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«  ABSTRACT :
i
» 3

In this work. the Iinear prediction anolysls/synfhﬁ?ts of

‘spooch and some nolse cancollaflon techniques closely rejated to -

-c-poblllﬂcs wheraas LsP.N.C. hd%nlqu. Is loss omclonf slnco no

®
B
I inear pirediction havo been investigated.

o

In the Investigation, high quallty speech (f = 10 KHz) vas ,

analysed to extract four control parametérs snd some well-known
rosul#, tor spoochésynfhaslsril?h ditterent number of poles (p = 2
to 12) have been veritled.. ‘

Considering the above verification as the starting polnt, two
néw techniques In llnoar prediction of spoech '0DD SAMPLE LINEAR

| PREDICT'ON' and 'EVEN SAMPLE LINEAR PRED'QTION' have been propos.d

'OOD SAMPLE LIREAR PRED!CTION' with p = 8 and consoquonfly less

| compufaflon, Is capable of produclng rosulfs as good as the classlical

Ilnoar prodlcflon with p = 12; wheroas fhe speech syn?hoslzod by 'EVEN

SAMPLE LINEAR FRED!CT[ON' al?hough intelligible enough, Is not as good
| as the classlcal llnoar prodlcfloh due to ‘nature of the. proposed model .

Two exlsflng 0l se caﬂccllef(gm *cchnlquos - Adap+lve nolse

cancollaflon and Wiener nolso cancollaflon h.vo~beon anosflgafed. Somc’/

hodiflca?lons have been suggosfnd to lnprovo the porﬁormanct of fhoso

techniques. Y ' T

Two frew notso cancal lation techniques - JLINEAR PREDICTIOM NO! SE

cmdsmnon' a:'l 'oeuveo UNB\R mequcnon NOISE mu.mou' have

also been proposcd 0. L.P.N.c..%inhnlquo ranks between ﬂlencr nolse
oﬂﬂo‘llnfton ond Adapflvo nolsc eonqqitaflon tn its nolso canc.llaflon

« m .,

y
A




error minimization -eriterion uas'dxorclsqd In 1ts derivation.

A fop!c“}af-fﬁ}afiwrosoaréﬁ has been éugbis}od includfﬁﬁ‘brbllhlnafy

i g,

Finally the woll-knoun‘ro:ulfg In Iinear prediction analysis/

synthesis of the nolsy and notso-canc‘llod speech have been ver!fled.
4

Investigation of a proposed technique which attempts the syn+hosls of
the clean speech straight from the nolsy speech by-passing the Intermediate

k-
step of nolse canceliation.
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~is.called g,,l_o_f‘fjs)_._ Mndlné‘ upon the position of the trap door velum,
the alr stream Is oxpoiled elther through the mouth cavity or through
the nasal co.vlfy or both and porco'lved' ~!'ss_ speech. -

The vocal ‘rrad Is a non-uniform acousﬂ'c‘f‘ube which extends from . ~
the glottis to tha 1ips and Is abdut |7 cm long for an average adult

.ma'l—e‘. Vocal tract Qﬁrles In ‘shape and slié as ﬁ function of time.

"This time-varying change !s caused by the continuously changing positions
of the varigds articulators (the @Jo;"anafonleal components participating
In speech producﬂon,_e.g., I-lp‘s,’fbngue., Jaw, velum are called articulators).
As an example, the cr;;é-soéflmal area qf vocal tract varies from 0 to |
20 cm"z depending upon whether the |Ips are closed or mouth and jaws are
wide open. ', |

S

1.3 SPEECH SOUNDS [10,8]

‘gue speech signais are constituted of a sequence of»soundsvand a
aase'l' of these distinctive sounds in a language Is caAl‘]e.d, phonemes. These
sounds and the ‘franslﬂons between these sounds lfonn the swllc
representation of the Information. |

The study of the rules of the language, which govern the arrarygeméﬁ
of the apunds or symbois Is the domaln of |ingulstics vheraas‘ﬂoe sfudy :
and the cl.l‘l‘caﬂon of the speech sounds s known as Phoneﬂcs. |

in American Engllish, there are 42 phonemes classifled In vowels,
diphthongs, semivowels or consonants. These four main classes are

furﬂhwer broken down te sub-élassos depending upon the mbnner'and,place

- .
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of articulation of the soﬁnds' within the vocal tract. \
| There are three primary mers for exciting the vocal f\\ac# system
-f:"[l,8,9,I_O,l2]"94nq_nccordlhgly speech soun'ds can be classlflec}\ into
_ fhree distinct classes: ’

.1) Volced sounds  *+ | -

11) Fricatives or unvoliced sounds \

-lll) Ploslve sounds |

For volced sounds, the source of excitation Is at the glottis én
the sounds are generirred by broad-band qﬁasl-perlodlc puffs of alr
produced by the vibrating vocal ‘oords: Typl.cal exampjes @re volced
consonants (B;D,G), nasal consonants (M,N,NG), vowels (iY,I|,E,AE,A,ER,UH,
OW,00,U,0) and semivowels (W,L,R,Y).
| For unvolced sounds, fhe. source |s.at some polint of oconstriction
In the vocal tract, anywhers from glottls to the |ips. The vocal cords
are spread aj:ar‘t '(nol y§iclhg’) ‘and the sounds are produced by turbulent
quas | ~random alrflow. ‘ TYbldal ex.a.mples of unvolced or fricative s<;unds
are non-nasabl'- consonants (S,F,SH, THE). ' 4 |

For plosive sounds,the source léa‘l"":fhe point of ciosuré, and;ﬂ\e
sounds are p'r'odtjcod_ by sudden(x'reloaslng the air pressure built up behl/nc{

the total constrictlon., Examples are unvolced stop 'c'onsoninfs P, T,K).

+
/

1.4 SPEECH PRODUCTION MODELS
Many models_have been proposed to describe the complicated process
of speéch production. ‘None of these.models, a.lor;b‘, ‘can account for all

R



. :

“of the observed characteristics of humen spesech; nor prpbably, -
deslmble to pastulate such a model due tq |ts lnevHable complex .
structure [12,18,19].

However, for convenience, It Is desiied to havc-a models 'that are
linear as well as time-Invariant. But speech [‘;_rolucﬂon mechanism Is
nelther |inear nor time-invariant. On the ¢ontrary. speéch Is a continuously
buf‘slowly time-varying, non-stationary, quasl_—perlod'lc wa’ve'form. Also, the
glottis beling not uncoupled from the vocal tract results In non-|Inear
characteristics [FlanagaanO;IZJ. |

Hence all speech @dels make jwo bas!c asé&ﬁnpﬂons reducing some
complexity at the cost of some accuracy ]

1) - The vocal tract sys'rem and the source of exclfaﬂon are
| independen'r such fha'r the vocal tract system can be exCH'ed

by any of 'I'he posslble sources of excitation. This assumption
becomes invalTd In the case of transient \sgqndsi‘llka ' in f
-'."pof:', voiced fricatives (V,TH,Z,ZH), nasals.\(ﬁ,ﬂ,ﬂG) and
whisper (H); but the valldity of this assunption Is qulte good
for the majority of fhe cases of Interest. o k
1) - The cham,cferlsfiés of speécﬁ are ‘r'lme_—lnvarlah‘l:fzover'shorf -
| segments of time (abproxhha#ely l5l‘l'o‘ 25 mll'llsaoonds) such
'fhaf to represent the slowly ﬂme-varylng characferlsﬂcs c:f
‘speech (I .6., to Indicate a new vocal tract oonflguraﬂon) the

e oonfml»param*rersfof ﬂm mode! require fo be updated 'Ohly

odur'lng the new épaech-mf.
=N v
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.speech models have been aﬁempfed.

L]

, I.4ﬂ _LINEAR SPEECH Pnowcnon MODEL [:FANTJ
Thls md’el (Flg | 3) was developed by Fan*l' [lo,lzj ' ﬂ\e m.

"50'5 (I960) Fant: cbvered fhe assumptions In detal | la+7r on. elabora'l'ed
by Flanagan [lO 8], who presen'red the resul'l's of son{e careful ly conducted

{

, -experlmenfs on, acousﬂc radlation (l972) supporﬂng Fant's Justiflcation

| -as well as fhe m'l'h{emaﬂcal derlyaﬂon of this model.

ln this. model voce |- +r~ac1‘ sysfem ls slmula'red as +hree dlfferenf

low pass fll'rers one each for gloﬁal model. vocal 'tracf\model and Ip
radlaﬂon mdel. The lnpu'r e(t) ls an Impulse fraln for volced sounds . :  o
" and flaf spectrum random nolse for unvolced sounds The hnpulses
- simutating 'fhe rnrﬂaflon -of puffs of air for voloed sounds are spaced ’
! j

P sanples apar'r whene P is +he pHch perlod ('rhe rate of .oscillation of

-vocal cords ts-called the pHch frequency or‘fundamen'ral frequency Fo R

) -wfor the par'rléular speech ~segnen'r and H's reciprocal I/F I's known 8s the

pim perlod P). The random holse simulates fhe pressure buildup waveform

au&m M*random furbulehae for unvolced sounds. |
speech producﬂon model can be descr‘lbed ln Z-"'ransfenn

SN LD Lt

m E£(2) . B(Z)
- 'Erz) \

eresl13)
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1.4.,2 .o:elTALiggggz’or SPEECH PRODUCT1ON [ SCHAFER]

' ‘Schafer (1,8,9] presented the ideas of sec. |.4.1 In digital form
(Fig. 1.4) aﬁd prob'a'b'l~y In a 11ttle more sophisticated menner than Fant
& Flanagan‘._ The digital mode! of speech production suggests that voca}l
tract sysfemcan'be represented In a single flme-s)aryl'ng diglital filter
exclted either by hn lmpulse train generafor (for volced sounds) or. by
a random number generator. A gain parame'rer between the extH’a'Hon
souhces and the exclted sys*l"em (digltal fll'rer) allows some flexlblll'ry

In the output acoustie lavel and the digltal output corresponds 1’0 the

\
)

sampled speech waveform. . A \

1.4.3 LINEAR PREDICTAON MODEL OF SPEECH PRODUCTION [ATAL & HANAUER]

~ the Ilnear speech .'producﬂon'modgl, the digital nbdql of speech
production andrfhe.COncluslanQ that: . L
. : l.) transfer function of the vocal 'rract has no zeros for non-
vnasal speech sounds [Fant - 10] and the vocal tract can be
-adequa'l'ely r‘epresen'l‘ed by an ai l-pole filter for these sounds;
i) ‘, zeros required by fhe vocal +rac1' fransfer func*lcn for nasals
| and unvollced sounds C13] tie within 'fhe unit clrcle in Z-ptane
C13,10] and 'I‘herefore each fac?or represenﬂng 2eros In the
'numera‘for of the transfer function can be approxlmafed by
| 'mulﬂple poies In the denomlnafor, lead Atai and Hanauer i3]
~to Hnear predlcﬂon model of spaech produc‘Hon (Flg 1 5).

This model has the ?ollowlng dlsflnc* foafuras— . o 2

A
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(a) The four control parameters of' the mode! f.e., !inear
"prediction caetticlents, positlon of the volced/unvolced (V/UV) switch,
pifch period of the voliced frame and galn (r.m.s. value of the speech
_samp les) JQWOV the complete bepressntation of the speec#»ﬁvofem» fore - -
particular frame (speech segment during which the .vocau"'l'rac'r'conflguraﬂon
s assumed‘ to be flma—lnvarlanf is gonerﬁlly called "frame').

(b)  The effecfs of the glottal flow, the vocal tract and the 11p
radlaﬂon aro@omblnod ln a single. all-pole recursive fliter. I|f number
of poles (@) Is high endugh, this simplified all pole mode! gives a
good representation 6f'atmsf all speoch sﬁnds with the addlflonal
.advantage that alt the con?rol parmfers of the model can be evaluafe&
aocurafely and dlracfly trom the spoach wave In a very stralghtforward
and compufaﬂona]’ly’;fﬂclonf mannor. EE |

(c) The all-pale model In the trequency-domein means that In the
tIme-dome.in, +he current s;feech sample is approxlma’red as a |Inear
_ 'comblnaﬂon of the. pasf speech samples (and hence the .name 'llhaar
. prediction'), uslng | Inear predlcﬂon ooefflclen'l‘s as the ne)ghﬂng
‘coetficlents. - . |

(d) Speech can be encoded In terms of the four control parmfers
~ and can be synfheslzod from the con'rrol paramefaré' In the same manner by.
‘a tineat pmdlcﬂon ‘synthesls model (L.P. Synfhoslzer - Flg 2.2) proposed
by the same ‘suthors Atal & Hanauer [13]. ‘ ' |



1.5 TA
In gomnl. ﬂp ncolvod speech vmfom Is almost alweys corrupm
by some form of nolse eulpononﬂ. Depending on the amount or type of
ol se,the-quatity-of speéch can-be-stightly degraded, or Tt can becoms -
m‘lum# and anmoying to be |istered to or If can even booon Molly
unintelligible [37,36,35]. ‘
Thejqual ity of |Inear prediction coded spooeh (LPC speech) 1s Mgﬁly
%ogradod when pﬁrfom‘d on speach signal corrupted by noise [37,36,40,44,
45]. Due to the increasing popularity of Ilnear prediction analysis/
svnfhosls volce coding systems, I+ Is doslrablo to develop *rochnlqun that
can roduce the unwanted effects of nolse thereby enhancing ﬂn Qual Ity of
- LPe speech. .
Ba;od oﬁ 'tho problem stated obo‘vo,' the objectives of this work are
_as follows: | |
| (1) To perform |inear predlcﬂon analysls and synfhosls of nolse~
- e spesch, '
an To fomla‘l’o some new speech mlysls/synfhosls scbmt closo1y
| -rolafed to classical Hnoar prodlcﬂon anaiysu/syufhosls
fonuulaﬂon, . ) . , S
(111)  To perform Hnoac prediction analysls and syn‘l‘hosls M nol’sy
spooch after addlng cnapufor slmlam nol se or nolso gonorafod
'bymluWNMnolnme ‘ |
(W To examine m of fho oﬁlsﬂng ﬂmm nolso cancol laﬂon |

‘todmlquos ﬂurl‘ nh use of ﬂn Hmar pmdlcﬂon fomlaﬂon



)

: mﬂnds ﬂnroby covor‘tng the mln ﬂpory behind I Inear prodlcﬂon

in one som'o' crin &hor.

