
ABSTRACT 

This paper presents quality enhancement of sinusoidal trans- 
form coders (STC) via the development of new parametric 
models. First explored arc the benefits of Bark spectrum for 
use in the design of perceptual coding of the sine-wave am- 
plitudes. According to our results, the proposed approach 
provides a uniform perceptual fit across the spcctr111n. To 
enhance the accuracy of phase rcprescntatiou, noncausal 
all-pole modeling of the vocal system is also discussed. I’x- 
perilnental results indicate that tl1c 11se of IIC~ paranlrtric 
models allows the SIT to improve the pl~nsc accl1rac.v as 
well as the synthetic speech q11alit.y. 

1. INTRODUCTION 

Recent developments in STC technology l1ave made possi- 
ble synthetic speech of good quality al very low data rates 
[I]. STC attempts to model speech waveforms as tllc sun1 
of sinusoids whose frcqucncics, anlplit.udcs. and pllascs are 
chosen to make the reconstruction a best fit lo the origi11al 
speecl1. One way to encode these paramet.crs at low rates 
is to exploit a minirnllnl-pl1ilse I~arrnonic siiic-wave sJ;cecll 
model, in which the sine-wave frcqucncics are Ilarmonicall! 
related, and amplitudes and phases arc rcprcscntcd in tcr111s 
of cepstral c0efficicnt.s. The basic problem wi1.h ccl)slral 
representation is that, the 111odeling accuracy t,cnds lo be 
uniform across all frequencies aitd cannot precisely tIcscribe 
the ear’s nonlinear responses to frequency selectivily and 
subjective loudness. Tl1is shortage can be part.ially alI(:- 
viated by warping the frcquc11cy axis to give more promi- 
nence to the perceptually more important frequencies [I]. 
The present work attempts to capitalize more frilly on psy- 
choacoustic knowlcdgc and tlbcn develop an amplitude cotlcr 
based on the IIark spectrum [?I, instead of t.hose l~ascd on 
cepstral representation. 

One major advantage of ccpst.ral reprcsenl.atio1l is I IIC 
possible elimination of the 11eed t.0 code the pllasc infor- 
mation, by observing that the log mag,nit~udc aud ph;lsc 01 
a minimum phase systeln satisfy a I-Iilbcrl. lrar~s;Cori11 rc’- 
lationship [3]. Recent studies, 11owevcr, i11dicat.c the i11- 
adequacy of the minimum-phase assumpt.ion for modeling 
voiced speech due to the anticausal nature of tllc glottal 
excitation [4,5]. Recognizing this, several refinements of 
the minimum-phase model have been devclopcd that irn- 
prove the ph<ase accuracy by using eit.hcr a Rosenhrrg pulse 

motlcl or an all-pass lilt.er [4]. Unlike the current SK, it 
. 

is proposed 11etcin that the vocal system be moclelled by 
a nonca11sal filt.er of all-pole type. The motivation for this 
representation is given in t.wo ways. First, it l1as bee11 shown 
that noncausal all-pole filters are more appropriate for mocl- 
cling the vocal system because they take into account the 
miixi1111~r~~-l~liasc poles of dilTcrcn(.iatetl glottal pulses [5]. 
Sccontl, tl1e 111illiilll1iii-I)llase assumptio11 is more applical)lc 
I.0 versions of STC which cotlcs the sine-wave amplitudes 
usi11g ccpstral cocllicic:1!t.s ralher lllau tllose using 11112 Biirk 
spcc(.r11111. ‘I’llis is I 1 .a l. )t(‘i ubt t 1~11 only for a rnininium-l)hase 
syst.c111, ils ~)llasc~ rcsl~onsc ca11 IX explicitly idcntificd by 
applyiilg a llillzrt l.ritnslorm to the cepstral envelope of 
sine-wave a111plit11tl(:s. III conrrast, the noncausal all-pole 
approach prol)osctl fcrein applies lo both representations. 

