file is provÎ_de<) in this bcdion . 

. _-------------- _._------ -------- -"-- -,--- -~-~--

'File 1 
Samplulg Frequen('y' 8,000 Hz 
Anti-alias filter cutoff frequt'n<"y 3,WU Hz 
File length (samples): 16,018 
File length (seconds)' 2.0 
Sample sizl.". 16 bits (linear quantizt'f) 
File meau' -1 829 
File standard devlatlOn 1,951.8 
Maximum samplt' value 10,363 
Minimum sampll' value- -8,281 
Contents: 

Narrowband femall." voire' "Happy hour is over" . 

File 2 
Sampling Frequency. 16,000 H-z 
Anti-alias filter cutotr frequl."n<"y: 3,500 Hz 
File length \samples): 25,790 
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Filt> Il'ngth (M'rond!» 1.6 
~l1l11ple ~iz(> lfi bll .. (Iillear quantizt'r) 
FII(' rnl'an -8 7f, 
Filt' ~tlLndard dC'vlation' 2,152.9 
MaximulII <;alllplt· valU(> 8,~4!l 

MinimulII Munpk value. -9,125 
( 'onlt>nls: . 

Narrowhand ov('r-hamp)ed female vOIC'e "Happy hour IS OVl'f" 

--. --- .---_. - ----------------
Fil<- 3 
Sarnpling Frt>quellry' 1.4,QOO Hz 
Antl-ahas filt,t'f cutoff frl'quenry: 7,000 Hz 
File Irllgth (!>lunpl!'s) 28,000 
FIII' It'ngth ("'f'cOJHI~) 2 0 
Sampl(: ~IZt· Hi IJlt~ (hnt'ar quantlzrr) 

FIJt. /lH'1l1i - J Il:! 
1-'11t' "ülndard dt>VlllllOll 1,9520 
MILXIIIIUIlI "Il.IlIJ)Jt. valut' 10,253 
MlIlI/lIUIII "ample valut' -8,342 
( 'olltcllll> 

Wldehalld f(,1ll1l.1t- vOlce "Happy hour is over" 

Fil<> 4 
Sampling Frequellcy: 8,000 Hz 
Anti-alias filtt>r cutoff frequ!'n('y: 3,500 Hz· 
Filt· lellgth~ (sll.fllplt'~), 36,976 
File 1!'llgth ("'t'cond,,)' 3,9 

SIun pl<' l\izl' Hi h\t~ (1IlIear quantizer) , 
FiJI' IIlt'/UI' -25.0 
FiI(' standard deviatlO/l' 1,2094 
MaximulIl 1'o1llllJllr vlllut" 7,748. 
Minlll1\1l11 l>lllllple valut', -8,843 

(~l1tl>. (- • 

Narrowhlllld malt' voi~ "The birch ('anqe sJid on the smobth planks", 

-----_._._--~------------------

File 5 
Samplillg' Frequt'lIry: 16,000 Hz 
Allti-alias filter rutoff frequèllt'y: 3,500 Hz 
File lellgtll (samplfs)' 27,045 
File lellgtll (st'(,oll(b). 1.7 
Sam pit' ~iZt" 16 bits (lint'ar quantizer) 
File Illt'an: -0.14 
Pilt' Standard dt'vil\tiol1: 1,462.3 
Maximum samplr valut', 8,941 
MinimulIl sarî$lt, value: -12,899 
('on tt'lItS: 

Naffowhltlld over-sampll"d male voire: "Happy hour is over". 
, 1 f 
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File 6-. 
Saillphng Frequency. 14,000 Hz 
AntI-ahas filter cutoft' frequencv 7,000 Hz 
File length (samples). 28,000 
File length (seconds) 2 0 
Sample SlZe 16 bits (llnear quantizf'f) 
File lllean -1" 
File Standard devlation 1,523 0 
Maximum !>ample valut' lü,IOS 
Minimum sam pIe value -10,195 
Contents 

Wldeband male vOlee "Happv hour IS over" 

File ï 
Sampling Fr'1lueney 16,000 Hz 
Antl-alla~ filt!'T ("utoft' frequt'nry 7,000 Hz 
Flle length (samples) 19,642 
File length (seconds) 1 2 
Sample size 16 blt~ (hneaT quantîzerr 
File mean -1 14 
Ftli' Standard devlatlOlI 4,296 6 
Maximum sample valut' 6,410 
MInimum sam pIe valut' -6,~ 16 
Content~· 

400 Hz tOile 

File 8 
Sampling Frequenc'Y 16,000 Hz 
Anti-alias filter cutoft' frequ;llrx. 7,000 Hz 
File length (samples) 148,G9!l 
File length (second..,) 9,3 ( 
Sample slze 16 bIts (hllear quantizer) 
File meall. 1 96 
File Standard deviation 2,829 3 
Maximum sample value~ 15,622 
Mlllimum sample valu!:': -12,207 
Contents: 

Solo piamst (jdeband) 