v To fomulirro some new ndise cancel lation’ tééhniqlbs clouly

- related to the ilmr prodlcﬂon snelysls, e

(vl) T&.pbrfom I Inear pndlc-tlon mlysls and synthesis of nolso-
clead spesch and compare I+ with the results of %) and (an
above to ‘examine the effect!veness eof the nolse cancollaﬂon |

L

technlques by Infomal perceptual Hsfonlrpg tests,

1.6 THES!S ORGANIZATION | T SN
: : ]
‘?‘ Thc ln'rroducﬂon covqrs a brlef dosprlpﬂbn of *he spoech signal,

' spooch physiology, speech sounds and speech producﬂon mdo!s with ‘S

special emphasis on the | Tnear pndlcﬂon mode! of speech production (
B

' and mJor assumptions: bobind the speech producﬂon modois._

.Chapter || doscrlbos ﬂn foor canfroi paranhrs of m llnear

. pr lcﬂon mode!, ¢|scussts fho Mus methods fo determine the confrol

?ors and enalysls/synﬂnsl‘s oonsldor-aﬂons for the cholce of
)
andyysis

at o\
.

and synﬂnsls of spooch.
~ In Chapter 111, fwo rew hchntquw namy 0dd. s.npv. linear.
prnd&cﬂon and Even. suplo llmr prodlcﬂ.on for. aml*ysls/synﬂﬁsu of
W have . boan wlvad MWMM& Hmr '
: pmﬂcﬂon qscus..d 18 Ch.p'ror oo . I . '5 - &/
- Chepter w describes: the porfcu-nco of ‘thres. extsﬂn#n.m . o
cqnonuﬂon fochulquos n spoo(;h mly Aaaﬂvo ‘notn cancol laﬂm

L. . . I
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CHAPTER 11

LINEAR PREDICTION ANALYSIS
AND SYNTHESIS OF SPEECH

2.1 INTRODUCTION

In a linear predictlon mode! of speech production (al'so referred to only
as 'linear prediction model'), an all-pole .digital filter with the

following transfer function Is utilized to represent the characteristics

of the speech signal S, for short-segments under consideration:

_S@ _ 6 -
H(Z) - Um'- —J .»...-(z.l)
‘ I +§ a,z

=t

1

where G is the gain factor; aJ's are the 1inear prediction coefficients
(ao_ 1s normalized to unity) and p Is the number of LP coefficients,

Linear p'redicﬂon ar)alys'ls Is to determine Sthe four control para-
meters of the |inear predictlion model (Fig. I.5) directly from the speech ’
waveform whereas |inear prediction ‘syn‘rhesls Is,*rov syntheslize the same
speech waveform b; utilizing these control parameters as an fnput to the
Iln»earv prediction synthesis mode! aor {inear prediction synthesizer
(Fig. 2.2).

It can, once again, be stressed that the speech waveform is haaad
suff,lclenﬂy;cq‘npilex so that we cannof expeé_‘t k3 ‘1'6 match exactly even a
pole-zero model, let alone the slmptified all-pote mode | as ‘that of Eq.
(2.1) and it Is only a good compromise that the simplicity of the Ril1-pole -

T

¢

16




mode| can perserve many of the Important characteristics of the

speech signal at the cost of some accuracy [2,8,9,IO,I4,18,I9].

2.2 LINEAR PREDICTION ANALYSIS

. Linear prediction analysis Is to evaluate the following four
control parameters of.the |inear prediction model.

) J=1,2,3,..,p

a,,
J
(i1) Gain factor G

(i11) Volced/unvoiced (V/UV) declsion
(iv) Pitch period (P) for volced speech.

Now we will see how these parameters can be determined directly from

the speech samples.

2.3 LINEAR PREDICTION COEFFICIENTS

The atl-pole model of Eq. (2.1) can be characterized by a dlff;mnce

-

equation of the form:

= - + ' ceeel(2,
Sh | ng ajsn-j G u, (2.2)

The excitation function u, is zero except for one sample at the
beginning of eVery pitch period for .volced sounds. Thus

e -

J=

aan_J; n>0 ‘ o ceeea(2.3)

Thus for n > 0, the speech sample S Is a linear comb ination of

(i.e., linearly predictable from) the previous p samples. If the data




to be modeled corresponds exactly to the model (Eq. 2.1), Equation .

2.3 wil| be satisfled exactly, Since the mode! Is not perfect in

this sense, the |inearly predicted sample will only be a close o

approximation to s . tLet us denote this predicted sample as 8 so that:.

gnx: _Jz' a\an-J;‘ n>0 ) ) L eeee.(2.4)

Let us deflne an error e, (also referred as resldual) between the actual

value of speech sample Sy’ and Sn the value predicted by Eq. (2.4):

e =s -8
n n n
=s*§as =-§as ; n>0 ... (2.5)
"oogm Iz JT | N
The aJ's' are chosen so as to minimize the total squared error (of the
frame under consideration) gliven by .
E= } ei . T (2.6a)
n .
= (s + E aan_J>2 | vv...(2.6b)
n . J=l

To solve for a set of LP coe’fflclen'fs aJ's, Eq.  (2.6) is di fferentiated

w.r.t. akls and setting the result equal to zero:
E -0 1<k<p . | RO ¢ 2%

leads to the following set of Iinear equations:




P

~

le aJ Esn_J Spok = - zsn Shek? | SK<p . eeee.(2.8)

The minimum total squared error E, !s glven by Eq. (2.6) and Eq. (
as: _

E = Js 24 E' ot Js s | T (2.9)
n = )

We have derlv?d Eqs. (2.8 & 2.9) consldering only the voiced

. sounds (Eq. 2.3) where the excltation fdhc*lon Is an_impulse at the

beginning oflfhe pitch period. Samé'resulfs can be aghleved for
unvoiced sounds where the excitation .funcﬂon"v'1 is stationary white
noise (a sequenceiof unity ;arlance;vzero méan~random numbers from the
random numbér generafor)f /

For unvoiced sounds:

J=

Let the predicted sample be:
n j=1
Since the Sh for unvolced sounds Is a sahple of a random process,

the residual e, =s, -8 s also a sample of a random process [14] and.

we can minimize the éxpecfed value of the squére of the error, Therefore,

we have:

/

s = - E ajsn-J.F,vn @ _ : | .;...(2.IO)'»
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C e 2y - R 2y - |
= <en > = <( Sn ‘+ J=| aan-J ‘ vnr ) ) ' o _.-v-o(Z."Z)
Slnce Vn and s are uncorrelated, hence (v . Sn-{&) Is zero. : N
. _ | R | i
Applylng Eq. (2.7) fo Bq. (2.12) therafore glves: . : é
ng aJ.‘ (sn_an_k) = .- <snsn-k>. , I;kip_ | "7'5(2"3')'”
The minimum error Em-ls then glven by
Em— .<sn >+ & ajl<snsn-J>"- | : | eeesa(2.14) {
’ 4 o o

i}

Speech is a nonsTaﬂonary process, but }:an be consldered local Iy
_stationary [I4 13,87, So taking the ex/pecfa'flons of Eqs. (2.13 & 2.14)

wlll glve the -same equaﬂons a5qEqs (2 8 & 2.9).

| Applylng the Z-transform to Eq. (2.5), (sn Is nqh-ier_o-_. for: Of_nf_N,-l)é )

E(Z) = (] + ‘E' ajZ J> Scz) = A(Z) .Sz 205
where
A =1 E -an‘J Co o L eeesl(2.16)
J=1 - o T : S .

{

s an all -zero le‘er knowo{ as lnverse Fllfer (or Predlcﬂon Error
Fi lfer) [l2 9, l4] since A(Z) Is an lnverse ftiter for fhe sys'l'em H(Z) 1, e., o

W@ = R?gT" e T .,i' e (27 .

"

TR




_"4‘SlFT”algorl+hh Totbe’d1scussed Ie#er-!n fhis Chapte

4 i

re be considered-

er A(Z); an observatlon

'\ The Itml?s of summaflon ln Eqs. (2. 6 2.8, 2 9 were purposely left
unspeclfled. There are +wo bas!c approaches *o this quesflon leadlng to

fwo dlfferenf me?hods of llnear predlc#lon analysls.

23,1 AUTOOORRELATION METHOD

~

i tn Thls mefhod fhe speech segmenf (frame) Is assumed to be .
tdenfically zero. oufslde the Inferval 0 < m < N-I. 'Thls can be‘espzeved
by mulflplylng s by a flnlfe Ieng+h wlndow (e 9., Hammlng wlndow) that is'
tdenflcally zero oufslde fhe lnterval 0 <n < N-i. The corresponding
predlc*ton error E Is. non-zero over fha ln?erval 0 <n< N l+p:

CNp L - R N

| E = Z 92 \v" l‘ - ’ ’ ' . '..;....'_,(2_.'8)
. n- » - R L ke 3
- n=0 - . . ; - . )

i Eq. 2.8, then:

N-|+p N-I’—%J kl L
e A T R _.
e RU" "l’ 3 iJ'»“k:'P o e@an

Equaflons to be solved for this mefhod (from Eq 2 8) are:

f aJ‘R.(lJ'—k[')‘-=--_3(k);.- ! _<_k'_<"p P ¢ 320




a~r ° \

[

~

.and fhe mlnlmum mean sdquare predlcflon error ot Eq. 2.9, for this

mefhod bacomes

s

.jmme)+Jgr%

" where the autocorrelation coefficlents for Eqs. (2.12, 2.13) are specifled

“by: R
SN -m o . o : : C
Rm)=" ] s s ;  0<m<p el (2022)
. e n‘o . noTpdmt ) ' » "

b

'AThe set of\equé+10ns'(2:l2),"knpwn as 'Normal-Enuafldns' lnﬂleasf;SQUares

. Termlndlpgy5[I4;[5,T6];‘can be_expnessed ih the mafrlxifdbm«as follows:

»

~ . 'V ) . . '. . . . - _ V}" ! . . ‘o
RIO)  R(D R Ll Rp=D | | f [ ROD]
RUD RO RMD L CRGp=2) P fay | [R@)
R@)[ORMD RO LRG3 e RGO

e . . SR I R LI o 3
R(p-1) R(p-2) R(p=3) ..o RO | |a | |k |
B p . .p‘ P AETERARRE e I 3 B | _n ‘J ) /.‘_

| o (2.23)

Thls p X. p mafrlx of au+o¢orrelaflon coefflc?en?s Is a Toepllfz

'ma+rlx, l ., IT Is. symmefrlc and arl’ ?he elemenfs along any dlagonal‘

2 are equal Also Tt Is posl*!ve deftnl+e. These speclal properfles of ?

‘algorlfhm [|5 I6 g, I2] A brlef descrlpflon of fhe Levlnson-Roblnson

Eq (2 23) Iead +o an efflclen* soluflon by Levlnson-Roblnson recurslve

algorlfhm has been glven ln AppendPx A

RUY T a2

A%2

h*




L (Eq. 2 6) ls mlnlmlzed over a flnlfe Inl'erval 0 <n=< N-I and +he slgnal

" are’ normallzed by dividing by R(0), the ‘resulﬂng%efflclenfs r(]) are

23

it all fhe‘maufocorrelaﬂon‘coefflclen"rs are scaled by a consfan_'r,

the solutlon fo Eq. (2.23) remalns unchanged. .In particular, It all R(J)

called norrnallzed au‘l'ocorrelaﬂon coefflclenTS' : v' '\

r(J)‘= Rﬁo’ SR R ceena(2.20)

' Because R(O) 1s always > R(J) |r(J)|<I. _ Normalized error ('normal,lzed

. resldual energy,) from Eq (2, 2|) ls\

VEn =--f—"l- = | +- gﬁa‘j r¢j) = TT‘(I—k‘z) S : eewes(2.25)
RO e T e ey .

where kJ l<j<p are ln'l'ermedla‘l’e quanﬂﬂes In +he soluﬂon proces.

of Levinson-Roblnson algorl'rhm (Appendlx A) and are known as Reflecﬂon

_Coefflclen‘l's (PARCOR Coefflclen‘ls) with ‘rhe speclal properfy fha‘l‘ .

J' i’,ll.l e Therefore fhe normallzed residua_l energy has +he proper'ry

that . R “‘I :
< e 226,

1

"0 % E.

N should be of ‘l'he order of several pltch periods (2 pltch perlods -

[

ln +hls work) ‘l‘o -ensure rellable resuH‘s. "

‘avz 3.2 OOVARIANCE METHOD

ln the covariance mefhod, we. assume 'rhaf 'rhe predlcﬂon error. E

ls as umed to. be’ known for the Interval -p < 0 < N-| (total p+N. samples). -

"No a sumpﬂons are fo be made abou+ 'l'he slgnal oufslde fhls lnferval and 3

‘

;
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no windowing Is necessary, (N can be different than the autocorr. method):
Nel |
2
E_: Z e,

.'l00(2.27)
n=0 .

/

Eq. (2.8) leads to
§3J¢qm)=-ommu'rik:p

énq'fhe minimum mean square prediction error Is

. ’ ‘*
CE_ = 9(0,0) + ﬁ a, ¢€0,)) - : weres(2.29)
where -
' , N-|- N S
o),k = nZO Sn=) Spek = ¥k D) e (2.30)

In *he'héfrlx'fonm b'x p-mafélx of £q. (2.28) s ‘symetric and positive
~. deflnlfe but not Toepll+z, and +he solufion la generally ob+alned by '
Cholesky decomposl?lon (or square root mefhod)

Nhlle choosing a method, compufafional efflclency and’ The sfablllfy.
Tare’ fwo maJor conslderaflons.' A

. The aufocorrelaflon mefhod 'equlres somewha+ less compu+aflon (Np

mulfipllcafions for correlaflon +rlx and abou+ p2 mulflpllcaflons for

solution to fhe mafrlx equaflons b Levlnson-RobInson mefbod) fhan fhe

covarlance mefhod {Np mulflpl!caTlo s for correla*lon mafrlx and

(p;+9p2*2P)/5 mu[flpllcaflons, p d!vlslons,and.p square:roo+s (exact

f1gure by. Portnoff et al. [8,9,12,141) for the solution to ﬁLe matrix
.- 3 i . . . .- . - v S ,{, .