2. TIIE IIARMC)NIC SINE-WAVE MODEL 

A pro1tlisirlg iipproacI1 t.0 I.he paramel.cr q11anti7.ation prob- 
Icnl lies in t.he OlXWl.\.iltiOll I.hill. lht voiced speech, wlicn 
pcrl’ecl.ly pcriotlic, cau I)c rc~~rcscnted by Ilarmonic coin- 
~1011ct11.s d its I’oiiricr series tlcc:o1i~~)osilio11. III this cast, 
t.hc general for111 d a llarl~lo11ic sine!-wave model ca~i be cx- 
pressctl ilS: 

where I, dcnot.es t.hc r1111nl~cr d sir111soitls, u:0 represents the 
pit.ch frcqucilcy. Al arid 01 are tllc arr~plitude and pllasc: 
of t hc 1-1.11 sinusoidal componcnl.. ljecausc of tl~c tinlc- 
varxiug nature of the para111t-:l.ers, I.~th birtll-dcalh frc- 
qucncy Irackiug and cubic i11tcrpolatio11 please unwrapping 
I.ccl\niques 11111s.1 1)~ iill rotl~~cctl to cns11rc‘ a sinooth cvolut.iou 
fro1n l‘riLlllC t.0 friiw. 

X low-rate rc:l”.c~~(:rlt.i~lioll is achievable by fitting a Wt. 
d ccpsl ral cocl~icicnls 10 an cnvclope or the rneasurcd siilc:- 
wave aillplitudes [I]. For the syslern with transfer fu11clion 
11(z), the cepstrl1rn is tlcfi~~etl to be the sequence or cocf- 
ficicnts ii1 the power series representation or its log magn- 
tude. i.e., 

1 a 
cm = - 

I 
Io~/JI/(1I!)~cos(IIl11!)dll:, 0 5 In 5 ‘If - I. (2) 

n- . 0 

‘I’llc 111iiiIb al triictiou of cc:l)st.ral rc~~“.c:se11t.atior~ arises Froltl 
tllr kt. t ha1. it cspl0il.s the rniriimllrn-I,ti;tse model, wllc>rt: 



thft log magnitude and phase of tllc sy81~1n I‘IIh(:1ion can t)c 
uniquely &latetl in ternIs of I.hc Ilill~crt t ranSforIn [G]. 

\Vith this exploitation, aclditiollal cCoIloInic:s in rotliug 
the ph<ase information Cau be obt.aiIIctl by cxplicitl!; itlcnl.i- 
fying the phase comp0Iicut.s due to t.he exCil.atioIi and the 
vocal tract. The first step is to employ a mixed cxcitat.ion 
model in which below the voicing-adaptive transit.ioII frc- 
quency the excitation phases arc made linear and above tllc 
transition they are made random OII [-r, ~1. !l’hcn com- 
bined with the minimum-phase component dcrivcd from the 
cepstrum, it was sliown [l] that synthetic speech of good 
quality can be obtained without the need to code the please 
information. 

3. PERCEPTUAL CODING OF SINE-WAVE 
AMPLITUDES 

Perccp(ual coding is intended not mcrcly for IIsiIlg stat.iSt.i- 
cal correlation to remove waveform rcduIiclancies, but also 
for eliminating the perceplual irrelevancy by applying psy- 
choacoustic measures. The main drawback of using Cepstral 
analysis to obtain the smoothed envelope of tlIe siuc wave: 
alnplitudcs is that it leads to a uniform fit, across (.he wl~ole 
frequency range. This is iIIConsist,ent wit,h the fact, tllat. tllc 
ear is less sensitive to details in t.he sine-wave amplit.IIdcs 
at higher frcqucncies than at lower 011es. ‘I’his iuc:onsis- 
tency can be alleviated to sornc extent by warping the an- 
plitude envelope following the perceptually basccl Noel scale: 
before computing the Cepstral cocf1iCieut.s [I]. ‘I‘llougl~ spcc- 
tral warping conceptually satisfies its ability to siIiiu1at.c 
nonlinear frequency resolution, it,s sui(abi1it.y t.0 represent 
perceived loudness is limited. This suggcsls that, further 
improvement can be achieved through a more prccisc: ex- 
ploitation of psychoacoustic koowlcdgc. To ndva~~cc with 
this, we propose to implement an aii~pliludc coder by usiIig 
the Bark spectrum [z] rat.her thau using t.lle CepstruIII. as 
do current STC coders [I]. 