File 9 
Sampling FrequenC'y' 16,000 Hz' 
Anti-alias filter cutoft' frequency: 7,000 Hz 
File length (samples)' 161,7<10 
File length (seconds): 10.1 
Sam pIe size: 16 bits (linear quantizer) 
Flle mean: 1.18 

,. File St~ndard deviation: 2,854.8 

) 
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MaxImum sampl(' value 18,17 fi 

MIJIÎUIU/II r.ampn- value - ](),97& 
('ont<-nh 

l'lin pip!''', bombo, and gourd (wldeband) 

1 

- " -" --- - - -------- -------- ---- ------~------------

File 10 
Sli/flpimg Frequenry 1(/,000 Hz 
An(l-alrl1" fiJt('r cutoff fr('qm'ncy 7,000 Hz 
FIl<- If'ngth (<;/unpJf'<;j· J2:J,744 
FiTt, It'ngtll (",{·cund .. ) 7 IlfJ • 
Sllmpl!' ~IZ(' ]fi bit .. (hl1eur quanhzer) 
Flle JJlt'uu 4!/ 
FIl<· :-'t!ll1dard dt'vlatlOn 995 gL 
MUXlIllUIIl "'I1mple value G,53fJ 
MIJlInJUIlI ",uJ\lple valu. -3,883 

( 'Olltt'lIt~ 

';mull.lllzz group (wldeband) 

~(. Il 
SalllpllIIg Fr!'quellcy 20,000 Hz 
Antl-aha ... ftltrr cutoff frequencv. 7,500 Hz 
Filt' length (sall1ph'''). 100,743 
Fik Jt'ugth (second!.). 5.0 
SnJuple !>iz(' Hi bIt!, (Imear quanhzer) 
Filt' menn' 0 75 
File Standard devlutJon 723.61 
MaxllllulIl "ample vlllue 4,335 
M\IIimum salllple valut" -4,268 
Conlente; 

, 

-Small.lazz lroup, with male and female vocalists (wideband) 

---------------------------------~----------- ~ 

File 12 , , 
Sampling Freqllelll'Y 20,000 Hz 
Anti-ahas filter clltoff freqllency' 3,500 Hz 
File length (!.umples) 102,591 
file length (seconds). 5.13 
Sumple siz!" lIi bits (Iillear quantizer) 
File lIlean O.oô 
Fil!' Standard deviatlon' 721.65 
J\la>.illlulIl salllplt' valut'. _ 4,339 .J 
MinllllulII sample valut': -4,116 
COlltrllts' 

S~jazz grou'p with Il~ale and (t'male 'Vocalists (nanowband, ~nd over-sa~p)ed). 
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- 5.4 Test Methodology 

As outlined in Section 2.2, the '·l\.flahle rate archiVlII~ nl~orithl\l \\'!l~ c1('hl~l\t'd tn 

duplicate the quality of a modern! inch analo~ r~d-to-f(·('1 tapt' d('ck. TIII~, III elrt'ft, 

reqUlred that t here be no perceptible differences bet we{'11 t hl' OTl~II\!11 and tilt' rode'rI 

versions of each input signaI. III S{'('lIoll :).2, the coder pnrnlllC'tt'r valllt'h dlOM'1I ~o 

achleve thls hlgh quahty level w~re listed. III SC·rtlOlI :, :" t IH' ft'hUIt h of !-lIl1ulat 1011 fllllh 
. 

using these parameter values are ,z;1\'t'II. III thi~ h('c11011, the procedufC'h u~c·d 10 cOlllirlll 

t hat the origm al and coded verhlOIl" of t h(' 1 Ch t si!!:11 al:-. WC'ft' III dt'c·d llllJ)('r('('ph hl.\ 

different. are given 

A panel of un-tramed listeners was aSht'lIIhled, and prt'..,{'nted Wll h il hc'ri{'h of illll!tO 

trials. The twelve te'lt files of Section !).:l werc ralldolllly or/!;allllwd ililn i'I h('fl('h 01 

comparison tests. Listeners wt're }}feM'nted with il "('qllc'IIC(' of Iwo alldlO ~i~nn.h., and 

asked to rate the signaIs as bein~. 

1) Identical; 

2) Definitely Different; or 

3) Possibly Different. 

The two signaIs present.ed to the list.ener were drawn rlUldolllly frolll orl(' of tilt' 

following pairings: 

• Original Signal versus Coded Signal; 

• Original Signal versus Original Signal; 

• Original Signal versus Purposefully Degrnd('cl' Slgrlal. 

The listener was, of course, not aware of the trùe uat ure of tht' signalh Iwi ng rat c·d. 