!

i . ~ . . . B
/ ) ' ) : : ) . B ’ ° S N ' i

veeea(2,28)

Ty

- biatis
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;;
equaflons by the Cholesky decomposlflon me#hod}
In the sutocortelation me+hod all the reots of A(Z) Ile tnslde +he
unlt clrcle In Z—plane whtch means fha+ sfabllﬁ%§%§¥ H(Z) ls guaranfeed’ - .‘ T
whereas no such assurances exlst In case of the co‘brlance method | '
[8,9,12,13,14]. S
So the practical adVan*éges‘of:fhe-éhfbbofre!éflon mefhod oyef'
-The.covarlance methdd are obvious and ln.¥ﬁe_pre§enf‘work, ke most
of the speech analysis fesearch,.+h§fau*bcorrétafléd method hss ~ been

used.

"2.4 GAIN FACTOR (G)

From Egs. (2.2 &2.5):

_ Since. the ®Brror e 1s proporflonal to lnpuf un, it is a reasonable ’
"aSSUMpflon fhaf the energy In the Ipput signal - ‘is equal to the

| energy in error signal glven as B, in Eq. (2. 2|) [ia, I2 2] Therefore

wé‘have'- o o o ' o o e
6 2 u:’ = Z ol=€. - @3
n=0 n=0 - - B -
The galn fac+béfé Is therefore .given by:
6= /E = [RO+ f o rep12 e (2.33)

¥

s
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This expression for galn tactor has been used by Makhou! [14],
: Merkel & Gray [12,20] and Oppenhetm [2],

‘ Anofhermefhod for calculaﬂn'gb galh facfer was proposed by A*rel‘
and Hanauer (13] an?) further Improved by Klayman et al. [lZ 8] on the’
basls of lnpu+-ou+pu+ energy mefchlng in the orlglnal and the synfheslzed
speech Accordlng to these aufhors, rhe ‘rransml*h“ed galn ls a measure
of energy per sample and ls, hence, slrrply equal to the r,m. S, value o

.of :rhe input signal:
2 s 2 : | ' cT ‘l ) . PN > |
p n ,.'» . _'.' . : L . .e 'Oo(\2'3‘4) '

The Inpuf—ourpuf energy ls matched by replaclng all the synfheslzed

'sarnple s by B . Q where
Be—T—172 . Lo 2035
1 T 8 2 : ' . - , -
N h=0" n

“In the. presen+ work, the r.m. s formulaﬂon for ‘gain- has: -been used '

A
for anaiysis and synfhesls (malnly due to Its Cccuracy and slmpl Iclfy)
_ al'rhough both formulaﬂons (Egs. 2. 33 & 2 34) are equally accepfable to.

-

most speech researchers [8]

2.5 V/UV DECISION & PITCH EXTRACTION

.The prc)biemy of v/uv clslon ls ‘ho de'temlne whefher or no*r ?he vocal

cords were vibrating durlng the. goneraﬂon bf a short speech segmenr




27

r—

tf rotced the .prodlem of pttch exfracflon, #hen, ls to defbrmlno the
plﬂch perlod P, where P 1s the roclprocal of fundamenfgl fraquency Fb
-~(+he*rafa of os:1tta?16ﬁ of vocal cords Ts cal!ed fundamenfal fraquehcy '
Aor pttch frequency)

. e followlng remarks by some of ?he well- known researchers In this

area can be cons!dered represenfaflve as wol| as lnferesflng

" thoreugh d!scussion of publlshed ?echnlques for fundamenfaf b
trequency or pltch period esflmaflon would probably de as long

as thlis book", : ,
' - Marke! & Gray E#?] / p. 190, -
xe! bl

"0f the numerous s&sfems~for plich extraction that have been

proposed, none Is free frodkdef[clencles either In performancé'

or In excessive complexity". o . o
| - Moksym [293 / p. 149, . . 3 -

"Neverfheless, no slngle es+1ma+er yet developed offers b
declisive advantages In ‘elther rellabiiity or compufaflonal ‘
slmpllclfy, a fact which attests fo the d!fflcuify “of the problam"

- , -_Tucker & Bates [28] / p. 597

"No single pltch- defecfor was unlformly fop ranked across all R,
‘ speakers, recordtng condltlons and error méasurements". ., o
- - : = Rablner ot al.. [26] / p. 209'of [9] o

"If is the firm bellef of this author that all of +he proposedi
methods have their merits, and In fac* that they yleld slmllar
. performance In reltabiTity. Preference of cne\approach over
an9+her Is primarily determined by +he parflcuﬂar appllcaflon In
which such a sysfam Is to be used", |
- = Knorr [27] / p. 4 .
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Taking Into account the’ ccnplexl‘fy and the nllablllfy of the
pltch detection aigorithms avatladie In |iterature [25-32,13,12, 9 ,81,
the SIFT (Slmpll_fl.ed Inverse Flitgr Tracking) of Mprkel [25,12,9,8] was
uSed In the present work mlhly because I+ Is based upon |linear .
prediction and claimed by Marke! td be better than some of t+he other"

techniques bésqd on Idnear prediction [12] due to Atal & Hanauer,

) )

S. Boll, Itakura.8 Salto. .

The SIFT Algorithin s based on, Eqs. (2.5 & 2.15) which staty that:
. . o ’ 1

e, =8, =8 =, * ng a8, =6 . u,

‘and -

E(Z) = A(2Z) , S(2).

In the statement form, H‘ lmplles that fo the extent that Sn Is the
output of a system wel | r'opresen'red by an all pole model, e, Is a_go'od
approximation to the exgltation function to the same extent and that 1f
s, Is Inverse fiitered through A(Z), the output will be the prediction
error: or residual errer e, expected to de la'rge at the beginning of
e;ch pltch peﬂod for' volced sounds.and ﬁolso-”ke for unvolcedrsoun"ds.' d’

Block dlagram of. SIFT algonlfhm s glven In Fig. 2:t. - Assuming fhaf-
speech {s_ } is sgimd a+ IO kHz and that +ne pH’ch @rlod les In 'rhe
range 2.5 - 15.57 ms, the SIFT can be descrlbed In the folloylng steps:

LN
v

(n The spooch slgnal {s } Is lowpass fzflfond threugh a fhlrd
orderoo"lp'ﬂc fliter 0127 with cut off fmquoncy\éloso to | kHz and the .
ofchﬂvo sanpllng frgqmncy ls reduced to 2 kHz by,c_:lo.clnﬂon (dropplng

TP

Ve
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4 oﬁf of every 5 samples) to reduce further computations.
(11) The above output Is then pre-emphaslzed by passing through
a slngle-zero fllter 1z to preserve the spectral characteristics

of only the vocal tract [12,13,14] and multiplled by a2 Hamming window:

“
i

U =W (55k+4 - 55(k~I)+4)' 0 <k f.(§" o

~

where {Sn} Is nonzero only for 0. < n < N-1, N Is equal to 400 samples and

the Hamming window Is

0.54 -'0.46 Cos [ 21rk/(g~ 1 ; ogki<§- H

X
"

=0 _‘ ) ; otherwise (2.37)

GRRD] {uk} Is analyzed by the autocorrélation method (sec. 2;3.l).+o
design a four+h-order dnverse fliter (as p=4. 1s suffliclient) %o mode | +He
glgnal In (0-1 kHz) frequency range. {uk}ls then lnversg fliltered to give

‘{ko which obviously is.the residual error for the fourth order |inear
'p}gdlc+or. {dk} wll‘ have an approximately fiat spectrum (12,8,14].

B (1) The autocorrelation of {d, } Is calculated and the largest
.apfocoffelaflon peak.In the desired plfch range (2.5 - |5 5.ms) Is
6b+alned. Varlable fhreshold thused and if a peak crosses the variable

. o
fhtgshold Its l0ca#lon Is taken as the plitch perlod Information on the
G

-sequenoe is lnferpola'l'ed par‘abollcally In the mglon of the. max imum

vlous *wo frames ls refalned for error defec+lon.' The autocorrelation

value for obfaln!ng the additlional resolufton In the’ pitch value. A

frame is declared to be unvoiced !f the autocorrelation peaks are smal |

-
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and fall below the varlable threshol!d values.

(v) If the error detectlon process flinds an unvoiced frame
surrounded by volced frames, it Is declared to be volced wlth pitch
perlod equal to the average of the pch? periods of the two surrounding

volced frames because an Isolated unvolced frame such as this is Impossible

to exlist,

(vl) The Input sequence {sn} 1s 400 sampleé (40 ms) and there is
a 2 to | overlap of input data Implying that 40 ms sequences are processed

In 20 ms Increments.

2.6 LINEAR PREDICTION SYNTHESIS

Speech can be synthesized by utilizing the four control parameters
of the linear prediction analysls as an'!npuf to a‘sys+em which has the
.Same parametric representation as the anélysls model. Flig. 2.2 shows
the [inear prediction syntheslzer due to Atal & Hanauer [13].

If the eog¥rol parameters are updated at the beglinning of a pitch
' peffod using a variable frame length every time, the synthesis is called
plitch synchréﬁéus synfhesls whereas If the control pafamefers are updated
once every time for a fixed-length frame.the process Is called pitch
asynchronous synthesis [13,12,9,8]. Pitch asynchronous synthesls requires
fnferpo]éfion of the control parameters which Is notvery simple [13] and

+he‘lnferpola+lon of the aJ's can even lead to an unstable fllter. Pltch

synchronous synthesis Is therefore general ly preferred [8,|8,I9;é4].

/
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) The pitch syﬁchronous synthesis I'n the present work was performed
using variable frame Ieﬁgfh of 2P samples for voiced frame and a fixed
frame length of 200 samplies for unvoiced frame (P is the pitch period).
Using impulse generator and white noise generafor‘(p}oducing zero mean,
unity standard deviafion,bﬁncorrelafed random sample séquence vn) as the
.exclfaflon sources for voiced andvunvoiced sounds respecflveiy,_+he

/

synthesis éan be represented by these equations:

(i) voiced sounds (0 < n < N-I; N=2P) , r
& Z - & .+ -... 7= = ‘=
S, = ng aan_J. G Ui u, | forn=0,n=P
' u, =0 forn#0, n#P .....(2.38a)
(ii)  unvoiced sounds (0 < n < N-I; N = 200): _ >
s = =~ E a,s . +v . . v v...(2.38b)
n jer 4= n '

Linear prediction synthesizer of Fig. 2.2 realizes Eq. (2.38) and
requirés p muitiplications and p additions to synthesize one -output

sample Sp*

2. 7 ANALYSIS/SYNTHESlS GONSIDERATIONS : , ~

Quali?y of- +he synthesized oufpuf speech from analysis control —
parameters lnvolves some conslderations such}as cholce of methods,
windowing, pre-emphasis, sampding rates, order of the model p, and length

of the analysis frame. Although stb of these have been -discussed in
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the appropriate secflons, yelfall cf fhese:nlll be summarized here for
lcomplefeness. |

'«,Conslderlng accuracy, storage and compufaflon, +he sampllng frequency,
.FS = {0 kHz is generally laken as a represenlaflve sampling rate [1,2,8,9,
II IZ 13,18,19,21,25] where speech sngnpl s bandllmlfed to - Iess than
5 kHz bandwidth to avold allaslng. Sampling frequency. 10 kHz was used"

Order of the model (i.e., no. of the. aJ's) depends mainly on +he

sampling rate. One complex pole per kHz is requnred fo represenf the vocal-
fracf and 3- 4 poles are required to represenl source exclfaflon and Iip
radlalion For f 5 10 kHz, value of p equal to I3 or I4 is needed
Atal & Hanauer Ci13] showed ln a graph +ha+ the predlcflon error decreases
only by a small amoun+ when p is Increased Reyond I2 A value of p less
“than or equal to I2Awas used. |
Pre-eMphaS|s before analysis (passing fhe ‘signal Through a s:ngle—

zero fllter | - uZ I, 0.9 < uj 1.0)7is a procedure used to estimate the .

spectral characfernsfics of the vocal tract, alone Qifhonfpfhe eiigcfs.of‘
the glottal and lip radlaflon; characlerls+ice.; Pre—emphasis Wasv}here—
 fore used in the SIFT algorithm to-sharpen the anrocor{relaﬂcn peaks in
pitch de:'l*ecﬂon but not for the es:l'irna‘ri-on of 2j's because it .I-eads to
addiflonal complexlfles and undeslrable effects ln the synfhesls specfral
‘properfles such as’ low frequency boost [l7 12].

Alfhough a reclangular window Is lmpllclf in fhe aulocorrela+lon

, me+hod an expllcll window such as Hammlng wlndow whlch +apers down Sh

fo zero Is recommended to check the specfral dlsforflon effecfs of
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Adi5coniinuliies-'.+ So. & SN “A Hamming window was used
bofh in the esiima+lon of aJ's and pifch..
Variable frame length was used equal to éP for voiced frames
-and equal +o 20 ms for unvouced frames. Pi+ch synchronous analysis/
synfhesrs,belng Iess~complex "than pifchvasynchronous analysts/

IS et

sYn'i'hesls (Sec 2 6) ‘was used el

“As far as choice. of mefhods in The confrol parameier esfimafion
Is’ concerned fhe aufocorreiafion ‘method for. +he aJ's was’ chosen for its
sfabilify and compufaflonal efficiency, the r.m. s. formulafion for ,'h,l
galn facfor G was chosen for ifs accuracy and simplicify, and +he SIFT -

ke o algorifhm was choser for iis efficiency and close relafionship with

linear predicflon

2.8 RESULT$

\ _ .;The fdllowing senfences from The tape~ recorder were bandlimifed fo
f =.4.6 kHz, sampled at IO kHz to avoid allasing siored in disk and
.were processed for linear predicfion analysis and synihesis of speech '
j u+ilizing The mefhods dlscussed in the previous secfion .
(1) PAY. THE MAN FIRST-PLEASE .
LGD W NAME IS MILLER -
'F',(""ni) :PAPA NEEDS WO SINGERS e e
(iv) CASH THIS BOND PLEASE o -
(V) 1 KNOW WHEN MY LAWYER 1$.00E L
| (vIT 1 WAS STUNNED BY.THE BEAUTY OF THE (VIEW)
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The durafloh of fhese‘senfences spoken by dffferenfkmale adul+ '
.speakers is between I .0 *d l 6 seconds. The senfences are representative
for speech processing in +he senSe that these are made of all fypical

, speech sounds (sec. l.3), l e., volced, unvolced, plosive, nasal and

non-nasal sounds: ' ' S . \\.."

