2.5 Linear Prediction Coding (LPC) of
Speech Signals

Speech Source M odel and Sour ce Coding

e Concept
EX G((D),G(Z), g[n]
Excitation u[n]_ Vocal Tract »x[n]
Ge%efaTmr M{"’; x[n]=uln]«g[n]
parameters parameters
- digitization and transmission of the parameters will
be adeguate
- a receiver the parameters can produce x[n] with
the model

- much less parameters with much slower variation
In time lead to much less bits required

- the key for low bit rate speech coding

e Analysisand Synthesis

Transmitter
)ﬂ, Ana]ysis[>parameters—> Quantization ——»
...11011...
Recelver Synthesis

...11011... X|n
—— Decoder —»Par ameterq;’) EX —bf G(2) —[>]

- High computation requirements are the price for low bit rate



Speech Source M oded and Sour ce Coding

e Z-transform Representation of the VVocal Tract
M odel

- Z-transform

X[ ] <L>X(z) :nix[n] z"

smilar to
X(w) =Y x[n] e’°", z=¢l®

X[N—K] «~%— X(2) z

z = el®for discrete-time
z = el®Tsfor continuous-time

5 ax(nk +— X@ [ ¥ az*]

X(2) , X() , X[ E'((f))) Y@, Y (@), y(n)

h[n]

y[n] = x[n] * h[n]
Y(2) = X(2)H(2)



Speech Source M oded and Sour ce Coding

- Vocal Tract Model
u[n] +kZ_1ak X[n=K] = x[n]

G(2) = 1 _ X(2) |
1-yazs U@

G(z2) »> G(w) with peaks at several oy called
formant frequencies

- Thisturns out to be a reasonable model for the
frequency response of the vocal tract

{a&} : Linear Prediction Coding (L PC)
coefficients



Speech Source M oded and Sour ce Coding
e Speech Source Model

unvoiced G(2), G(w), g[n]

random
sequence u[n] 1

gener ator Bﬁ_@—»— G(2) = P
1- Y az"
k=1

e

v/u Vocal Tract M odel

& voiced
N

Excitation

- Excitation parameters
v/u : voiced/ unvoiced
N : pitch for voiced
G :signal gain
— excitation signal u[n]

- Vocal Tract parameters
{a} : LPC coefficients

—formant structure of speech signals

- A good approximation, though not precise
enough



L PC Analysis of Speech
e \/ocal Track M odd

u[r] +k§1ak X[n—k] = X[r1]

e Linear Prediction
p’
d[n] +kglv“vk x[n—k] = x[n]

uncorrelated  correlated with
unpredictable previous samples
statistically

! !

u[n] +k£13‘< X[n—K] = x[n]

—> »(D : :
1» Zp'v’bkz'k :TV_ ) % S a2 f

k=1

— iIf G(z) isagood model andif P = P
iV previously obtained will be good estimates
of ax
a=R'r, a=[a,a,...,a]
. and g are time-varying, obtained from
local statistics

different LPC algorithms exist for computing
{a} , d[n] can be an approximation of u[n]



L PC Vocoder (Voice Coder)

transmitter
x[n] {a}
L PC —
N _ [j> N.G E> Encoder
AnalyssT? 0 .. 11011...

N by pitch detection
v/u by voicing detection

recelver
{a} g X[n]
> Decoder [j> N, G j> Ex —» ) -
...11011... v/u

{ &} can be non-uniform or vector quantized to
reduce bit rate further

Ref : Chap 21, 31.8 of Gold

3.3(3.3.1upto 3.3.9) of Rabiner and Juang,
“ Fundamentals of Soeech Recognition” , Prentice
Hall, 1993
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