The addition of Original 'vs. Original, and Original vs. Degraded sigllal~ .0 tlH' t,f'bt 

permltted the detection of any listener biases which IlIight exist. . 
fi 

~ Listeners were allowed to hear each compariwn twicf', bdorf' assignÎng a !.-imilanty 

rating. A total of 10 listeners were presented with 40 wlllparison trIa,,". c'ach, for ft 

total data base of 400 trials. The trials w('re spread ou1 eV('nly éllllong!.t tilt> 12 
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tf> .. 1 fil!"'h, HI rândoJlJ fahhion. Ali b'itening; test~ were perfirnwd usin~ loudspeaker 

H1oJlltor!>, lTl a ~()ntT()II('d i!.COustlC enVlfonmeo1. The actual questlOnnairf' used durmg 

"-

5.5 Simulation Results 

1" tlllloo 1ool'rlloJl, th,' f('!->ult .. of tht' arrhJ\'lJlp; algurithm Fortran slIllulatlOn will he 

J,';IV('II ln SNllOn r"r) 1 Il will })(' showlJ Ihal wllh Iwo exceptions, te~t files passed 

Ihrough the codlllJ,'; algoTlthm were Ill(h~tlnguishahle from the corrt'sponding-"oTl~Jnal 

III SeduJT) r)':J.2, tlit" averap;e bltra1t's rt'qulfe( 10 store the test files of Section .5 ~ 

ar(' gIV('lI. Il is !.hown Ihat the variable rate ar hlving algonthm offers an avera~e 

~t.orage &IlVlng of i.5% over the oTlgmal bnear-PCM files, and 63% over log-peM coded· . 
fil('~. 

5.5.1 Comparison Test Results 

Cod/'r compaTlson lesl] rehults show that in ~!-J.9o/c of aIl test trials, the signal 

proce'sM>cl by the archiving algorithm, was judged 10 be indistmg~ishable from the 

original !lignal. This is an average figure, calculated using alltwelve test files2 . Per
~ 

rent,age details, for each individualtest file, are glven in Table 5.3. 
r 

The table shows that for 10 of the 12 test files. hsteners.rated the coded signaIs 

as idcntiral 1.0 the original signal in more than 90% of a]] Inais. With I.wo of the 12 

test file~ howt'ver, the archiving algorit}un gave a poorer than average performanTe. 

For File 2 (Narrowhand over-sampled female speech), listeners often reported a famt 

lo\\' frequency buzz, and indicated on average, that the archive-coder processed signal 

ILnd tht' original sig~a] were identicai only 33.6% of the time. Similarly, in the case 

1 S«,c Scoctioll 5.4 for Comparlson Tcost dcotails 

~ Scot Scoction 5 3 for tC'St filt dcotails. 
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l Flle Content, '" Halt'd Id"I)lIull • 
1 Narrowband F.'male Spt't'rh \00 

2 Narrowhand (her-~al1lplt'd Fnualt' "'p'", h ,1.1 

3 V\'ldeband Felllal .. "'pt't'rh \1\ 

4 Narrowband Malf "'pt't'ch lOti 

r, Narro\\halld O\er-'Illllpkd Malt "'p"", h \Otl 

{, VV,deband 1\1 al, "'Jl .. t ( Il \(HI 

j \\',deband ()~t'r-"ampkd 40'\1 H7 '\'Illl' \Iltl 

8 \\',deIM'lC! P,all(' \1111 

9 \\"dt'band Pail PIP'" BOlld"" and (;,,"r<l \(111 

10 v",deband .Jazz ~rollp 
. 

'12 

II W,dt'hand .Jaz7 Croup (1\Ial. ,r... F"IIIILI. \",ah~h) \1111 

12 Narro" hand O\.'r'lllllpl. d .la?? (,fOUI> (Mal. 1... Ft l11al., V(l('ldl"h) Il , 

Tohle ~3 ('olllpiln~OI1 Tc~l HatlllJ.!;" 

of File 12 (Narrowband over-sé\mpled IIIU~Ir), il falllt ~hlllllll' rlllJ.!; tll"tortlOfI wa ... dl' 

tected at Ihe slart of the file, rt>sullmg III ){1t'I11 J< dl rallllJ!:' 111 oJllv :tl.:!':; of ail trl.d ... 

The pt'tfo~nance of Ihe archivmp; algorlthlll wa~ thu ... fOlllld to IH' ",oll1('what ~I/!;Ilal 

dependent. Further testing showed Ihat th(' perceptlhlt' (bstortlOm Iward III fil(·~ 2 

and 12 were due to spectral e~tHllatJOII and SdPIHt' dcletlOll ('rror ... r('~pl'( tlvl·ly Th ...... · 

problems will be discus~t'd ln the conrlm,JOns of Section 6 

Thu~, excludlIlJ?; file~ 2 all(l 12. the archlvmg atp;ont hm s!towcrl \t'ry J!,ood l)I'rror 

~nance; achievin~on avera)!;c, an Idt'ntic'al rating 91'1.1 '7<, of the t III\{' 

The ~ests performed ta deted hsteoer hléiS };rodu('('d t}\(' <'X})(·('t(·d n'''lIlb WlwlI 

two ongmal signaIs we):e compared, hstt>I;Ier ... ,ratl·rI t}WIII HII'ntICal !1ft 1'1'1, of !.lit' tJJlIl' 

SignaIs that were purp?s('fu])y d('~raded wI'r/' ratt'd ddrf'f('lIt thall tlll' OrJ~1I1111 9:2.:{1;{ 

of the time. Thus listeI\ers showed thelllllelvc'''' to 1)(' <juit(' rapabll' of dJ! .. tlll~lIlkhJII~ 

high quahty from loyv quality sll?;nal~, uI\(}er tilt' 1(·~t nHI(hlJOrJ!> u,>(·cl. 