Affer analysis, the sen*ences were syn+hesized with different
» numbers of poles (p) Resulfs of ?he informal percepfual Jlistening
tests can be surmed up as follows . |

_ Li),AThe.quaIJTy of the synfheslzed speech for p = 12 was found |
| to be aim¢s+ as Qood as'#he original speech. Increasing p
'beyond 12 dndn'f show any s:gnlficanf change/lmprovemen+
.in the qualtfy of the synfheslzed speech +hereby Ieading to
cfhe conclusion +ha+ p = I2 is sufficlenf fo provide an
‘ adequate represenfafaon of The speech signals .
getll) Slight degradafion in the qualify of synfhesized speech was.

noflceable-when p was decreased to 8 especially ‘in nasal - 'i-Pf?I.

' :and ploslve sounds. ".

(erﬁp Alfhough poor ln quality, the synfhesized speec for p
.., even as low as 2 was unfelllgible. " _
‘:;(IV)l The quali?y of the synfheslzed speech was be++er when +he Hammlng
L window was used in aufocorre#éflon me?hod fhan fhe speech obfained
o*herwlse using an Tmpliql+ recfangular wIndow.
i&)' Ihe qualify of the nasal, pIoslve and’ volced frica+lve sounds

ln the. synfhesized speech was not as good as the qualify of



 Makhoul £|4 9], and Wong [|7 l8 217 etc.

+he vofced, nonénasal or unvolced sounds. This was so o

' expec*ed due to fhe llmlfafions of the snmpllfled all pole

. model.
' . > .
. These resulfs are . baslcally slmllar to +he resul+s reporfed by

the leadjng speech researchers such as Afal & Hanauer C13, 8 9], Markel

& Gray L2, 20 8, 9] Rabiner & Schafer C4,8 9] .Oppenheim [2,8, 9, 11,

7

Origlnal as. weil as fhe synfheslzed speech (p 12) WaVeforms for

one senfence are presen+ed in Flgures and some commenfs on speech and

' speech mode! have been lncluded in Appendix B

1{ : L
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Fld 23 Oﬂsm.a.L wWaveform ( First 2048 ‘s&wﬂn‘s)
' untcmz-‘Pq_vm’mn_wfmt blease

/
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Fl.9 2.4 57*”\4.301:& waveform ( Classical Lineav Pﬂd.u:tm
pP=12;  Fivst 2048 samples) '

scn.tcm. Pay the nan fivit blease’.



* CHAPTER |} ¢ -
"NEW TECHNIQUES IN LINEAR PREDICTION

'ANALYSIS AND SYNTHESIS OF SPEECH

3.1 INTRODUCT ION

In the classical llnear prédlbflon analysis/synthesis of speéch,

the foliowing simplified all-pole digital filter is utilized to

represent sbée;h signal S, (0 <n 5_N~I):

s(z) G | . S G

WD = Ty = »
o+ f aJZ J

3

Except for one sample at thé beginning of every pitch period where
The excifafion funcflon is a pulse with ampll?ude equal to galn factor G,

the samples of the voiced frame can be predlcfed as a IInsaQ,combinaflon

.of the past p samples.as: . , - | ,
- 4 . ‘ ' : -
s = - . a,s . .. (3.2)
n J=I Jn=j
=-a;s | 325n 2 " @3S, 3 T eeen - agsn_p ..... (3.3)

~In this Chapter, two new-techniques in Iinear prediction of Speecn
are proposed.~ Unllke'fhe slassica!‘llnear pred1c+lon where all the pre@lous
p samples are u+i|!zed fo predicf fhe current speech sample, one of the

\ new +echnlques ufllizes only 'odd', and fhe other technique utilizes only

- 40
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'even'  previous speech samples to predict the current samp | e
Hence the propdsed names for these techniques are 'Odd sample |lnear
prediction' and 'Even Sample_linear‘predlcflbn'; a o

~ Obviously, classical l!néar predt&f!on requires the number of poles
to be p to utilize previous p samples to §redlc+ the current sample
whereas the proposed techniques heed only p/2 poles to utilize prevous p
samp les for the same purpose. The lnveéfiga*ion lnfq the relationship
between this obvious comquafional saving and the quality of the

synthesized speech will be reported later in this Chapter.

!

3.2 00D SAMPLE LINEAR PREDICT ION

.
In this proposed technique, the predicted sample Is represented
as: . . N
3 - - lbos . - P ceero (3.4
Sn blsn~-l' b2$n43 b3§nf5 bpsn-2p+l )
= - E brs L. 0 (3.5)
. “ne? i+ .
j=o J Tn=2*1 )
'The,ail-pdle modelvrepresenfing odd_sampleelinéar prediéflon-ls:
CHD) = c - 3.6
e § b, A

=

‘whlchvcan be -characterized by a dlfference equéfton’of[fhe form‘slmllar

to. Eq. (2.2) as: .

ki
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8§ = - le by Sqezger YO0 (3;7>A

»
. fomy volced sounds. For unvolced sounds, the diftference equation Is similar

- - To that In Eq., (2.10) as:

s“,= -.ng bJ Sn=2j+1 * _ | ...f;fi\gl;'

The excitation functlion Is an impulse train (impuises are spaced
. ) , 9

pitch period apart) for voiced sounds and random numkers for unvoiced "

sounds,

Odd sample I.i'n"ear predl’cﬂoh analysis Is, therefoms, compietely

specified by these four ’con'f‘r‘ol parameters:. (,
(.1) bJ;. .‘J=.>l'2’3""‘i'p .
(1) Galn factor ‘G (r.m.s. value) - L

ﬂII) Volced/_unvoléed (U/UY) decision
(fy) Pltch period (Elifor volced spéech;'
Excepf b J'?’; the other three parameters can be determined by the
mefhods d!Scussed in fhe previous’ chapfer whereas the bj‘s can: ba defermlned

from the equaﬂons slmHar to Eq (2 20) ob*ralned by 'rhe error minlmizaﬂon :
crlferla as follows: ' |

L8 3.9
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- q
A_,-.... X E s + % bJ n 2#. J . o . .._,...(_3.,'0)_ N
E .. . .
For error minimizatiod, » 0 fl'<k <p), {eads to: \
E b, ) Sn=2J+1 * Sn-2ickl = " L Sp Sn-‘2k+l-iv C e (300D
J=1 n TN . ; ‘
| S
' Thls aquation is of the form of Eq. (2 8). cr\hracferlzlng fhe classical
linear predicﬂon of speech. Solving it by Aufocorre?aflon method (sec.
2:3.1) leads to (see Eq. 2.20): '
: ) L
E p; R (2[s-k[) = R (2k=D); 1 <k<p | . (3.12) )
= . ! e
where, as In Eq. (2.22), we hdve:
: N-{-m s o 'o e
R(m) = nzo Sy Spams 0 S M S 2p-1 ? S e (3._!3) .
Eq. (3.12) In fhe matrix fom will be: '
RO) R R4 b, ][Ry ]
R(2) RO R ..., b, R(3)
IR(4)- - R(2) R(OY . ... by | = - |R(5)
o sn e see o.cu. ' ‘v.in o-: . - LR ) 9
R(2p~2) R(2p-4) R(2p=6) ..». % .| bp 1 R(2p-1| . |
T g . 7 - o A S !
) . )......(3 u) |

. LN
. SN
w
. TN
o3
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Altogether 2p Au?oéorrelaflon coefficlenﬁs R(m); 0 <m < 2p-1,

will be requtred. LHS matrix above Isapxp Foepllfz matrix, and

3¢5 Ev-EN/SAMPLE LINEAR PREDICTION

~hence can beiefficiently solved by Levlnson Roblnﬁon recurslive

'algorlfhm (Appendlx A)-

This proposed féchnlque,ls'charécfefized by the following 5

equations similar to Eqs. (3.4 to 3.8), where the symbols have the

_ o
similar meaning: :

. Qn = ;g'sn_z_-g2sh_%‘-gssn_6 REEEEE -gpsn_2p A (3.15)
E 9 Sy (3.16)

W = c (3.17)
|+ 'E- 9, 7%

g=r <
s, = - ng gjosnsZJ7T-G - U :(vojced §ound§) | ee...(3.18)
A E,-gj SanJ f yn .(unvoiced‘50unds)_». R ;....(3.{9)

-

§

Thrééiof fhe‘féur oonfrol’paramefars5(Galﬂ,'V/UV decision & pitch)

can be determined as discussed In Chap?er Il-whareas gJ's can be

defermlned from fhe fol}owlng equaflons slmllar to Eqs. (3 12 to 3.14)

-

<
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obtained similarly by error minimization criteria:

E 9. R2|j-k]) = = R(2K); I <k < P (3.20
N -2
J=i

N-i-2m

R(2m) = n-z-o S Sne2m O<m<p (3.21)
r b r 1

R(D) R(2) R(4) R(2p-2) | g, [R(z)
R(2) - R(0) R(2) Rij-4) g, R(4)

R(4) R(2) R(Q). R42p-6) 95f = - |R(6) @, 5

R(2p-2) R(2p-4). R(2p-6) .... R¢0) g . |R(2p)

>3 ' J pJ 4.’

i - . - -'u.!,..(3c22)

Alfoge-rher p+i Au‘focorrelaﬂon coefflcien+s (dlfferenf coefficients

. but same number as in the classical |inear predlcﬂon) are needed. -LHS

~y -

matrix is fhe same as in Eq. (3.14) and Levinson-Rob inson recursive algorH'hm

can be used for efﬂcienf solu‘l'lon (Appendix A).

3.4 RESULTS

The fdea behind these new techniques was to see lf the ’l H'y of
the syn‘l‘heslzed speech achievad from the classical Ilnear predlcﬂon ceuld
be achleved 1'hrough less . compufaﬂen by Odd sample or Even sample linear-
prediction. #All these 'rechnlques requlr‘e same amoun‘l' of compufaﬂon for
gain, pitch & V/UV. declsloh bU‘Y dlfferen‘r amount  of computation for

¢ predlcﬂon pamfers. The lnfomal -percepfual 1 1,s1‘enlng tests on synthesized

L 4

=
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' .

speéch gévé the folléwlng resulfs:’ ‘

(1) The quéllfy of the synthesized speech from the classical
llnear prediction (p=12) is compqrabie with that from Odd sample
linear prediction (p=8). For frame Ieﬁgfh N'samples, the classical
technique ‘requires (12N + l22) mulflpllcaflons for coefficients &
(12N multiplications + 2N addlflons) for esflmaflng N samples. 0dd
sample technique, however, requlres (6N +.8 ) multiplications for
coefficients & (8N multiplications & 8N additions) for estimation. The
saving iIn compu+afi6n is, therefore (80 multiplications & 4N additions)
for the comparable qdallfy of the synthesized speech. ' N

(i) Although Evén samplelfechnlque saves half the computation load
(p=6) and one third computation load (p=8) fhaﬁ-%he classical linear | .
prediction (p=12); yet the synthesized speech, though Infelllgible enough A
Is not as good as the classical technique. The reason is that in Even
sample technique, all even samples of a frame tend to be\very small (quite
offﬁn zero) because In the esfiﬁaflon o¥ fhe second sample of a voiced
frame, the very first sample wffh"large amplitude due +6:+he ekcffaflon ‘
pulse doesn'ft con*ribufe at all and simllar operafion continues for alﬂ“
the remalntng'even'samples of the vojced Erame,

Modified Even sample Iinear prediction was also tried. In the

--modified version, all very small alfarnafe samples of the synfheslzed

'.

LA
speech were replaced by new sampies where each new sample was fhe average < e

~—

of two samples one on elfher slde of the sample to be replaced The«
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output lmpfoved, but the quality of the synthesized speech was sti!]

not as gdod as that obtained from the Classlcal Iinear prediction or

0dd sample l inear predicflon; waveforms of the synthesized speech from

the new techniques are Included In Fig. 3.1 & Fig. 3.2. |
| \The pl+ch éynchrohous synfhé?ls using variable fréme length was

) L. . . e !
used. _ a @

3.5 SPECTRAL CHARACTERISTICS

The spectral charécferlsflcs periodograms of fhe data (Fig. 3.3)

& three. linear prediction modeis;dl@cussed so far (Flg._3.4) are given .

-

herein.
»

The DFT (Discrete Fourier;;ransfofm) of a flnl+e_seqUence‘sB

(0 < n <N-I) and its Inverse DFT Is defined as:

*d

sty =5 sty ed [Nk o ok ey o (3.23)
T =0 i ; S
N-] - T o had T ' - ’
st =& § st ol Bk, 5 < n ST L (3.28)
‘ k=0 co=n o

The log magnitude spectrum of the Input data EM(S) and that of the

modeis LM (G/A) are taken as:

LM(S) =10 tog,, stk |?

...;.g3.25)

: : o | .Gzi' e v -
LM(G/A) = 10 log,,  — - S % T (3.26)
» J . 10 IA(k).IZ . .

- where 0 < k < g* - o
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Fig. 3-1  Synthesized sf(cd» wmnfom (2048 samples
 Odd Sample lijv_ucv prediction; p=8 ; ’chmtmq:’.
\Pa‘f the man first please’. )

o
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Fi. 52 ' .S,nihuim'qiuh waveform (2048
Even sample- Lineay Pprediction ;, pas ;

.

 Sentence: ‘Pay the man f(nt please’ ).
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. CHAPTER 1Y

"NOISE CANCELLATION TECHNIQUES | \
IN SPEECH SIGNALS

4.1 INTRODUCTION

" IEEE chfionary [a8] defines nolse as 'unwanfed dlsturbances,

superposed upan a useful slgnal that Tend +o obscure Ifs informaflon ‘I e

~

‘content'. (p 439) .
For slmpllclfy, the term nolse Is used In +hls Thesls fo 'slgnlfy

all forms of disturbances, de+ermlnis+ic as well as sfochas+lc', after .
Widrow et al. [34]. o
.Noliﬂ speech can pe repfesenfed4as{
»x'r“v':=sn_+vn I - o et

where Sy ls the clean speech corrupfed by addiflve broadband nolse

Vi The problem Is to achleve ., @ best'esflma+e of sn,from notsy

speech'xn. . ‘ | | ’ |
The dlfflculfy ar!ses because +he noIse sTaTisTIcs are generally unknown
and fherefore,.'ln speech IT Is nof easy fo speclfy a crl+erlon whlch '
iwould Iead to a "besf" epflmafe of. clean slgnal hence a varie+y of
algorlfhms are often. proposed and evalua+ed by llsfenlng to the processed.r
"resulfs' [46] . AU | » - |
ln +hrs Chapfer, fwo of the many nolse cancellaflon technliques ‘
(see [34—47], l.e., Adapf!ve nolse cancellaflon [34, 35] and Nlener nolse

o
‘E::) cancellattion [36] examlned In the presenf work wlll be dlscussed ln

/
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Fig 4.1 Computer simulation of noisy s]»_mA signal
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sections (4.3 &54‘4)' These fechnlques were chosen because these are -
closely related -to Ilnear prediction and report slgnlflcanf lmprovemen+
In ngulfs durlng lnfOrmal percepfual Ils+enlng tests where, 'By

lmprovemenf, ¥

.qean_fhaf the (processed) speech was more pleasant +o!
'llsfeéilé" red” to have more Intellliglblllty’ (Sambur [3%3).