The advantage of the Hark speCt.run~ over t.hc! ceps~.ro~n 
is that it more closely cmulales ti110w11 features of 1111Inan 
hearing. The calculation ol’ Bark spcctrllm involves I IIC 
Hertz-to-Bark transformation. crit.ical-barlcl filtcI-iug. equal- 
loudness prcemphasis, antI slII).jccc.iuc-loliclIlc:S;s c:otlvc:rsioIl. 
III corrcsponcienc:e wit.11 the warping funclion 6 = I(( f’), wc: 
first derive the critical-band clcnsity -Y(b) by subst.i(.uGng 
the frequency variable f in the power spcct.rum -Y(f) wit Ii 
the I3ark scale b. Next, WC‘ performed c:ritiCal-l>antl filtcr- 
ing to determine the excitation pat.tcrII D(b) by t.aking the 
convolution of X(b) with the I)asilar-rnc~IllI)raIIe spreading 
function F(b). Notably the Convolution with the relat.ivc:ly 
broad spreading function sigIIifcant.ly rccl~~ces t.he spcc~.ral 
resolution of D(b). This feature allows foor down-sampling 
of the excitation pattern at one-Bark int.ervals. It typically 
sofEces to use 14 spectral samples of U(b) to cover the 3.4 
kHz speech bandwidth. Finally, phon-t,o-sane convcrsioIl is 
needed to compensate for the difrereuce be~.wc~c:r~ I lie IC~IICI- 
ness level and the subjective loudness scale. ‘I‘llct rtrsullitlg 
Bark spectruIn Dx(b), which reflects the: car’s IloIilinc:ar 
transformation of frequency and loudness, yicltls a IIIcasiire 
in tertns of which perceptual information Can be more pre 
cisely incorporated in the coder design. 

