The Prediction Error Signal



Prediction Error Signal Behavior

- the prediction error signal is computed as

e(n)=s(n)- iafks(n — k)= Gu(n)
k=1

- e(n) should be large at the beginning of
each pitch period (voiced speech) =>
good signal for pitch detection

- can perform autocorrelation on e(n) and
detect largest peak

- error spectrum is approximately flat-so
effects of formants on pitch detection are
minimized

SIGNAL PREDICTION ERROR



LP Speech Analysis

file:s5, ss:11000, frame size (L):320, Ipc order (p):14, cov method
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LP Speech Analysis

file:s5, ss:11000, frame size (L):320, Ipc order (p):14, ac method
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LP Speech Analysis

file:s3, ss:14000, frame size (L):160, Ipc order (p):16, cov method
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LP Speech Analysis

file:s3, ss:14000, frame size (L):160, Ipc order (p):16, ac method
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Properties of the LPC Polynomial



Minimum-Phase Property of A(z)

A(z) has all its zeros inside the unit circle‘

Proof: Assume that z, (‘zﬂ,‘2 >1) is a zero (root) of A(z)
A(z)=(1-z,z")A(z)

The minimum mean-squared error is

o)

E. = Z e.[m]’ = % j | A(e’”) | Sﬁ(ejm) ?do  Parseval &
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Thus, A(z) could not be the optimum filter because we could
replace z, by(1/z,) and decrease the error



(1 _ (- (1- 1) :
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PARCORs and Stabllltv

> 1 for some j

e prove that |k|21= ‘zj

Proof: A(z)= A"(z)~kz A (") =TT(1-2"z")
=1

It is easily shown that —k; is the coefficient of z7in A¥)(z), i.e 05,-(” =K..

Therefore b |
k|=TTR)
j=

If |k; |>1, then either all the roots must be on the unit circle or
at least one of them must be outside the unit circle

* |k; |<1is a necessary and sufficient condition for A(z) to be a
minimum phase system and 1/A(z) to be a stable system



Root Locations for Optimum LP Model
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Pole-Zero Plot for Model

Imaginary Part
©O o ©o © © o © ©
o (9] I M o M NN O Co -
I | I |

I
—h
I

Which poles
correspond to
formant
frequencies?

-1 -0.5 0 0.5 1
Real Part



maginitude in dB

Pole Locations

Fs

| 1 | % |

1000 1500 2000 2500

frequency in Hz

3500

4000

12



Pole Locations (F,=10,000 Hz)

root magnitude | 0 root angle(degrees) | F root angle (Hz) | formant
0.9308 10.36 288 I
0.9308 -10.36 -288 Fy
0.9317 25.88 719 £y
0.9317 -25.88 -719 Fy
0.7837 35.13 976
0.7837 -35.13 -976
0.9109 82.58 2294 F3
0.9109 -82.58 -2294 Fy
0.5579 91.44 2540
0.5579 -91.,44 -2540
0.9571 104.29 2897 Fy
0.9571 -104.29 -2897 Fy

F=(0/180)-(F, /2)
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Estimating Formant Frequencies

compute A(z) and factor it
find roots that are close to the unit circle.

compute equivalent analog frequencies from the angles of the
roots.

plot formant frequencies as a function of time.
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Spectrogram with LPC Roots

Angles of Complex A(z) Roots with Magnitude > 0.95
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Alternative Representations of the LP
Parameters



LP Parameter Sets

Parameter Set

Representation

LP Coefficients and Gain

{ar, 1 <k <p}.G

PARCOR Coefficients

{ki, 1 <i <p}

Log Area Ratio Coefficients

{g:,1 < i <p}

Roots of Predictor Polynomial

{z,1 < k < p}

Impulse Response of H(z)