. ;64;6 &‘4'7) wlll-concenfrale on The'oflglnal

, -aneISe alrcellaflon +ebhnlques - namely 'Llnear predlcflon

_ nolse cancella?jhﬁ' : 'Delayed I Inear predlcflon noise cancella+lon' A slmple
+echnlque 'Average nolse cancellallon' has been- discussed in sec. (4.5) just

as a bench-mark. Flxed frame length, N=200 samples has been.used for these

\technqueSQ s SR - -

v

4.2 COMPUTER SIMULATION OF NOISY SPEECH

‘.:v;_ Flg. 4, I llluslrafes fhe compufer slmulallon of nolsy speech slgnal
. X The nolsefree- Speech slgnal s, Is obfalned by bandllmlflng +he “

conflnuous speech signal s(t) from fhe fape recorder af+er passing 1t

| fhrough loupass analog fllter wrfh cufoff @requency less than 5 kHz and
sampllng 1+ at a sampllng rafe equal fo 10 kHz. Nolse v Is. obfalned
frcm one of T;o sources - sampllng the conflnuous noise signal v(t) from
H P nolse generator after lowpass fllferlng I+ as above or from random

| number generator using subrouTlnes GAUSS & RANDU Bofh sequences are

added dlglfally to obfaln X0 sn tv ._ The nolse sequence Yn s scaled

to obfaln a nolsy Speech slgnal fllevwlfh des!réd slgnal fo nolse ratio

e

-
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deflned as;
| ' .- N 2 s
) S S ]
SNR = 10 log = Ceen.(8,2)
n=l D

4.3 ADAPTIVE NOISE CANCELLATION (A.N.C.)

The baslc pblnclples of adapflve nolse cancel latlon due to Widrow

et al, [34] and the modlflcaflons for 'speech signal Inputs prcpoeed by

Sambur [35] can be'dlscussed as follows

-

4,31 BASIC. PRINCIPLES OF: AN .C.

- clean slgnal S lf;

| The baslc prlnclples of . adap*lve nolse cancellafion [34, 35 42,43,19,
47] can ‘be lrlus+ra+ed through Flg "4, 2. The nolsy signal (x =s + vn)p
Is. termed as 'prlmary Input! whereas the - }npuf to +he adapflve nolse

*cancellor fllfer (w ) 1s termed as 'reference lnpuf' "~ The reference
Tnput L Is highly cerrelated wlfh nolse i corrupflng the slgnal

but Is uncorre|ated wl‘rh S, The reference Inpu‘l‘ Is fil'l'ered to produoe
Vn’ an es%lmefe of the nolse vn. Thls oufpuf vn I's subtracted from the
prlmary Input (nolsy signal) X +o produce the sysfem output § . The
sysfem ou?pu+ s s uflllzed to' control +he adapflva nolse cancellor
filfer and ls an es+rma+e of the clean slgnal s .V | |

IT can, be shown that § Is the basf leas¢ squares esflmafe'of the *

- -
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i

g S, Is uncornelefed with W, s well as Vi and
(11 the edapﬂve ftiter 1s adjusted to produce a sysfem output
S that has the leadt possible ener'gy.

The energy In the sysfem oufpuf Ls

. — - . . | ‘
<s > . <ox Vn’”, ‘ . ; -
L, 2N
= < (s, + (v - 9.0) ) | vee..(4.3a)
. 2 . 2 T ‘
= s>+ <(vn-vn) >+ 2 s, v -0) ceenn(4.3)

-

The Iasf term In RHS Is zero because the slgnal S, and the nolse Vi
9

are assumed 1'0 be uncorrelefed

o

| _Now.- since <s > » the slgnal energy for a frame Is a fixed
' quanﬂ'l‘y, ‘minimization of the sy.s‘fem oufput energy means mlnlmlzaﬂon

of fhe second term In Eq. (4.3): ©

& 2 2 v o123 e
. <8 ) = Cs >+rulu ,“Vn‘."n"_"' L, e

(4

And minimlzation of ..( (v 9% 32> means 'l'ha'f"rhe adaptive fliter
oupuf v is ﬂve, best least squares estimate of’ ﬂfe nolsé v n’ and also )
that fhe term < (s - ?') ) has been mlnmlzed "o slnce 'from Eq 4, 35

-

(s - sn) et LT Ca(a5)
. .0 " : . A
which flnaHy means fhe'r % Ps e‘e '-leae_‘f squares estimate of the

.clean slgnal Sp e
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4.3.2 AN.C. & JHE NOISY SPEECH SIGNALS

As mentioned In té revious section, adaptive nolse cancellation

fequlres an external nolse source v cal led 'reference lnpuff“whlch'ls
highly correlated wlth addlﬂve nolse Yn buf uncorz'ela'l‘ed wlfh,,c. ('one
can, 'rhlnk of w, as belng.-derlved from a sensor ioca‘l'ed at a polnf n ,
the nolse fleld where the slgnal I's unde+ec+able' - Sambur 35D,
Unforfuna‘rely,osuch a reference lnpuf Is not generally avallmblie. As
suggesfed by Boll [383, the average signal determined during unvolced
. frames cannot: !;f"faken as representative of the nolse since nMse is

' not sfaﬂoneryfand the unvolced decliston ts no+ error free alw.'aysb

To handle this problem, the suggestlon by Sambur [35] to form +he

reference lnpm‘ of the nolsy s Ignaf{ I’Q.eif ls more sound fheor‘eﬂcal ly %

slnce the speech 1s quaslt~periodlc and +he addH‘lve ngse vh K assume‘d

to be broadband which means 'rha'i' a speech fr'ame delayed by one or hvo
. » ‘,4 o"‘ﬁ' '
pHch perlods will be hlghly eorrelafed with +he clean speech s wbﬁa‘

—-ﬂl‘.

uncorre lated wHﬁ,:the addltive nolse w o R
iy &

Flg. 4.3 shows the arrangemenf for adapﬂve nolse cant:e”aﬂon based”
on 'rhe above I deas. Conslderlng that: | |
s &s - are h'l’ghly correla“fed,

(H) v & v _;T are f!ef correlafed

=

(Hl) Vi & in are no-fcorrele'l;ed

' 'xt':'-T f N~ T

*h?nnnlzaﬂon of ﬁ\e energy ln the sysfé*ouﬁzu*r \9 lel Iead 1‘& ou‘rpu'r

of 1'he edpeﬂve nolse cencel lor s fga‘r ts a besf Ieasf squares esﬂma‘te

RAREE

%
a
Y

»»»»»»

n-T ls Mghly corre}ated wﬁ& s, bu'r unoorrele'red with v .

-
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-«
L
of the, clean speech signal S, :
. . . . « 4
4.3.3 NQISE CANCELLATION ALGORITHM .- : /,,:

The adaptive fi ter "< a FIR fllter whose output Is +HE %

clean signal § as: L » . %
i ) S At

n

J=0

for‘voliced frarﬁes (T Is the calculated ﬁH’ch perlod) and
4 - ) ‘ <
8 = x(n) ' ¢ T (4 7)
n . .« . L3
' ) o ) oL
for unvolced frames. o , S e " . ( .
The fi'Mer coefficients dj’ 0:-<J <M; are upda'l'ed for every ssmple
'by Widrow-Hoff Ieas* mean square (LMS) algorithm [34 35 42 47’] g ln LMS

algorlfhm, the coefflclenf vec*l'or at ﬂme n+l I's QIVen by:

D, =0 +2 .8 .9 .X veer.(4.8)

. ntl . “n n n-T - ‘
where: . . ~ Q@ ,
. . - . '!_'
T - - vt A‘.‘-.

D = (do,dl,...,dM_) _ . e L -

Vo= x -8 & K

n n n . . . P

- X = Dx(n), xtnel),...,x(n-M)]
E - - ’ R _ Na ’ . .
and B8 Is the stabl| H'y factor., for, ‘rhe c0nvergenoe- of,the algorlfhm B
f 1

should be grea+er 'rhan zero but less than +he reclprocal of the Iar'gesf

~elgenva1ue of 1'he ma'lfrlx Y wher’e' L

) Y-’<)xn - X >

5 = z dJ X (n—J-T) - ) ‘ . o-oo-(.406')‘:-.
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3

- Sambur [35] suggests that g ‘can be approximated as:

B = 0.0l
a
where a Is the largeisa“ elgenvalue of the correlation matrix of the . N
first volced frame: ° ' ’ "
. _ . : N . . o o
; Yoo Yo : St '
- 7y v q’i‘:!‘,; P ] r o
'O II ..-‘_,g!.;"".‘: J \:H
V(o) = v 2SS, 0
2 . . L . .,"
0 ‘ %\t‘;’: s )
o s 0 . w " i . L 4 . L[] .’. . %; ‘ "‘.‘ " "~
. . ’ g’g‘&; ? )
| LI ‘.-- s e - -o.o J ‘ ﬂ;.“‘wﬂ %“‘%

N :
where. V b'l Z x(n-j) . x(n=- k) & Nis the- nuntr of the samples In
' n= :

Jk

one analysis frame. *

BN

The LMS (least heén square) algorithm converges starting -wl'rh any
/
arbl+rary vector D0 and remains s1’ab|e as Iong as B Is sufflclonﬂy sma!‘l

-7

(34, 357, sambur [35] used 8 = 10 ; | . |
N | R 3

4. 3 4 M)DIFICATlONS & RESULTS

4 ' ,
‘ . - :

A flxed frame leng'fh of. 20 ms (200 samples, fs = 10 kHz), rafh%r_ than .. ”
22.5 ms "(180. samples, fs = 8'kHz) by Sambur: [35] was used.. informai

i

percepfual Hs'linlng tes‘rs were c@nduci'ed 901 the pnocessed speech wlfh
{ o - ..f

| -dlfferen'r B, dlfferenf M, d!ffenen'r coefflclen'l' vector DO and dlfferenf

-~
' B . [T
‘\4 . ) ’

Y

-
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-l

C, where thé clean sample dunlng unvéiced frame was estimated as

o1<csto ™ a9
. .

, §n =C . X
'

instead of s =X (Eq. 4.7). The followling resulfs‘were obfalned:

o Proposed modlflcallon for unvolced frames wlfh C= 0.5 gave
Fod
the best results Than 5 = X% or any other C.

n

107" with” EagﬁL < 12 by changing L In steps of | was Trled.

B = lO—8 gave lhe best resulfs. lncreaslng B above 10 7l d-

SR

to unlnlelllglble resulfs and decreaslng B below lO -9 resul+e6
ln fowpass fll+erlng action cancelling some slgnal lnformaflon
along with noise. Sambur stated that 'As Iong as B was ¢ -
sufflclenfly small the quality of The flllered speech was
lnsenslllve to +he exact value of B' [35] However, from +hls
_’~ K lnves*lgaflon, It cen be concluded that as Iong as B is wlfhln
the sufficlently small range of 0™ o lo'9, ‘l‘thua'll'l'y of
, "fhe fllfered speech is lnsensl+lve fo ‘the exacf valué of B
(1i1) M=8 was found to be better than M < 8 and lncreaslng M
beyond 8 dldn'f show any notable lmprovemenf In the resulfs.A

(W) Adap#lve nol se cancellaflon gave better results for high

ST f‘ 'yiaddlflve nolse (0 db) and showed hardly percepfual‘!lfference St

5'&;é*,.ﬂ,\ fbgfween processed and non-processed speech for low nolse ( > 10 db).

T (v)‘f!ﬂ;g’cordanee wlfh the ooncludlng Ilnes of The prevlous secflon,

.

flfhm uqs;#ound To converge sfarflng wl?h any arblfrary

Nt .
R : "~-v-174w -

[
[N
-

\
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vector Do when dffferen’r dJ(O < J < M) were tried. Coeff[clen‘l's

’ dJ (-9 < J <M were, therefore, set to zero In the present work.
(vl) Thls Is compufaﬂonal ly expenslve algor'H'hm slnce M+ coefflchenfs -
of 'rhe fliter have to be upda‘fed for each sample of the volced -

fr'ame (M+2: mulﬂpllcaﬂons, M+2 addlﬂons/subfracﬂons are

needed for each deaﬂng) and pHch analysls Is needed too.

PR . -

4.4 WIENER NOISE CANCELLAT [ON c
ﬂ?ls "nolsé ca..n_cel latlon technique due to :S_amiq‘ur' [36] make‘.s‘ ;;H;e
following assumpﬂons | | |
(l_)A Speech slgnél sn and the a.cidfﬂve héise"vn are wide sense
. sfaﬂonary random wavefor'ms uncor'rela'fed with each ofher.

"'(ll) Addlﬂve nolse Is broaci%d so that l+s ampll'rude specfrum_
3 ) o . '

~- %

s flat I w " %

wFL
Thls +echnlque uﬂllzes the fact 'rha*r the transfpr func'Hon of _
\ a leer 1'ha'f cd1 pef-fecﬂy Femove nolse v. from “the nolsy slgnal . .—».M..
N xn_'f‘ ;ﬁ + v, to glve the oufpu‘r clean slgnalA S, (i f Z-Trans'form of the .

clean slgaal S(Z) is krpun) Is: |

. _.5(2) s S B
Bp(Z) .- W . ‘ | S . . .,'.'._'(4£)
4'.4.} _NOISE CANCELLATION ALGORITHM L
In ml'inar r\olﬁ canceflaﬂon, 'l‘he unKnown. $@2) & V(2) are :e,sﬂ'm'a‘i:’e‘d o
" as: L 5 B K . M:‘, s 7 - Voo . o ) (‘ .
. Ao A& e SR B
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4

w

(] .
N.
R

g'(Z) = M G, o ' .. . : !:t.'t\'(.4!lll)-
) sz"J - (R .