While Bark spectral analysis is a ncc:essary first. st.ep in 

tlc:vclol\iIig it~I~plit.u~lc coding, there rttmains the problem of 
illvcrse proCc*ssing, in the hope tlliit sitlc-wave an~pliluclcs 
c;LII bc rc>covc:rcd frorii LlIc rcceivctl version d Bark spx- 
t r1lIII at tllc (lc:(.o(lcr sitlc. This task Call I,(: aitlctl I)y t,iikillji 
il(lvallta~C! of lhc harnlonic n~otlcling assumplion, iu which 
t.llc: sine:-wave amplil.utlcs arc rcplacccl by the harmonic saIli- 
plcs of t.hc spectral cuvelopc:. The strategies for estimating 
llicse harnionic: amplitudes Iiiaybe diviclcd into Lwo steps. 
First. Bark spectrum is inversely processed to obtain tile cx- 
cit.at.iotI pat.tern following the sone-to-phon conversion arid 
~~~llill-l~lldll~~SS dceIIiphasis. The next problem to address 
is t lie association of tile rc:srIll.iIig exc:ilation pattern with 
IliirIIIoIliC alnplitutlcs. In this rcspcct, il is more c:onveIiicnt 
to dcscribc: tl[c manipulations in terms of matrix algebra. 

CoI~sitlcr Llie vcclors d and X rcprescnting the excitation 
pal tcrIl and A-poiIlt 0isCret.e Fourier transform (DFT) of 
incoIiiiIig sound. For ease of not.alioIi, the frequency Cor- 
rcspou~lirig lo t.lie I-LtI DFT coc~fiic~ietll is refcrrecl Lo as 
/; = J1’sl:2’, wt~crc 1: cler~o(.rs lllc sampling rate. The COII- 
l.ribut.iori clue lo t.l~c sprCildiIIg fuuction c:an be sumrnarizecl 
iii a milt.rix C = [c,,]]? where the entry c,,] takes Lhc value 
of F[/Z(fi)-i] if the frequency 1, lies wilhin the i-th Critical 
t,ilIltl, ancl Lakes t.lle value of 0 clsewherc. Wit II these dc- 

scril)t ions, Llle calculat.ion of excil at.ion l)i~l.tertl D can then 

I)e fC~l.llllllilt~Cl a.i iippl~irig tile riiat rix C: 011 .V, i.e., 

fi=c.x. 
Nnt.c t.l~;i(. IIIC IIarIlloIlic: aIIiplit.utlc:s, wliich are cxclusivel~ 

c~~~~l~cclcletl iu t.lle u Ilknown vector .?, are Lhe pararIIcLcrs to 
be cstiInat.ccl. Unlortunatcly, Iiowever, a unique solutioIl 
does 1101 exist CIIIC! t.o the fact lliiit llie IiuInt)cr of equaLions 
is less t.llan the number of’ unknowns. To illustrate a typ- 
ic:al low-pi~.cllc:cl speaker cau have as ~nany as 80 harmonic: 
sa~I~l)les iii a I-kTlz spcecli bandwidth, Compared Lo llie di- 

Inctlsion of 14 iI1 D. III orclcr to purslic? a unique solution, 
\vc ilSSigl1 atI cqll;~l illll]~lit~llClC to t.hosc IlarmoIiic:s belonging 
1.0 I he SillllC CriLic:iil billId. 

4. NONCAUSAL ALL-POLE MODELING Ot’ 
VOCAL SYSTEM 

:\I low raI.c:h. nIor(: l)rol)c:rLic:s of 1.11~ spcc:clr l)rocluc:tioII 
triccl~anisIii ncecl to be cxplorcd for use in phase quaritiza- 
t ion. I~:SSCIlt.i;~lly, I II<: l)I~oductioIi of sollncl can be describccl 
IIlost c:o~~vc~nic~III.ly ilS passing au excilat.iof~ lhrough the vo- 
Cal sysl.rtii whicll rc:l)rc3enI.s t.lie c:onipositc c:haracLersLics of 
t.lic glot.ttal l~~~lsc:, vocal tract ancl lipradiat.ion filt.ers. The 
phase c:onLribiil ion from Lhc excitation can be I~iotlc~lecl well 