It ean therefore be concluded, that t}I(' arrllJvJTl~ al~()rIthllJ ib, ln gt>neral, provid 

1J1)!; 1 he hi:h quality signal represent at ion!> req li i rt'd III an audio ardli VJrlf.!, applicatloll. 
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fi.5.2 Storage Rt>quirements and Average Bitrates 

III ),1\,1.· :,.1. t\JI' i1\t'rHgf' bIITtil.· ... Tf'IJIllrl't1 10 "Ie,rt· ('o,b te"t f-lgnaJ are cOlllpared 
J . 

'f,r "<fIIlI,d('rJ1 qu.dl1 \ 11IIf'tlf P( '!\I l(,~ P( \1 i1rlCl tiT< hl\"lng alg;orlt 1!Il; cod('<1 SIgnal ... 

hl. ( '''JI t, Il t ... Avera t' Hltrate kbi~J 

ArrhlvIIIg LIJlt>ar- Log-
• Aü;oflthm PC'M PC'M 

1 f\oarr(l~ halld h'/llal. -,p.· .. rh 44 4 128 8~ 

" Nllrro\\, balld"(h(·r- .. alllpl,'d /-t'mak "lw,'rh 42 Î 256 20~ 

.. \ \\,](1"",111<1 hlll,d,' 'jH'('( h , 663 224 154 

1 Nllrrfl~ 1,.1Ild Mal! :-'1)( te h ~ 4] ï 128 8(j 

!". Nllffowl'i\lId ()Vt r- ... ampkd Malt' "'l'l'l'rh 
( 

43 8 256 192 
(, \IV HI l' J,'U1 d Mill 1 "'ptl,t'h 660 224 126 

7 WltI,'hand OV(·,· ... ;lIJ1pl .. d 40fl Jlz J ("If' 31,2 256 192 

Il \VHkhund Piallo !' 7r. 1 256 160 

!I Wld .. J,aud l'ail PlI'" BOlllho aud (;"11 Hi 779 25G 112 
10 Wld.lmlld Jazz glullp 

" 
81 :3 25& 144 

Il Witi. bdllt! Jau (;rouJ~ (Malt A..' Frmal( \ocahsb) 9b 4 320 160 

J :2 Nllrrowhallo ()~('r ... aJ\lpl('d Jazz Group (Mal~ [:.: f\'llIal .. vocah~t~) ,4] f, 320 220 
- 0 

A"'lag. \r . . ,o,q 2 240 1;,3 

l 

Tàble G.4 Coder Bltrate }{f>sult" 

'l'III' 1I\ l'rage lllt rat e Tt'hult fi also ~how 1 hat 1 he archn'mg algorit hm adJuhtt'd VieU 

10 thr )]('!'(b 01 (>adl Inpul sIgnal. Bltratt'h ranged f.rom 31.2 kbjh for the simplesl 

~l)!, llal (1 1 If' ·HlO Il, lone) 10 !lti.:l k h! s for t he 'mm, t co1l1 plex (widehaIl(! .i azz grou Il vn t li 

IIlldllpl!' \'()('ah~I~), III addillOlI, tIlt' ,algoTlthlll dellJoIlHra1('d ils ahilll! ID efficientl! . 
(odt' o\'t'NaJUplt'd ~lgnak \\'helher ~alllpleU at- H kHz. or al 16 kHz. thf':,same 3.500 

lb: ha.ndwidth [('Ill al t' voif(, segtll(,I1t wa~ stored at t'ssentially tht' same'hllTale (44.4 
, .. 

\'('ri-lI~ 42,ï-khjs fOf fil{"~ 1 and 2 fespectively). Both of these fates. as ~peded, were 
\ 0 , 

sif,!;uificanlly low~r thal~ nit' mea~ur('d M~ragt' rate fCH tht> widt'band (ï kHz) version 

01 tIlt' slllII't",f('male voiee s~p:lllenl: ()().:3 kHÎs (fi1e:3). Similar result.s were qblai~ed 

for malt· ~pt't'('h (file~ 4. 5. and 6). ane! for music (files Ù .. él(ld If)' • 1 
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5.6 Comparison 'Yith Log-PCM Cuder 

For benchmarJ..ll1g pl1rpo"('~. a 1 om pafl~OIl \\ a~ perforllll'd hi,t \\ 1'('11 rhe' \/Lrluhlc' 

rate arChlYIng algonlhlll. and a bc\~lC Illa\\ lof.!- l't'\1 coder 'l'hl' ~ll1lldard II-Iaw 

cun't' was ust'd 12,; 

c(.l') .rllla~ 
log, (1 t JI - 1,' 1 .l'mll\) 