. J=| »

and

V) =w - L ians(8,12)

B
L~
N
S
[

~ where dJ'; I <J <Mare +he iflne_ar prediction coefflélenfs.-b\ii" the noisy
speech x_ (see Eq. 2.1, - o - v
Using £qs. (4.10, 4.11, 4.{2),“+hé Wieger nolse cancellatlon fllter
Is'glven by: _ ) : |
, PR - Y
S N2
XD S+
4, .- ‘ﬁ‘&f .. s ‘ 'wialr

I o .
.

S :& B(Z) =

e
0

= SRE——— S W £

M S
% + 2 d. .Z"J' ) .
j=1 4 e

+ 20

. # Defining A 4'% *we have: o AR .
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\
So thd output of the fliter ts gf'ven.-b.y the fol iowlng recurslye
equa'ﬂoh: . |

- A )

5. = ‘I:;an - -I_-P:JZI d‘_J Sn-]

P : |

The only unknown in +h.l_s equation Is A = % , and can be | \

~determined as follows: | . | "’

*. " From Eq. (2.55 & 2.33),,Normal|zed residual(ghergy (NRE) Ist
. ' ' . " 3 . S~ . . . *

E 2 ! -
2 :
- E =_m____,[_ TI (1 - k,“) =NRE : Caeell(4014)
. " RO x> Jui J R _ _ .

»
.

From- Eq (4.1
¢33

1

'('52) + <>

=< 2> + W o D '&’ .
or L. .. o : - IR :
- (x ) _ (5 >.+ | » ‘/ ) _ o o -"75,'(4"5_)_, -

. Wz D~

il

=l

1, *
1 %

Now slgnal’ﬁ'o noise r'aﬂo is glven by:

-'._ SNR =" IO log'0 (52>

<52>/_ —M'% R L i (4.16)
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From Egs. (4.15, 4,16 & 4,14

2 2 2. SR | .
e & 8 X2 = wre) (10 194y e (A7)
W o W
| SNR -
= [NRE) (10 10, |)]'/2 | | : evl . (4.18)

Sambu'f [36] suggests that A can elther be updated adaptively for
each frame of.flixed length by Eq. (4.18) or a p'r'.e--senL constant value of
‘A can be used. He concludes that for 15 db additive nolse condltions:

(1) the best value of A occurs In the range’ 0.3 < Ager < 0.6,

(1) value of M = 2 Is preferred to M = 4, . » e

. 4.4.2 RESULTS oL . | i

’

Based on the Informal percep‘rual listening tests of the processed
"speech the r‘esulfs can_be commen'fed as follows: - ,i "

(1) lnput speech specfrum Is approxlmafed as the noisy speach

4 ) spec‘rrum whlch Is-true only for' hlgh SNR or low nois'&' For |
low . SNR or hIgh addlﬂve noise,. The sugges+ed 'double' Wlener
nolso cancelfaﬂon by passtng 'rhe output of 'l'he f?rs*l' Iow
order' Nlener nolse canceHor to fhe seoond simliar nolse
cancellor removes much of the slgnal lnfonnaﬂon alongwi'rh

/ nolse (Sambur [3611 I-bwever, lncreaslng M from 2 o 8 shoved

stgnlflcanf lmpmvamen'f tn 'l'he “results for 0 db addH'lve noise.
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) Updaﬂng' A adap'llively for~ea&;h frame or uslng‘ pre-—se‘l'con‘sh‘.
value of A (0.5-0.9) for 0 db noise gqve . comparable

' resuus.. Eq. (4, 18) requlres that” for upda‘l‘lng A the

expec*l‘ed signal ’ro nolse” ratto SNR should be known. A

.a

car'eful Judgemen'l ‘lheréfore, should be exerclsed In selec’rlng
expected SNR, -
CHin) - This is compul'a'rlonally less expenslve algorl'lhm +han

\ R adaptive nolse cancella'llon since caefficlents dJ (l‘N J<M
: ' are to be upda'led only éhce for each frame Jrch anal_ysls- ‘
Q ls needed and Iesser coefflclen‘rs than- A, l'; requlfred‘ .
for comparable resulls. I

i

%_ AVERAGE NOlS gﬁNCELLATION

This l'echnlque,‘" (see l&ppendlm C for de+alls) Is slmple to undersl"and

< ‘$

and . is dlscussed Jus* as a bench-—mark lechl‘ﬁque ' A careful

. 'obseryal'lon oh. the. wavefoms of a clean slgnal sh and 1'he addlﬂve nolse v,
raeveals 'rha'r “l'he nolse ls changlng a lof more rapldfy (valferrnalely

becomlng posl+lve and nega‘rlve) Than clean speech (Flg. 4 4). Moﬁ'e

Speclflcally, the zero crosslng ra'l‘e of ‘l‘he nolse Is much more 'l'han fhal‘

.of the clean speech. ; Thls leads to. +he conclus lon fhaf fhe slmple averaglng

of fhe nolsy slgnal x over *lhree consecuﬂve samples can perhaps ‘caneel

. , ou'l' some. of 'rher rap'ldly varylng notse oomponen*l's durlng fhls process. .

: cal ledq'Smoolhlng or 'Average nolse cancella'l'lon'

PO . S oo (S

. S ..
SO R T o S ’ o
C R T T el e ’ N
X - CM e
2k
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4,51 NOISE CANCELLAT!ON ALGOR N THM

In AVerage nolse can¢ella+lon, the clean- slgnal can be esflmafed
. + ( V
as: . o

| ‘ ,
5n .:3!; Z x(n—J); 2 <n < N~{ 'l ) .....(4_.‘9)

where first and the last samples can be taken as:

/
-

3 =0.5xn); n=14&n=N \ v (4.20)

4.5.2 RESULTS

) Thls a]gortfhm Is very simple and fas+ because ] pf*ch )
perlod and/or any coefftclen+s are +b be calculafed We only
requlre 3 addltlons and one dlvlslon for each clean sample §
. (tti The nolse~cancelled speech "appeared" to be more ln+elllglble than

the nolsy speech during Informal percepfual'l[sfenlngpfesfs.

4.6 LINEAR PRED!CTION NOISE CANCELLATlON

»
/

tn +hls proposed fechnlque, the. currenf clean sample ls to be
'esfrmafed as a linear comblna*lon of the- past M.nolsy speech samples ug{ng
some coefflclenfs simtlar to L, P coefftc!en+s as the welghflng coefflc!enTs
|

lrand hence the proposed name 'Llneer predlcflon nolse.cancellafton‘. B

4,61 _NOISE CANCELLATION ALGORITHM LT o

'

‘Deflne the es¢[mgfe of.+hefcleen'53mple €or volced_f}ameias:
- . ‘. - . :'"‘- . ’ ", \.' ) . ‘ . ‘ .‘ ‘ B
g = d, x IR . . - T eeeds £R.218)
p"~1£0 J =y - Y | RS SO



.

CES
N

7

’! and for unyotced frame as:

g =C 'x | ) . . B - N a.-..(“.;.’lb)“_“

where T |s fhe pltch perlod and ¢ Is an arblﬁary constant (0.1 < c < {,0).

Multiplying Eq. .(4,21) by Xh-—k~f & summing 1t over n:

, Me i , ) . . '
) ' v‘s » "K‘ ) o s e v (4 22)
. ,)1: JEO J -J n-k-T : E N k=T } ‘
- \
Assumlug that +he stgnal sn and .the noise v, are uncorrelafed the

- R. H S. of. Eq 4, 22) can be approxlmaied as

<xn ?fn-ij*? = <(sn + ‘vn)(xn_KJ)') . | .
= Cs xﬂ--k«T)v'+ | <jvn‘ Xn-k=T 2
= <§ x"'k"Ty . . . . .'-f. (4 23)
R
From Eqs.(4.22 & 4.23)}
- - - i ' o ‘ "
E »JZO T Y=g Kookt T E *n ,"n-k.'—:r‘f" 9.‘.‘95.'_";' S e2a)

-
Thls équa‘HOn Is: of fhe for'm of Eq. (2 8) characfar!zlng Hnear

',predtcﬂon of speech For de’mrmlnlng fha coefftclems dj,*(‘;o <] < M) by

- Aufocorrelaﬂon m'l'hod (sec. 2 30 e wlll be lead ’ro a se* of equaﬂens

: T . ’\}‘,'.
slmllar 1‘0 Eq. (2 20) as: - .;- _. L B !
I q R (lJ-kl) aR(k), 0s k < LR S e



?
T
f . s )
where the au'rocorrelaﬂon coefftclents of the . above equaflon will be
| speclfled by (see Eq..2,22); 3 ff ] o P
-1 | : L
'nzo X X pameti 0SMIM o e (4,26)
. " . | q
The set of the equations (4.25), In the matrix ‘form wlll}be\:
ROO) RN R .... RM [ Re0) |
R - ReS RCD ... - RMM=D)| RCH | - - 4
R(2) R RO ...» R(M-2) R(2) | - :
, C o verro(4.27)
deon ‘;.' ..'v. ":/. .....' LR B N ]
R ‘”g‘(m—n RM-2) ... RO | a1 | Row
‘ Lo ’.;:-'”..‘. s ‘ 1%, ‘ SRR B J
- The (M+I) X (M+l) Tpelez mafrlx of L. H S. suggesfs that fhe set- R
s of the equaﬂons (4.25) can be emclenﬂy solvedﬁfa ENCES RS by
| o Levlnson-Robinson rocurslve algorl'rhm (&ppendlx A) e N
Ty AR & . o e
T 5 - L . rr,,s RPERE >k ; S
! 1 . . Co .' ) ‘ 4_ L e '.. . -\4? co . : - L .
41462 RESULTS,‘ '-"-'f'""-.'*a' ” NI
' ", .. The parformance of Ilnear gmdlcmwfﬁa‘caii ndellaﬂon -algorithm
‘ was examined for various vaiues-pf M‘Befween 2 to l4 and “r varlous.{ : “:
0 b-d T g

values of ¢ behveen 0.5 to l .0 Cin S‘heps of 0. l)’ Thg porfopmme was .
¥ RUN

“also examined by using- average nolse amcella‘on Instead of Eq.. (4, th) S

for unvotced trames alugwl'rh Eq (. zrﬂ. fbr vaieed frames. ':nf.em'a . -

B

percep+ual Ils*l‘enlng hsfs led fo 1'he followlng resuH'sf

E I



- o A -. o T - N 2
L S
: | "‘s..&'».-‘. » _} R
o - V':u') ¢ = 0,5 gave resulfs as good as when Average noise
. o ' cancel la'rlon was trieqd’ for u?yolced frames. Values oy:ga *ﬁ ﬁg;
-« oither ﬂ'oan 0.5 gave resul‘;s‘ﬁferlor to those for ¢ = Og T
o o (n- créaslng M from 2 TD 14 In sfeps of 2 dld‘nof exhlbif any 1;/

£
\

o . . r?orfable lmprovemenf in noise cancel[a@

(HI)Q "'he “overal i’ resulfs of fhis’ algort'rhm rlng‘compara+lve

percepfual Ils*t'entng 'resfs showed that. ‘rhe nolse-cancella‘ﬂon

, capabllH-y - of. 'rhls 1'echn}que ls not - as good as Adapﬂve e
KA i e wbe _ N
o 'N.C. or mener N.C. T : :

' The probable Jusﬂfloa‘Hon for sut:h parfom-ucabf fhls algorlﬂh

s fha'r wolghﬂng coefflc?enfs d (0 <J ;Iﬂ m no1' defermlned by an

a . .

AN

M 1'hls nev ?echn{qu&. ‘Nb currerlf clean‘mpie 1s to be estahd ,

error mtnlmlzaﬂon crl‘l‘erl& as ln fhe tiasslclal H predlcﬂon analysls o
. v « :
@ud j:ence fhe oor'noé’f'gess and effectlveness"‘pf dJ's. nolgse cancella}lbn

F ‘0’ st ques‘l'lonwle. i "’f : L '.,
. B SR R o
S ".f R ‘ . \,.- ¥t . ‘. B ‘.

. g Y . . 1 : “'-e', : . . - . ) ; . ; .

EE R ) DELAYED LmEAR ?EDI 'm& Norss qmcsi.mnou ’ ’; R

v
S

[

ll a,s a Hnear cowmaﬂon of fhe pasf M nolsy spaech sanples delayed by
' _' won_e*p_l‘rch perlod T- u.lng mlghﬂng coefflcienfs defermlmd by solvlng
L a so*t of Mnear equaﬂons slmllcr “to- those ln 'tho ctassloal llnear

-

~|4"

” pradlcﬂon analysls and h’%nce ‘rhe proposed namé 'Delayed Ilnear prodlcﬂon ‘

v notse canoe“aﬂon' ] e
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‘ 4.7.1 NOlSE %LATION ALGORITHM -~ 7 .
;‘ "‘ & #
) | “ ST Deflrw fhe esﬂmafa of the ‘cloan sgmple 'forv volced frame as:
. ¢t R ‘ . | v
[ RO ‘ L v 4328)

L . : - o . : ‘t*?t
., .

(
* d R I - ¢ r "'"(4 29
. ' ' \‘;ﬁ' R ' .p e B )\’

“ . * *
)('l'!d'

where ‘~T l#ﬂye ealcula'red pHch pe ng c I}’qén a.rbl#rary,';&onsfanfr ‘ - '

e

¢ (o Tf*c <r 0) N ' ..,“é'?{_._ . N )
: . .. w“ s L Py .. : ” R .

LT Esﬂmaﬂon cr'ﬁot‘ per Sampla ts: . ,':I"‘,\u&uf S

¢ . e \ ' o P : .~‘..;‘. oo '»
. N B * , '
. e (4,30
4 [} ‘ t. \ - . )
I el AR
a L e -« -5 .
i - L .
= s :‘

e U )
- ey, A i
DIRRCALRA r;.....(4 3|) <

~ / s .?'
_; . MlvnlmIZaﬂon of 'rhe 'rofal squafed error, he? '_(ok K < M) . o
laads fo  -'7 Y S e
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,
b ]

Xkt = Lis +v) X o7 2
. SR q A o ' :

vev(4.33)

) ..a..(4 34)

EN
o
T

S j

4‘

’ . , : / ot
Y ﬂ;or defer-mlning fhe &ff@lenfs dj' (0 <,j < M) W ku+ocor:elaﬂon -'

d%fho&(sec -2.3.1) wetﬁu be 1ed m@. .;@;_;;\.1 o o

“.%"*n'_ 2 uJ §(|J-{<|> -,G‘(k,):_f;. (,o ;k _<_-M) A 5..4,.&;:{.3_5)_ f

. L e .
» . ) - - R R -y ‘ ) LAt
. . s . ‘ — . . - L . .~ F. . R <33 J

.