l)y atItling toge(.lier il \,oiciIig-clepc:Iidcll(. ranclom phase r(uq) 
aricl a liucar CoInpoIIeIit. c~orrespontlirig to the onset tiInc 710 
of the gloltal pulse. When combined with the vocal systeIn 
pliase +(w), l.lie coInp1ct.e sine-wave phase synthesis moclcl 
for t.llc: I-( II harmonic I~cornes 

H, = -rr”ltro + C(lW”) + I)(ho). (4) 

j\s a c:oIlsc:cl,Ic’rlc:c’, t IIC: s~~ccc~ss of this represc!IitaLion Iicav- 
ily clcprlltls on tile ilcCllr;iC:y of phase clcrivation for motl- 
c:liIig the vocal s,vsl.c:rI~. The most frequcnLly usccl moclcl 
is bascci on IIIc: rlliiiiIIIIrrrl-pti;t~c assirInl~tion~ uncler which 
the systcIII pllasc (:an be derived by applying a llilbert 



transform to the ccpst.ral envelo~~c of tI1c siue-w;ivc* a111J)li- 
tudes. This assumJ1tion has J)rovctl I.0 In! r~i~SOllill~l~ rl[‘c:c- 

live, though further rcfi11crncnts ca11 be acI1icvctl 1)) cascatl- 
ing the xnillilnllin-plliwc syslcln willi au all-~)ass liltcr [4]. 

Unlike the current STC, tl1c aJ)J>roach t.akcn hcrc: is to 
use a noncausal all-pole filter to model 1.11~ vocal systeln. 
As mentioned earlier, tl1c vocal systc111 rcJ1rcsents the com- 
posite characteristics of the glottal J~IIISC, vocal tract. and 
lip-radiation filters. It is convenient to c01nl)ine the glat- 
tal pulse filter and liJ>-radiation filter and rcprcscnt then1 
as the negative impulse response of an anticausal Iwo-~101~ 
filter with transfer function 

c(z) = (1 - glz-l;(l - g2z-1) (5) 

where the poles {g1, gz} lie outside tl1e unit circle. 011 tl1e 
other hand, resonant characteristics of t.hc vocal Lract can 
be modeled by means of a causal all-J)olc Jilter. I’articularly 
for phase derivation, it suJTiccs to e111~1loy a WCOII~I order 
filter with transfer funct.ion 

Vz) = (l- .,,-1 - v2z-2)' (6) 

TO model the vocal system, tl1esc t.wo filt.ers Cal1 be COIW 
bincd into a noncausal all-~mle filler wit11 the f0ll0bviug 
phase sJ)ectrum 

To operate the system at 2400 bps, it. 111i1y not 11e J)ossil)lc to 
encode additional information about the filter parameters. 
Fortunately, good results have been found by usiug fixed J)a- 
ramcters (g1,g2) = (1.1,l.l) aud (111;112) = (1.515,--0.752): 
which were empirically determined by estimating the long- 

term-averaged autocorrelat,ion of the s~~cccl1 signals sam~~lctl 
at 8000 11~. 

5. EXPERIMENTAL RESULTS 

‘I’hC suitabilily Of new J~iiritmc!t.riC models i11t 1.0~1 uced al)o\.c: 
has been evaluated for use in co1iju1ictio11 wit I1 t.he S’I‘C 
vocoders at 2400 bps. Figure I tlisJ)lays t.l1e cxJnlri1nc11- 
tal arrangeinc11t d t.lie proJ10setl cotling S,VS~.C:III. IJsiIlg ill1 
analysis frame length d 22.5 IIIS~C, the total 1tu111ln~r ol 
bits available J1er frame is 54, wit.11 the brcaktlown ilCCOrtl- 
ing to parameters as sl~own in Table I. Fourteen s1111ject ivc 
loudness scales were rcJnesenlcd by a11 atlaJ1tive (J11a11t izcr 