I()~, (1 t Il) 

For t'Ileh filt'. the number of blt~ Ilse<! to log-qllclllll1l' c(tlh -.êlt,llpk W<l~ ndjll~kd 

llntIl the log-peM and "a~lahle rate arChlV\Tl~ ('()d('r~ produl('!1 ~,,!;II(d~ of ('(\lllvi~h'nt 

"quabtyl 

Flle Contf'nts hll,~ 

1 Narrowband Ff'rnalf' !'ult't'ch il 
2 N arrow band Ûver-saml)lt'd Female ~pt't'r h 1:\ 

3 Wldf'band Fell1al(' Spf'('ch 
. 

1 1 

4 Narrowband MalI' ~pf'f'ch \II 

5 Narrowband ÛVt'r-sampl<'d Mal<' "I)('(, .. h· 12 

6 Wldeband Male '::>I)('('ch H 
i 'Wldt'band Ovt'f-samplt'd 400 Hz TOII' 12 

-
8 Wldeband PIano 1(,1 

9 Wldeballd Pan PI pt' l30lllbu and (;011 rd ï 

10 Wldeballd Jazz group !I 

Il 'Wldt'balld Jazz Group (Ma.le ~ Ft'malt v()(III1~hJ 
, 

Il 

12 Narrowband OVt'rsa/llpled Jazz (;roup (Mal. !;. F('/llalt- V<H 1111~t-) 1 J -
Tabl€' 5.5 Log-P(,M ('ompamon H('~lIlt:-

Based on the current bit allocation, b" tllf' valU/'1- of Il, and .l'ml1x ln Equation 
. ..... 

(5.1) were set as follows: 

~ 

- 2b, 1 :r't1aX - -. 

The comparison results are summarized in Tab,l<' .1.5. The numht'r of blts, b" reqlIired 

10 quantize each sample was thus found to range froUl!! to 1:3, dept\nding on th(' nature . , 

. of the s~urce signal. The variable rate archiving algorithm produced ~II aVéra~e (ov,.r 

.' ' 

~ 

1 Êquiyalence Volas determined using li!ltening tests ~lIIùlar to thOM' described in-Section !>.4_ 
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t lI!' 12 t('!lt fil{'s of Sect 19n -Ï:q r,torage sa\'1fI1!; of 63.3% over a log-PCM coder of 

('qUI valf'nt qlJab 1 y. 

5.7 Comparison With CCITT Wideband Coder 
1 

" ( ( 

Th(' ('0/1111(. COIl1>ult.atlf IlIteTIlallOnale de Tplégraphlque cl Téléphoniqu(,' (CC-

ITT) 11> < IITreul Iy hlandar<bzlng a wldeb(lnd (7 kHz bàndwldth) 64 kb/s sub-band 

cO/ling, algorithm III. Althoul!;h deslgned for speech coding (and up to 16 kb/s of 

dat.a 1 ransllIif.siofl), wit II music ptocessing as only a minor consideration, the CCITT 
-

algorithm provide!l roughly t.he same signal bandwid~h a,s the variable rate archiving 

algorithm t.{'sted III S(·ction 5.5. A comparison of the two algorithms !hus provides a 

Hc('ond use[ul henchmark. 

Filr ('onl('I!I" % Rated Identlcal Avrrage Bitrate(kbjs) 

Arrhlvmg CCITT Archivillg C('ITT 
Coder Codrr... Coder Coder 

1 Narrow ban d Fl'male- Speer h 100 20 44.4 64 

5 Narrowband Over-sampled MaJe Spt'('rh 100 58 438 64 

Û WHldJllnd Male Speech 100 lï 66.0 64 

7 Wlllehand OVl'r-snmpkd 400 Hz TOll(. ]00 8 31 2 ----- 64 

Il Wldrbllnd PlIlIlO 100 17 76.1 64 

JO \Nidl'band Jazz grou Il 92 18.. 81 3 64 

Table 5.6 CCITT Comparison Results 

'l'able 5.(; show~ tht' sllllilarity ratings (i.e. the degree t.o which t.he cpded SIg

naI was rat.ed illdistinguishable from the original), and the hitrates required hy the 
, 

ardiiving coder, and the ('CaTT ("oder, to proc('ss 6 t.est files from Section 5.3. The 

. table shows lhat in 3 out. of 6 rases, the archiving -alg~rithm was able t.o provide 
, 

higher signal quality at a lowcr hi t rat.e than t.he' CCITT coder. In the other 3 cas~s, 
, 

the archivillg aJgoritlull increased its bitrate by up t.o 27% over that of the CÇITT 

coder; however, t.he similarity ratings show that this inrrease was clearly necessary 
• 

t 0 maiitt ain high signal quality. 
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Chapter 6 COllclusions 

In this wotk, t he unique:' coding nerc!!, of au -audio archive lu\.V(' oecH exnmÎned. A 

variable rat.e adaptlve t ran"fonp codlllp; algorit hm has been dev~loped t.o Jl)('et tllt'h(' 

nee9s, and a Fortran simulation ha8 be<,n run Oll a series of 12 flUdio tt'st 'fiks, to 

examine its performance. 