-~

2 22)* can.‘be speclfled tpy
., 'v';**' ‘ ) - - . . ! . - . . . ".
hﬂ'. B 'éw N m-; R - v . b_ : ) ; . - , . '0’:
Jand G(m) = Lo Xpamer? O SMEMo T ST O 7)

. ¥

+ - The set of equations (£.35) 1i the matrix form wiil be:




T g %

- .‘ [¥)
I S .
ud ' " v . - P“ -
RO)  RU) R ... RUM) dq 1 6to)
R(1)  R(0). RCI) e . F d, P g .
- . . Ve, ' ’
R(2)  R()  ReO)" 4, { | 62
. v-.‘a“. LI . e o0 * 000 . e o ; ) -
R RM-DCRMD) L RO) 4y s | "
» L s : d L L ]
' S (4,38)
- e

_ The (MH) x (M) apatrix IOD L.H.S. is a Toele'z ma‘rrlx Hence | Iv‘
-fhe se'r of these equaﬂens can be eﬁﬂcienﬂy solved for dJ (0 < J < M)‘w '
"bﬂ’Levlnson»—Roszon recurslve aﬂjgr( hm &pendlx A)\ o gk

- » Eal

’ @ “‘ . : ' 3 -' 1*"-.., ' ’u»_ P A ,
St 4.7:2 RESULTS . ,'_. . }' T e
- SRR The performance of fh‘Ls 'rechnique was examfnbd undef? condiﬂons T e
.. * S
"% menﬂonedJn the opening para of. sec. 4, 6 2 for Ilruer prechﬂon nolse B
" 4 q % K
f" ncel laﬂon‘, lnfor'mal percepfua1 Ils‘l‘ening tests lead +o 'fhe fol lowlng R
: e 01 e ; T
w ‘resuH's @
[ ‘\‘ T R IS B
‘ (i) £= 0 5 or Average nolse cancel Iaﬂon for the goiced frames
A VAN on "ﬂ"e
, ,if': P gave the best resul-rs‘.‘. SR ¢

.

ST Me ‘uas found +o improve 'rhe r‘esuH's +ham.M < 8 and
i

..!,
{

. | | _ "" . L lncreasr’ng M beyond 8 didn"r show any signlf!cant lmprovemen'r
e ‘ - o ‘
7 /".the resul*l's. B v L,

¢ = ‘s -"' - T )
’

- "! B H) Ou‘l' of fhe 'rwo new nolse c:nceHaﬂon ‘rechr‘l'ques derfved
. ln fhls Chapfdm delayed llnelr pt:edlcﬂon nol%o cancol '“{%&’%
m:*m hns:r rosui;rs. Thls m ewqu slﬂce 1'he wfghﬂ

aoefflclenfs were; defemlnea by ﬂmn"eﬂcal Ly seund crmna
N { ( ] ) A o
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of error mlni,nizaﬂon. .
(iv) Compufaﬂonally, It iIs Iess. efficient than W.iener nolse ¥ \
2 . cancel lation since It requlres pitch analysis but more

effk:lenf than Adapﬂve noise cancellation since coefflclenfs

~

. " are. to be upBated only ‘onqe for a frame rather than for each .
s ',_. .: . l‘ ’ ) ) , fohe
. Q samp le. LT , _
T LA : C SRR
. w S ' v
4.8 SUMMARY | o ‘ |
i ' ’ R
In this Chapter, 'fhree exis‘Hng and fwo new techniques In nplse ,
)“,"-"%', -cancel lation have been di‘%Sed ' Tag ,:esuH‘s can be summarized &s
‘ follows: . \3’“ "' T Ce
K Wy Adap'H\)e nolse cancel laﬂon, linear predicﬂon nold :
/ ~ . ) L . ‘ -
i o R
- and delayed 1inear predlcﬂ!n nolse cancellaﬂon requ e 'ma
£ . oompufaﬂonally expensive pl'rch analysls \lhereas WIener noieo
S - w“ N ) *
o~ cancellaﬂon and average nolse cancel lation den't ( SIFT
o )
/ T algorlfhm for p“ﬂib analysls.was used , . wheneve?‘ needed) : :
. i . .
@N’ / ooan T.ak‘ng 1ntd conslderaﬂon the qualH'y of fhe gnoOessed speech
. K . C o
h / " and 1‘he compu‘l‘aﬂoh l?ad Involved fhese 'I'echniques can be
EE=o :raoked in osder of merlf"a; follows /\

. N a) mener nolse cancell{rlon (WN 0.y ‘_‘ﬂ'—’-@*

b)) .thyed Hneer predl\cﬂon nolse cancellaﬂon (D.L. P.N C. )

‘- X . .."
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Ceiee.(4.40c)

:‘\

- ™~

These +echnlques have a sl‘ilar fea'rure ln +ha+ all of

these eﬂma‘re the clean sampie § by sub'rracﬂng the esﬂma'l‘

£ - Q

of the noise (say °‘2’ where a2 Is a Ilnear comb¥ on of some

W
samples other than the cuf‘renﬂb nolsy samp le ﬁ) from some& 8 M

fracﬂon (say a )] of ’rhe curren+ nols iﬁple X suc‘h fha'f f'he

¢lean sample estImate for{ aH Thesq: techniques can be »<

%
-\ g
9]
[ A

- o . _,]. . ) l : L -
c) Av..N..('}..'..u =3 6y -3C x(g=1). + Ax('n+_.l)]

\.

. ?j=llj " &
D L”P.N C u ’(o = 2 z d x(n-J-T)’ e

Y ..

- a.zf .

~

e

(4 39).
’Q\'
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.« v. . U incressing M'frel 2 fo 8 for AN.C., W.N.C.'8 D.L.P.N.C. |
_',  .\ A — :&'lnproves +he resuH's and Increaslng M beyond 8 doesn't ,
A A ! ’
T - hslp ve(y much. Av.N. E doesh* + uﬂllzs stich coeff&clen*rs ‘
3 “ ’ . .
-and L.P, N 8. "ls tnsans,l‘f"Wea +o*lncrease in M fr‘om 2 to I4
» .

M =2 .- . . & \
B _:‘;g " slnce w@gbﬂng coefflclen'l's are.mo‘r opﬂmum. Flgure 4.5 shows i

r\o’lsy speech samples wl‘l'h .slgnal ,;o nolse raflo (SNR) equa} to

. & 4 :
CRPRE e O db and’ Flg 416 show‘s tbeispeechfsamples, -nolse-cancel ﬂed by
T

P S > L .PiN. g Nol;e-cgncelleuspeech ,!:n 'fhé* f&re "appear'fo )
. . : o N RSN a'ﬂ "
" ) . ®
Nb«:kumgbr‘e_ﬁlegn ~H*\ap ‘rhe golsy speech e e
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5.1 ‘INTRODUCT ION

oo CHAPTER V

LINEAR-PREDICTION ANALYSIS & SYNTHESIS OF -

L

NOISY & NO|ISE-CANCELLED SPEECH

-

Y

'Th'e' compbu*l'er simula"l'loh of fhe'nol.sy speech uﬂil‘lzlr‘l'g two dlf}eren'r

_noise sources has been discussed in the prevlous Chap‘rer (sec, 4.2).

4 G
speech with dlfferenl ignal to nolse rarl'lo (O 5, I-O db) wl-ll be’
repol'fed.v" | } T “

The nolse’ cancall ’ech’plques Fo caneﬂ‘ ou“l' the ’ unwmed

this Chap;l'er, resul*rs for llnear predlcﬂon analysls/syn+hesls of nolsy

In

additive nolse wi'rh unknowr sfaﬂs‘rlcs froa: 'bhe ansy spee&l ﬁave also

been dlscussed In the prevlous Chapfer isec. 4.3 to 4.7

Resul‘rs of

llnear predllcﬂon analysls/synfhesls performed on nolse-caﬂcelled speech

wlllbe

reporfed in. fhls Chap‘rer.,‘ . -

-3

‘»

» .

. Most of the research in llneargre'c,l c&lﬁ syrrthesls bg the- clean

speech from the nolsy speech Is focuj ed on *flrsl' cancelling ‘fhe no{se fnom
fhe nolsy speech . uslng nolse canoel la‘l‘lon fechhlﬁps and +hen perfqrmlng

Iinear predlcﬂon analysls/synfhesls on ‘l'he nolse-cancelled speech -
fhe ~oonp4 udl |
dlfferenf angh and consequenﬂy le l'oplc. has boen sugges‘l'\ed for fﬁum

rosearch. N NI S =

in

sec;ﬂon of- this ihap‘ler, ‘l‘h«ls problem ls looked a‘l‘{f-rom a

3

2.

\



5.2 NORMAL EQUATIONS:

Normal equa+lons to be solved for Ilne¢r predlcflon coefficients

aj (I <y§ < p) for nolsefreo speech Sn

J"l

EEQePeprSaned by'(Eq. 2.20):

\ E a‘J‘ R (|J-k|i =~ R (K) - ."l"_<_5kﬂ.5_p

where the au+5correlaflon coefflclen*s arq)specified by (Eq 2.22):

R(m) =

correlaflon

ﬂ%l R(m)'

L

s

. R(m)

1s y fhe samo

' faklng auT@;

coefflclenfs (0 <m < p) as:
X x . (NOISY s#&%m>- e
o momm SRR g

: (NOISE—CANCELLED SPEECH) N U}

Slmllar changes (I e., raplac%

by x for nolsy spaech and by -

e for noise-cancefled speech) are towbe.made for speech syh#bﬁsis .

represeﬂ*ad by fhe folloJlng synihesls equa*lons (Eq. .38),for 0<n ¢\N-

. .
Vil
e
.

A

uf_([) Vplced soaads (N = 2P)~ L

E un = | for n = e n =,

O for n # 0 n # P
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_ P A o ; o | )
L '—.‘ ng gJ sn-J + vn | (ﬁ

an Un'voICed‘.sounds‘\-(N = 200): -t

8.3 REswts . 0t

. .-
. v‘ .’; . .
Remﬂnlng +hree parame'rers of *rhe llnear p:;edlcﬂon model were

ob'ralned Qy fhe me‘rhods dlscussed ln &A‘pi-er ll. The speech wae.p'rhen

synfheslzed usl ng Eq (5. 5) Tﬁs ln.f‘;mq“f percep'rual Jlsnnrgg fesfs .~.,
' '3roduced 'I'he folfowing resulfs which’ are slmllar ~ro ﬂxe resulfs repoHed ,
by other- speech rpsearchers [35-40 44—47] Im-'rhls aueQ. "‘ R . ' @

(i) " The Hnear predic‘rlon synthesis’ of ‘rhe nolsy spbech produced \
syn'l:.hes!zed spdecb much lnferlor to Jhat produced from ﬂ\e T
‘ nolsefree clean speech vof,Chapfer?l The ‘more the nolse, _",Vj‘\ Lo
ﬂ\e more degraded was, 'rhe syn+heslzed epeech. Mso Iesser fhe » |

nunber of poles. fhe more' degrSded was 'rhe synfhesizdd fpeé't:h 'J
3 (Hl The Hnear predlcﬂon sYnfhesls of fhe nodse-cancelMspeech

R pr'oduced syn'rheslnd speech inferior fo that produced from fhe >

nolsefreo clean speech but- #ﬁer Fhan fhaf produced from fhe o ‘\

L no;sy spoech Agatn. Iesser fhe number of poles, the more
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speech ' Is more close 'ro the parlodogram of fhe inear prediction

modet of nolse)‘r’ee speech than- that, of the nolsy peech. o+ ¥

{

P

- .‘ o I M - . Ca
5.4 suptf“ STED romc FOR FUTLRE RQSEARCH B '. i

-nolse bance“aflon fechnlques And +hen pertonnlng llnear pred}g:'l'lon

analysls/synfhasls on +he nolse-cancelled speech

'~_I“a¢echnlque fo syrﬁ'l\eslze claan spoech s‘rralghf from the. %\sy speec¢
"‘hy-passing 'tbe lnMnedlafe s+ep of mfsa cancel aﬂon.g,. o ;

!

i

As menﬂoned }n sec. s, 1, +he mosf of fhe nesearch ln unw- R
&

predt)cﬂf' :.:', ; 'yn'rhesls‘ of 1~he clean speoch froﬁ the nolsy speech Is

focua on flrsf cancel 1ing fhe"énolsa from fhe nolsy spéoch uslng

cp =

A
: "

A suggesfed foplc for fu*ur‘e*‘f‘esearch in fhls area ls fo doslgn
Q .

.

§anq prel lmlnary uork \nas yone In: fhls am’by fhe Mor as.’

]

N J.dlroc?sd by hls supervlﬁor. ﬁ:e rusuffs- ob'ralnep vmre nm' vnry ,
', . "'enc’ouraging ln fhe sense ﬂ»af th svn‘fhoslud spOech vpg,norb hvéelllglble

.' The an'rhor de Ms supervlso:ll* ﬂworefm. dycldod 1‘0 lncl g

" ‘enough when fhe synﬂ:osl 8 vas aﬁm*“ sffolghf fm fhe nois\ spoect;‘
"“."Homqr, fhe resul'rs can'f bo dbd,tﬂered 'l'ofallyA dl-sooumgl-ng ?oo slnee L

prellnlnary uork ln ﬂus ‘l'heéls ('sop[/ng fhaf ‘ﬂp

' ‘fh"l'm:".é mlgtg‘ .l,eg_d: '?Q-‘»i_o'rq"..g"‘l.g'ﬁl_.ﬂgéhf res&lts. .

‘Tha'fol’lquhm ls a brlef auﬂtno of

E uhleh a]-"f’_

”'\1:

pon
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1
The noisy speech can be represented as (Eq. 4.19:

.

. xn = sn + vn | P . o , eiees(5.6)

A

where s, Is .the clean speech corrupted by additive nolse v, and s, & Vn

-

.are assumed +o be uncorrelated.