whose levels were adjusted to the rnaximu1n al~~l~~t.c val11c 
within a frame. A S-bit represcnt.ation of this maxi11~11111 
absolute value was transmitted as side i11f0r111at.i011 regartl- 
ing the time-varying nature of s~)ecch. Next, the individual 
loudness scales were normalized and unif0rmlg (Juantized 
using different degrees of bit resol11tion. hfore sJ)eciJic-ally, 
two bits were allocat.ed t.0 the first t,hrce l011tlness scales, 
and three bits to the ot.llcrs. Notal1ly. t I1c ~)l1asc infor111a 
tion is coded implicit,ly by adding t.ogct.hcr a11 1nixetl ex- 
citation J’hase and a Jjhase contribution due to the vocal 

syste111. \Vltilc t.hc former coiiltl In2 dct.er111incd by 1.11~ voic- 
iug J~r0I1al)iliI.y. 111~ Iat kr Ililtl lo he esti1nat.etl fr0111 111~: 
vocal syste111 eitl1er ll1rou~h cc:J~t ml 1110tlclin~ or thro11gl1 
llO11C~111Sill all-J10lc 11iotlcli1~~. Towards this end, a J)rcli111- 
i11arf’ exJ~~~ri111c~ut was co11tlucl.ed to cxa111inc tl1c acc:ur;ic~ 
of tl1lfrrc11t J)II~SC 1110tl~ls over 800 frames of voiced VO\~CI~ 
inc-lutling /a/?/c/,/i/,/ / o and /II/. The reference STC a+ 
ritl11n c1nJ~loycd iii our analysis is the one J,rcscnted in [I]. 
The dislortion measure aJ>J)licd here is the 1nean scJuare 
error I~ct.wccn t.hc original waveform and its modeled fit. 
Accortliug 1.0 Table I I, t.he noncausal all-pole model outJ)er- 
for111cd its 11ii11i1iiu1nJ~l1ase CounkrJ~art with either all-J)ass 
co1iiJ1e11sati0n i1icludcd [4] or not [I]. The i11adecJuacy d the 
111i11i1iii1lll-J~Ilil.sc assii1nJ~t~ioii aJ>J)ears to result from glot.t,al 
~>ulscs tcutling to Iiavc rather slowly rising edges but. whicl1 
a~-c ternli11at.ed I1y IIIIIC~I sharJ)er trailing edges. 

‘l’able 1 I I J~rescnt,s t.hc c0111parat.ivc pcrfor1nance results 
for 2400 1)~)s cotling d speech in conjunctian with diffcrenl 
cotlcr str1icli1re8. For further discussion, the STC described 
I1erei11 a11tl t I1c refe1encc S’I’C [I] are referred to as SK-II 
a11(l S’I‘C:-C, resJ~ecl.ivelg. The SJKZCCII dat.abasc for 111~s~: 
studies consisLctl d rollr scIltellt.iill utterances sJ~okcn by 1.~0 
males and t.wo rclllili~~s, each 3 seconds in durat.i0n and sa111- 
~)lctl at 8OClCl Hz. 7‘11~ pGrfornliinc:e was evaluated in lerrns d 
iiicl-ceJ)sl.riil tlislancc (RICU) [O] and 13ilrk sJmctra1 diStilliCe 
riltillg (13Sl)R) [il. ‘1‘1 Ic>ir rcslrlls tlclllorlst.ral.ed l.hat. the per- 
f0rt11i~ncc cor1el;~l.ctl more cl0scly wit.11 t.he results of human 
pdcrmw t.cst.5 t.llilll tl~ose ol)tililletl by other conventional 
ol>,jccl.ivf! Itieiisurcs. I’roni a.lm~ rcsult,s. WC can infer that 
t IIC IIiirk sJ~c:l ral iiiotlcl is J~referrctl I.0 Lhc ceJ)stral 1110del 
for i1.s 11s~ iii aiiiJbli1 udc rcJ’rcs~ill.at.iori, because the former 
ci111 1110rc closclv iuc0rJ)orat.c tl1c J)erceptual Jn0J)erl.k of 
I~IIIII~I~ I1carin~:. F 01 J111rJ)oses d comparison, we also i1i- 
rlutlcd the J)erforma1~cc of the SJ~W~I coder in conforming 