r 

The Fortran simul",t.ion shows that t.he proposed arrhi vi IJ~ alJ!;orit hm provicktl IL 

high q'ttality processed signal that list.eners find indistillp;lllshahll' from tiLt' original 

signal in 89.8% of the test cases considered. The. Itlp;orithm adjusth weIl 1.0 the .balld· 

width and complexityof the input test. signaIs, varying ith bitral(' l'rom al.2 t.o !/(U 

kb/s, as required, t.o maintain high quality. These bit r.atei'> are rrdbonabl,: for il hip;h 

qualit.y coder given the current st ate of t.he art in. coder re~('arrh. '(h,t rt'hlllh all>o 

r show t.hat the algorithm performs equally well on speech and Jllllhic hi~niils, p'rnvichll~ 

/ 

\ 

average st,age savings of 7.5% over a 16 bit linea:r-PCM cod<'r. nrid (i~!% IIver ail 

equivalent-quality log-peM coder.' 

. A comparison between the a!chiving algorithm and th(' pr~)Jlo!\('d CCITT s.Landard 

wideband coder [1], s~ows that. t.he archiving algorithm consi~t('Iltly pfovid('h higlwf 

quality, at ,hitrates ranging from 31.2-81.3 khfs, vers lib th(~ CCJTT ('Od('f'S fix('c1 

bitrate of 61 khfs. 
• 

Algorithm performance was found howev{'r~ b(' .fiOmewhat ,dependent on tht> 

nature of t.he input signal. In 2 <?ut of 12 kst fileb~bte,lI('rh" report.("d sIJut.1l audihle 

distortions in ap!lfoximately 66% of ail t.rials . 
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Tlt(' firl>t clJ!>tortt·d seglllent o~curred in Filé 2 (narrowband over-sampled female 

hP<.'('('h). (J'rstinp; showed that it :vas due t.o errors in the FPE signal order.estimati~n 
. . 

pro(dure. Although t h(' introduction of 1 he FPE criterion during coder development 

lecl to f('duced bilrates over the' fixed predictor COUIl~ approa('h used to t.hal poinl, 

il. is dear t.hat the hasic FPE te7,nniqu(' chosé1ns not always able to produce ade

(Jllat.e T('hU)t!>. A more complex signal identification method appears t.o be required, 

1.0 produc(> a consistent high quality ,estimate. Alternat.ively, a return t.o the fixed 

prediel,or cOllnt approach would provide the required quality, but at. an average side 

infbr!llation bitratf' increasf' of approximately 1.5% for the test files of Section 5.3 . 

The second dist.ort{'d segment was heard in File 12 (narrowband over-sampled 

music). Testing showed this was due 1.0 unwantéd silence dele}ion during a low vqlume 

sedion at t.he start of t he file. Improvement to the archiving algorithm is also ~equired 

in t.hi" area, 1.0 provide a consistent high quality output. C~anges 1.0 the silence 

deJetion threshold fador T, a logarit.hmic deletion curve, a threshold eut-off approach, 

or a block look-ahead ('apabilit.y, should be considered in future implement.ations. 

Negleding t.he above two files however, the archiving algorit.lim produced a signal 

rated indistinguishable from t.he original 98.1 % of the iime. The archiving algorit.hm, 

wit h the improv(,Illcnts suggestep above, thus shows great pot.entiai for storage savings 

in an audi_o archiv;ng applicat.ion. 

6.1 Considerations For Real-Time Implementation 

A prime cOllllidera1 ion in t.he development. of t.he variable rate archiving algorit.hm, 

as o~tlined in the design crit.eria of Section 2.2, was. t.hat it be implementable in real

tillle, on rxisting digit.al signal processing (DSP) devices. 

, If. lIas been shown in t.he speeéh cocJing literature 1.hat the adapt.ive transform 

coder can be implemented in real-t,ime [20J. ln [20J, the homomorphie spectrum esti-
\ ~ 

mate procedure (Section ,3.3.4) was used, rat her than t.hé linear predidion appro'ach" 

but. ,bOt.l1 are 'of similar complexity., PowerfuL DSP chips exis1 today w~ich can în 
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many ways out-perform the array pro(es~or used in [20]. (t'J!,. the 'l'MS ~tW(,:W .h)· 

Texas Inst.rume~hich ('~n perf6rIll ~ 256 point DFT in npproxillllltdy 1.5 ml> 

versus the array processor's 3:-28 ms requirement ). 

lt t.hus appears 1.hal real time implemelltat.ion of t.he variablt, mie, alp;orilhm 

proposed in Sect.ion 4 is feasible. Th(' samplin)!; raie required for archivinp; will hoWrVt'f 
, 

be mu ch higher than for t.he narrowband ~pe('(h syst.em of [201. Forllllmtt·)y, in 

archiving, coding and decocling operittions are never perforlllt'd sim~llt.an('o\lsly, lU, Îs 

requirecl in a transmission application, su(h as [20]. Thiii (ut.s real-time cc.'qnirelllcnh 

in half. 