Start with an equafloﬁ simitar to Eq. (2.4) for the predicted
sample §n, where §n has been estibated as a |inear combination of the -

-

preylous p samples:

E b Sp=g? M0 (5.7)

I=1 - -

Multiplying bofh sides by Sh n=J- -1+ the coefficients b' (I <1<p) can

be calculated by summing both sides over n (T is the analyzed pitch perlod)'

L]
)

from the equaflons

(

g I by s, Spej-T g s, s _ , e (5.8)

n-j-T

Consider,a simllar equation in noisy speech: —

I Jax  x .- =1 x X . een.(5.9)
o l. n-f - “n=j-T n n “n-j-T .
Us]ng Eq. (5.6), Eq. (5.9) can be rewritten as:
, _ P . '
E g A (Sﬁ-! * Va-t)ts h=J -T. p-JfI) = E (Sn,+ vn)(sn-J—T * vn-J-f)

ceees(5.10)
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Becaus‘.e.sn 3 vn are assumed to be unhcorreiated and vn Is assumed to be

zero-mean broadband nolse, the expected value of the tol lowing terms In

~Eq..»(.5.l9_)‘ I's zero: o - o "ﬁ ‘ : .
Cpet Va-y1> = 0

~”

)
S

< Yn-i Vl'\--J-T >

<‘vn-l Sn-J-T> ) .=, 0 ceee(5001) ° )
4 °
. LS, vn-J-—T> = 0 . ;
< Vn vn-—J-T> = 0 - o - .
. "ﬂ‘v’ *
<y sn-J-T> ) - 0 ' . e
- Solving Eq. (5.9) I's therefore equivalent to solving: K
4 ) ) e —
_ ) Ia‘ St sn—J-T = ] Sh Sn-j'-T - ) X (5,129
n ’i N -n .t
‘ . \\‘\ . . .
From Eqs. (5.8 & 5.12) we see that:
- a; = b 1 <i<p T veres(5.13)

»

) : A
Theoretical ly, fhér‘efore, 1t Is possible 1’6.syn+heslze clean .s‘pe‘ecﬁ"'

(Eq. 5.7) by solving the following equation which Is same as Eq. (§.9').f'or

a'(lilip):‘\_} - ,‘
: E 2, R.(|1-]])

I=f-

RGN 1sysp RO CALEE



o_<_.1‘n_§p . | o ee%(5.13)
.' The Toeplitz matrix on LHS ‘of Eq’(s 14) suggests the usage_ef
Levlnson-Roblnson recurslve algorl'rhm (\Appendlx A) to calculate a 2,
(I <P <p) efflclenfly. The other three parameters of the mode | >
(Gatn, FV/UV dec‘islon, pitch) can be defer"mtned a§/dlscussed in Cheper 11
and the speech cam be synthesized by’ using Eq. (2.3é) O’f Eq. ~(5.‘5).~' -
- The poor performance of the new *‘rechr‘ﬂque‘ cén probably be
accounted for by the fol Iowing reasons: | AN
(n A.ssumpﬂons‘l of Eq. (5.'I‘I|) ara not error-frée.
(i1) The aJ'-sfare’ not calculated using any error minimization *
crﬂerla. An aﬁempf to use error mlnlmlzaﬂon criteria of

Eq. (2. 7 will lead to :

‘ - = . ;| ‘ - . 3
E igl b, _x’T-' xn-J g *n xn-J f.J p (5.16)

which obviously Is the equation for |inear prediction analygi's/'syﬁhesls

for noisy Speech ‘itself and not the one for analysis/synthesls of the cleanv
. N 1 N N P ° . ' ‘ ‘ -

speech we desired to obtaln. :

1

—
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" SUMMARY & OONCLUSIONS N
S : T

The objecflve of this uork was fo examlne the performance of
llneer predlcflon analysls/synfhesls of . nolsefree, nolsy & nolse—
cancelled speech to lnvesflgafe Adapflve nolse cancellaflon & »
Wiener nolse cancellaflon techniques whlch\ere clbseJy rele*ed to |inear
Predlc*lon and f;nally fo derive some new *echnlques ln fhese two
fle)ds namely |inear predlcflon analysls/synfhes1s and nolse cancelleflon
ln%ﬁeed‘l slgnels '

The quality of +he .processed speech was Judged byufhe lnformel

percep+ua| Ils*ening tests fhroughouf fhls work; al+bough mainly due to

‘the absence of any other feclllfles for speech‘jesfs in out Digital stgnal
' o processlng laboratory, yef oonsrdered fo be. the bes+ criterta bx fhe author

slnce fhe human ear, above every?hing else, sflll remalns to be +he declslve
mechanism for fhe perceptlon of any speech, wha+soever. Addlflonal lnslgh+

has been provlded by specfra! characferls*lcs~perTodograms‘where the Iog. '

. magnlfudes vs. frequency have been plotted.

The origlnal contribution of this work lncludes four new fechnlques,‘
o
two In the Hnear- predfcﬂon-anmysrls/syn'rheﬂs *a/\d -Wo~ n notse
cancelle+lon. Some slgnlflcanf modlflcaflons suggesfed In the exlsflng

- -

#echnlque of Adap+lve nol'se cancellaflon can also be considered as the

xorlglnal confrlbuflon fo SOome ex*enf especlally because to the besf of

. A .8

i
!
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our knou]edge, thls work seems to be first: major af"'emp'r concenfraﬂng

»
L4

~on fhe ?horough lnves?lgaﬂon of this ~I'ec:hnlque: slnoe 1t was flrsf
“publlshed In 0c1’ober |97a (éambof 5P, I
The secondary COntrlbuﬂon, though equally I\ﬁporfanf ls the r*ema!nlngq
portion of fhlt work whdre fhe results achléved are in accordance . .
~with those achleved by~ the etherJspeech researchers.
. In this work, the followlng equtpmen‘l' a+ the Dlgl'tal signal processlng
Iabora'f'ory of University of Windsor have been uthlized: .
I DATAGEN NOVA 840 MINI(DDPUTER (16 bH' word leng'rh) |
<« 2 . @TUSTIN x-l500 A/D DATA SYSTEM (A/D' 14 blf D/A: 12 Bit)
. 3. KROHN‘-HlTE IVDDEL 3750 VARIABLE FILTER (0.02 Hz to 20 kHz)
-4, HP NOISE GENERATOR (Nolse bandwldth up <o 50 kHz)
5. CROWN TAPE RECORDER.(ytfh.?Iﬁ‘STém,Aanlfler). :
“The maln contributions and conclusions of this researcf\ .can be

summarized as fol lows-

6.1 LINEAR PREDICTION ANALYSIS/S‘?N'HESIS OF SPEECH

. No. of poles p=121s sufflc!enf to. provlde an adequa?e
‘ represen‘l'aﬂon of speech slgnals. E AAngh‘f degradaﬂon tn_
fhe quaIH'y of the syn‘l'heslzed speech Is noﬂceable ‘'when p I's
decreased Q'8 ahd alﬁough ‘poof Th quallity, spoech can be
syn'rheslzd w*p -8s lov as 2.

2. A Hamnlng wlmiow In the aufocorrelaﬂon me+hod lmpreves

s

resul'rs ﬂ\an 'Ihe Imltclf r-cfangular wlhdow



’ A
3. Duwe to the ‘limltatlons of the simplified all pode model,

the quatity of‘+hs"n3351;7p165176“aﬁd‘V&ICéa"?fYééflve sounds

s not as good_a$ that éf the vofcéd, unvolced and neon<nasa! .
,"‘;? sounds, o Coy
4.' The new ?echnrque Odd sample Iinear prediction ha; been
derived- whlch wlTh P=§ and consequently less compufaflon,
| “is capable of producing rQ§ults as_good‘as'fhose produced
by the élas§lcal 11lnear.prediction wlfh p = l2. ,?\
.5', The new fechnlque Even sample llnear predlcflon has been
derlved The synfheslzed speech lS~lnfqlllgib|é enouqh, but
. not as good as the classical l{neér preJ1c;fon results, due

- to the nature of the Even sample |inear prediction model.

(6 2 NOI!SE CANCELLATION TECHNIQUES

I: - In AdapflVe nqlise cancellation, the better resul*s can be o

-

p 3chieved 1f the estimate of the clean sample ; ‘Is-taken as _,

haif of the nolsy sample (§.'= 0.5 x), lnsfead of s = *n'
sugges?ed by Sambur [35] Also regprdlng s?ablllfy facfor &&g
"1t can be cdhcluded that as long as B is within the suffl&!enﬂy
small range of |0 -7 'ro Id , the quallfy of ﬂ\e ﬂltered@peechsﬁ%
Is Insensitive to ‘the exacf vafue of 8. .‘ ‘
2. Wiener nolse cancellaflon (Sambur- [36]) is the besf ol se ;%r
b, cancellatlon 1echnlquc out of all[fhe nol;e cancella+loﬁ ér e
. fochnlques ldVosflgafod'or derlved In fhls work crlferla belng
- o o

4 .

4
LI

‘ ,
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+‘$l - <o . 7 ‘ \ .
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\ .

tho(qua!lf} of the processed speech and the compu+a?loh load.

‘A theoretical Ty sound, d%W'ﬁb1§6 cancelfation technique
. ) .

'6al§yed linear prediction nolse cancellation' has been derlived

‘whlch ranks betwsen WIener'nolse“can&ellbflon and Adaptlve noise

cancel lation. A

-a

Another néw nolse cancellation technlaue 'Lingar predictiqn noise

cancel lation! has been derived which' Is not as efficient as the

other three nolse cancellafion techniques discussed/derived in this

’

work slnce'ho error minimization criterlia wés exercised In Its

derivation.

NOISY & NOISE-CLEANED SPEECH '

N

The:quailfy.of | Tnear predictlon coded speech'Is highly degraded,
‘when performeq/ohlspeech sfgnal‘corrupfed by additive ndlse;'
improves when performed on nolse-cleaned speech but not as-good

A _ : _ ,

as the performance on nolsefree speech.

-
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APPENDIX - A
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¢ ‘ . . »7! . l '

< LEV.INSON-ROBINSON RECURS!VE ALGOR!ITHM

1

in Chap;rers l'l to Vv, 1t hlas been n(enﬂoned\f'haf If a Toeplltz
matrix is ln;rolved, ‘rhe compufaﬂona.l work\r_efqulrted to solve a set
of simultaneous equafldns Involving Toeplvl'rz mﬁrlx can be reduced by .
taking advantage of the speclal properties of §uch a matrix. The
o}fflclen'r‘soluﬂon_ Is provlded by Levinson-Robinson recursive algorithm
proposed by N. Levinson [15] and reforinulafed for compnfnfer programming
by E.A. Robinson [563. | | |

A Toep |1tz matrix h;s the spéclal property that i+ 1s

. symne"l‘rlc and all elements along any given dlagonal are equal A ‘p X p

Toepl 1tz mafrl'; of the form: &
“Tre)y R R ... RGpeD
[ ] .
R(1) R(0) RCH ..., R(p-2)
(Rl = |[R(2)  R(D R(0) R(p-3)

R(p-1) R(p-2) R(p-3) .... . RED)*

Clearly it does not Involvé p “distinct elemsnts but only p distinct '
elmn#s R(j) J=09, | 2,..,p-l' ’

Suppose we want. *ro solve ﬂ\e following set of simultaneous equaﬂons

(called Normal equations):

A\
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BRO) + (D + .oy
2RI + &|R(Ol t i t o

LK IR BN BN ) ‘l ...... LR ) L] . ‘i‘»;.;‘..
2RG-11 + 3 R(p-2) + ... '+},p_| Lot (AL2)

A}

&here aJ (0 < J < p-1) are the only. unkn&n quahﬂtles (in oug case |inear

predictlon coefficients or some other similar coefficlents). It means

v.m-‘hlve to solve: '
[RIA] = (B8] : coene (AL3)

where:

- \

[R].= p x p Toeplitz matrix of Eq. (A.I)
= : D U ’
[AJ = Column vector [oo, a, az,...,ap_'] o
‘ T
[BJ Column vector [bO’. b» b‘Z'ﬂ'"'bp.-l]

\
—_— -

Starting from the Initiai oond{flons:‘ A . ’ .

= R(0); B,.= R(I); &, = f/a(m;vo = 3gR(1); at_step'n=t]

foo™!s @ = 8o 00
-we proceed recurslvely according ~ro fhe Flou'Charf (Fig. A.1) from steps
'n=2 to p and the flnal values ob‘ralned 2
#

R e—j_nm-él;u- ..... , ’p,pr—l-
' S %, .
represent the desired p coefficients '°_] 0 <j <p-N. t

a R(Jj ) b 0=j< p-1) In the above descrlpﬂon fﬁ represenfed

In the flow charf by:

fJ', Rp» 6 (1 < J <p); Pespectively .. and should not be confused
either with each other or with the similar symbols 'In Chapter il to V. -

~
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GENERAL COMMENTS. ) ‘
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¢
B.| SPEECH .

-

For &n adult male voca! tract (= 17 om.), 3he first three

unconstricted resonant froqooncios generally fall at abou'f

f, = 500 Hz, 1, = 1.5 KHz,. f3 = 2.5 kHz ['10]. though he

~ higher formafts (resonances of the vocal ‘tract) do contribute’

to produce épeoch sounds of acceptable quél‘lfx. perceptual ly

only the first=three mentioned above are ! ortant In

"The simp.l I,’t"i'ed, al |-pofe model Is a-natural representation of -

determining the sound that Is hesrd [10,12,8,9, 1. .
2. The speech spectrum typically rolis off a$ -I2 to -18 d8/
octave from about | kH2 on [17,12,8]. | ' .
4’ ' N ’
. S N | \/‘\)
. B.2_ SIMPLJFIED ALL-POLE MDDEL L

non-nasal voiced sounds, but for nasals and frl\c,aﬂvo sounds, .the -

detalled acoustic theory calls for both poles and zeros In the

yocal fract transfer funcfﬁbn "
- Rabiner & Schafer, I_'e:l/p 398.
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have béon\phrposely obf&ﬁ&ed “The reason for fﬁls:ha; been poinfed~
-out In Adaptive nolse cancel lattbn (sec. 4.3.2) that the nolsy
speé;h X, de]ayed by éne or two plfch perfods is highly correlated
~withrthe clean speech s but Is uncorrelated with the additive nolse

vniwh1ch leads to nolse c¢ancellation during, the solution process

"(as In A.N.C.).
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