1.0 tl1e well-cst;~J)lisllc:tl LPC-1Oe standard [8]. As the ta- 
ble sl10ws, 1.11~ J)roJ’0sctl STC coder yielded substantial ini- 
J1r0vc11ie1it over t Ile LPC- JOC coder for all test S~IIIJ~S. III- 
fornial listrui11~ t.csls also iiidicale lhat the coml~inctl 115e d 
a Dark-atlaptivc aiilplit.lld~~ n10tlel and a Ilotlc~illsal all-J’Ol(! 
J~IIWC 111otl~l illlo~s 111~ STC t 0 deliver synl hclic SJWCCII d 
~00d qll”lit~y iit “400 I,J’S. 

G. CONCLUSIONS 

‘I‘llis pi*,~~r J11csc11ts b0111e rcfirlcn1cnt.s that. allow t.lie STC- 
b:isetl sJn:ccl1 cader I.0 deliver good CJlli~lily at 24OO bJ1s. 
T:xl)crilllctrltiIl rcslilts cl~!lllOllsl.rilt.C tllill Bark spcctruin pro- 
vidcs illl ideal frilme\vork for iiicorJ)orating kuowu features 
d l111111i~11 hcariiig ii1 I.lic tlesijiu of a11iJ~lit.utle cJua1itization. 
I11 co111J1ariso11 to c:cJ)sl ra-l1asc:tl systelns, tllc ISark-hilsctl 
iiiiiplit utle co(Icr is Jnefcrrctl I)<!CilllSe d it.s al1ilit.y to achieve 
,a uniform J1erccJ1lual ht. across the sJmctrum. AlgoriLhms 
have itIS I)ec:11 J1rcse11lctl that. relate t.hc I1arinonic amJ)li- 
t.utJcs to 1.1~~ Ilark spect.rurn. One c~illaiicerncnt that further 
increases Jn2rfar1nance is the use of a nor~causal all-pole vo- 
cal syste111 I hat ImLl.er 111atchcs t.hc inaxiir1uin-J,hase nature 
d tliffere11tiated gl0t tal JHI~SCS. 

7. R.EFER.ENCES 

[I] 11. J. hlcA111ag a11tl T. I:. Quatieri, “Low rate speech 



PI 

PI 

PI 

151 

161 

PI 

P31 

X. Sun, 1:. Plank, II. hl. Cl~cet.l~a~n, and Ii. W. \\:oII.~,, 

“Phase modeling of spceclr escitation lor low bit-rate 
sinusoidal transform coding,” in Pr-oc. IC.4SSl’, pp. 
1691-1694, 1997. 

W. R. Gardner and 1~. I>. Rao, “ll:ollcallsill all-pok: 

modeling of voiced speech,” IE6l;‘ Ili~trrls. .S~,CKll trnrl 

Audio Processing, vol. 5, 110. 1, pp. I-IO, .li111. 1997. 

T. Watanabe and S. IIayaslli, “,ZII ol)jcclivc IIIC’~~SI~IC 
based on an nuditory motlel for assessing lO\V-riltt! 
coded speccll,” ILICE 7i~tn.s. In/. rrrltl S!ysl., vol. 1’7% 
D, no. 6, pp. 751-757, June 1995. 

T. E. Trcmain, “The govrrnmellt stailtlaicl linear pre- 
dictivc coding algorit.llm: LI’C- IO.” .S~JCC:C/L ITi~c/r~~olo~~~, 

pp. 40-49, Apr. 198’. 

Fig. 1. Block dingram of the Bark-odaptivc SK syster77 

TABLE 1 
BIT ALLOCATION FOR BARK-AJW’TIVlZ S-K CODl:KS 

AT 2400 BPS. 

PXtilllCtCI-S 131ts 
-.-___. 

Pitch 7 

Voicing Probability 3 

Max. Subjective Loudness Lcvcl .s 
‘-- 

14 Subjective Loud~wss Scales 39 

Total Bits Per Frame 54 

TAB J>I: II 
TIIE MEAN SQUARE IXROR (MX) 01;‘ VARlO1JS PI IA!X 

hlOIxl.,S. 

Minimum- All-RISS NOIK:I~IS;I~ 

PllXC Colnpa7s~tioi7 All-l’olc 

/a/ 0.23744 0.19274 0.09350 

Id O.OG708 0.05140 0.0485 1 

/iI 0.34790 0.2624!, 0.26174 

lOi 0.25475 0.20413 0.12009 

lui 0.16993 0.15624 0.10562 

Average 0.21542 0.17340 0. 1263 I 

TABLE III 
MCD/BSDR PERFORMANCES OF VARIOUS SI’EIJCI I 

CODERS AT 2400 BPS. 

lx’1 STC-C 1 STC-13 1 LPC-I Oc 1 