Shoulcl implement.a1.ion i" [eal-time'prove difficult at the s~lIlpli~g rat.es requiJ:ed, 

several options exist: 

,. 

1) The Use of Multi-prJcessors . , 
( 

- syst.ems have, for exaIllple, heen ronslrudt'd using llIuHiplt· 'l'MS 32010 
chips t.hat oifer increasrd real-time capadt.y [44]. 

, 

2) The Use of a Log-Average Spt'c1rum Est.imal(' 
• 1 

fesults pu blished in the spee(h ('odi ng; li t.erat ure indicate 1 hai. (l 1. t.ll(~ high 
bitrates r~quired in archiying, Ihe Log-Average est.imate proc1edurt' of St'('
tion 3.3.4 may be able la equal the performa.nce of the LPC es1.inmj.e wit,h 
significantly less numerical (alculalioll. ,. 

3) The lIse of ft Fixed Predidor Count. 

- u.sing a fix~d number of predictors to fon;. the !>lllooth speldrum eb~rnatt. 
for .each block, will eliminaf,e the FPE (fiterion raJeulat.ions. ' 

4) Wite Use of Efficie~t DC; AIgoritC-

new methods for efficiently calculating the neT have hE'cu proposcd 145], 
which could lead to reduct.ions in real-time requirement~. _ 

6.2 Other'Considerations 

, Two ()ther considerations are worthy of note' at ihis point. JJurillg dcvdoplllcl1t 

of the archiving algorithm, it becam/ apparent tbat. although aIl d(,/iign ënt,(:ria of 
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S('dion 2.2 had heen met, Design Criteria 4 (Uneven coderJdecoder workload) was 

not satisfied to the cxtcnt oflginally envisioned. In fact. the proposed archiving 

algorithm has a hasically ('ven workload, with the decoder performing aIl funct.ions 
, C-

of the encoder ('X('t'pt the corpputation of the signal autocorrelation and refkction . 
cocfficienth, and the computation via the FPE criterion, of the number of predietors 

10 hl' used 10 form the smatth spectrum estimat.e.· Future work on t.he proposed 

algorit.hl11, should address fhis i5sue, perhaps through the use of vector quantization 

of t.he side information. 

( Secondly,~~ somew~at arbitrary decision was made in Section 3.2 to persu~ de-

velopment of an adaptive transform coder, over a sub-barid coder. Modification of 

- a !>ub-band coding algorithm t.o provide a variable bitrate could lead to interèsting 
'" 

results. Such an approach- would eliminate t.he prediction error problems eneoun

tered in the ATC approach, and could provide better rejection of extraneous Mgh 

frequency noÎse in over-sampled signais t.hrough the deletion of entire high frequency 

sub-bands. 

, . 

" 
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Appendix A. 

Analog/Digital ArchivingC Equipl11ent 

1 Th~ equipm~nt present~d in figu,"" 2.2 and 2.3, a~d the cost;wesented in figures 

• Ai\. and 2.4b, are hased,on the following: 
') 

Figures 2.2 and 2.4a 

Rt,vOX B' 7i ~ 'Inch Reel-ta-Reel Tape Deck. 
, '! 

Cost·_$350p. • • 

, Tape Slpe 1 used for auhivin

g
,. 19 cmls ,,... 

Ampex 4 6 l inch reel tape (1.5 mil) 
, '. 

Reel S~ e: 18 CIII (7.5 inch). 

'TAPeieng,th' 366m (1200 ~eet). 
cOSi $5/ reel. 

A )0,000 hour a~chive c~lJectlon consists of 20,000 \apes. 

'Laifour cost9 ~ weighted): $30 /hr. 

ime requited ta copy one ta)?e: O.l hr .. 

Fujitsu NM2505A 13ClJl WORM Optical Disk Dlj,ve. 

Capacity: 300 Mb/sidr (2 data sides). 

Cast: $3500. 

Best MKII IBM PC/XT Compatible Computer. 

with: 20 M harp disk, ~nd 640 k floppy disk drives. 

Cast. $2595. 

Loughborough TMS32020 DSP Board. . 
with 16 bit DIA and AJD converters. 

IBM PC plug-In compatible. 

MaximullI sampling frequency: 50 kHz. 

Cast: $25!J5, mcluding de velo pme nt software. 

, , 

__ 13cll'l, WORM Optical Disk (300 Mb/side). r ~'-.. __ /' 
Cast. $75. . . 

---cAa---110;OO(Hour an'hivt' collection consÎsts of'3,552 disk~;@ 59.2'k 
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~ 
" ~ cost of audIO amplifier!> (common to hoth tht' anaJop; and dip;itllll-y!>tt'lII!-) 

Vnot included. The cost of fixed anti-aha!>inp; filters for thr di~itl\.l ~pt('lll Wll~ 
neglected. Labour costs in year l, are assuIlled identJcal for t hl,' IUlalof!; and dip;ltltl 

systems, and are n~t included in Figure 2.4 . 

.. ' 

• 

Year 1 costs for the analog syst.em (Figure 2.4a) indude: l\lIalop; tapt' dt'<.'k, /llId 

lllagnetic t.ape. In years 5 and 10, costs include: llHt)!;tH'tic rt'plac(,llIt'tlt t!tllt', amI 
. -

labour costs. For the digital system {Figure ~.4h}, year 1 cost.s include: opt.icl\.l disk 

drive, IBM PO/XT compatible computer, and optical dish. 
~ ~ 

- . 

. , 
/ \ . " 

.' 

. / 
• 1 . - . , 
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Appendix B. 

DSP Card Suppliers 

, , 

The folJowing suppliers manufacture IBM PC compatible plug-in digital signal 

pro('('ssing products, based on t he Texas Instruments TMS320 series of digital sIgnaI 

prOC{'!>!>OT&: 

• 

]) Atlanta Signal Processors, Ine. 

770 Spring Strl't't 

Atlanta, Gt'orgul., USA. 30308. 

(4(/4) 892- 7265 

2) Loughborough Sound Images Ltd. 

Tilt' Tt'chrmlogy C'entrl' 

EpJl1aJ Way. Loughborou.g~. _,Leicestershire 

llK LEll OQE 

(509) 32J843 

3) MicrQcraft Corporation 

PO. Box 513 

Thil'nsviUe, WlsronsÎn 

USA. 53092 

(4]4) 241-8144 

4) OROS SA 

Chemin des Prés 

ZIRST - 38240 MeyJa~ 
Franrt' 

(33) 76 90 6236 . 

. 
5) Sky Combutcrs. Ine. 

: 

Foot of JOhll Street 

Lowell, MA 

USA. 01852. 

(617) 454~6200. 

. . ~':. 8$. " : 
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. CcideT COBl pari son Test , .. 

.. 
., . Ill~t fl1di.Oll:-' 

1 
Thank )0\1 for ofl,\f1n~ta~f('elllg l<tltlkt' III«' (odn« olllparl~()11 1(-,,1 '011 1\(,' "houl 

10 hl'ar 40 pair" of alldlO fill'~ Earb 1111.1; w·ill (tll'I"I fi' .111 onglllai \ ,'r"llIlI of 1 IJ(' IjIPU; 

~lgnal follow't'd hy a f()(\t·d vt'r"wl\ of I~lf' ~alll(' ~1~lIal 'our t.1! .. ~ l' 10 111(1111\1,· ;'11 1 h. 

followln,:!; page" whf'lht'r or.A tll!' Iwo v('r~lOlI'" "'0111111 H~'~l\ll(ill. d,'hlllll'I\ (ldl"T"III, 

or pO.,S] hl)' (h ff('f(,1I1. 

- . 
For earh sl,:!;nal..tlw onglJlal-~'('r~lon ,., ('OII,'d V{'T~I('II COIIIJIiIrJ..,OII "dl tH' rl'JlI'.I1'" 

twice. A ft er hean flg)..he rOIll pan ~OlJ for t hl' M'( oll(l t 1111", pl,',,'I' « .rel., III«' .1 pprol'TI.II l' 

~11I11larity ùt',,('f1plI011 tO<.f1J!..llt of th!' ~Igllal lIalllt' 

• C'Hr!C Identicallf you hear no dIffeTrncc I)('t WI'(' fi t III' Of1J!;l1l1d and Ou' (od.-" 

VI'TSiOlIS of t he ~i,z;nal 

• 

, 

-
l'IH (' (evl'n a smalJ OIlt') ht'lw('('n 1I1f' Iwo V!'NO!l~ « 

C'irrlt> Possibly Diffe;ent 1 yOIl art' al 1110.,1 ,t'rt alll Illf'rt, 1: ~"dl fr"T"1I1 ,:, 
but ran 't bl' lOto/c sure, 

The tl'st ~ill ~tart with Iwo examplt' s]~Jlah>: 'l'ont' \, and TOltf' :!. TIll' ('Xiulllrll'r 

will stop thl' lape after th!'!.!' t'xamplt' "Ignals to ~t·(',jf you llil\'I' Itfly '1 lIt'ht 10 fit, Ik . 
rnembe-l to bsten 10 each oTl!l;inal-si!l;naJ vs . rodf'd-!>lll;l\al COmparlhOJl twice, }wfof(' 

('irdm~ ft rf'spoj<-e. Y(m wdl havf' 4 !>erond!> 10 draw your rir.< 1,·lwforl' t'It" IIt"Xt'''I~Jldl 

on Ihe list 18 pfay('d The Il'st will takl' 1 X.:I IIl1nut('.,. 

Please listen rarefully. 

Thank you 
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Ma/.' V"",' (Ln" Flllt·ht v) 

Jui ,. 

• . 
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Jan 

. ~ . ,,-

, . 

IdrntlC"al 
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Idrn t Le" al 
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-, 
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