{hn],0 <n < oo}

LP Cepstrum

{h[n], —oco < n < 00}

Autocorrelation of Impulse Response

{R(i), —00 < i < 00}

Autocorrelation of Predictor Polynomial

{Hﬂ,[i]? —P i: ? {_: p}

Line Spectral Pair Parameters

P(z). Q(z)
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PARCOR

e PARCORs to Prediction Coefficients

— assume that k, i=1,2, ..., p are given. Then we can skip the computation
of k; in the Levinson recursion.

fori=12,...,p

a!) =k

/ /

|fr>lthenforj—12 —1

(1)

j —a’ k(}:(”

end
end

. =0:f,.’°) j=L2....p

J
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PARCOR

* Prediction Coefficients to PARCORs

— assume that @, j=1,2, ..., p are given. Then we can work backwards
through the Levinson Recursion.

af) =a; forj=12...,p
_ (P

kp_app

fori=p,p-1...,2
forj=12,...,1—1

I ]

)
—J

(7) (
(1) _ &, + k.o,

24 5
J 1 — k';_




Log Area Ratio

* log area ratio coefficients from PARCOR coefficients

A. [ 11—k,
=log| L | =lo Ll 1<i<
oF Q_ A _ Q_.ij_ P
with inverse relation
_ gi
k=12 1<i<p




Roots of Predictor Polynomial

* roots of the predictor polynomial

A(z)=1- i%z_k = ﬁ(l - zkz‘l)

k=1 k=1
where each root can be expressed as a z-plane i.e.,

2 = 2y T ]2y

* important for formant estimation



Impulse Response of H(z)

* IR of all pole system

P
h(n) = Z a,h(n-k)+Gs(n) 0<n
k=1



LP Cepstrum

e cepstrum of IR of overall LP system from predictor coefficients

n-1
h(n) = a, +Z[ E]h(k)ank 1<n
k=1“*-n

* predictor coefficients from cepstrum of IR

||
:)":-

i(EJ (K)a, g 1<n
=\ n

oo G

H(z)=) h(n)z" = ,
'I—Za'kz_k
k=1

where
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Autocorrelation of IR

e autocorrelation of IR

R(i) = ih(n)h(n — i) =R(~i)
Ri)=> eR(li-k[) 1<i
k=1

~ p —~ ~
R(0)= ) ayR(k)+G’
k=1



Autocorrelation of Predictor Polynomial

e autocorrelation of the predictor polynomial
: k
A(z)=1- ngz—
k=1
with IR of the inverse filter

P
a(n)=5(n)- ngﬁ(n — k)
k=1

with autocorrelation

R.(i)= ia(k)a(ﬂ iy 0<i<p
k=0



Line Spectral Pairs

Quantization of LP Parameters

consider the magnitude-squared of the model frequency
response

2 1
| A(e’) [

H(e”) =P(0,9)

where g is a parameter that affects P.
spectral sensitivity can be defined as

dow

- T

° = |im : l'[log

-

0g9; 49i|Ag;| 27

Pla,g;)
P(o,g; +Ag;)

- .-’T

which measures sensitivity to errors in the g; parameters
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Line Spectral Pairs
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Line Spectral Pairs

AzZ)=l+az" +a, 27 + ...+ a,Z"
= all-zero prediction filter with all zeros, z,, inside the unit circle
Az)=zPPA(Z ) =,z +. .+ &,z P + gz P + 27
= reciprocal polynomial with inverse zeros, 1/ z,
Consider the following

L(zZ)= @ = allpass system = |L(e-""“)
A(z)

=1 all o

Form the symmetric polynomial P(z) as

P(z)=A(Z)+ A(z) = A(z)+ 2" Az )= P(z) has zeros for L(z) =—1; (A(2) = —A(z))
= arg{L(e’*)} = (k+1/2)- 27, k=0,1...p-1

Form the anti-symmetric polynomial Q(z) as

Q(z)=A(2)-A(z)= A(z)-z"YA(z") = Q(2) has zeros for L(z) = +1; (A(z) = A(2))

= arg{L(e’* )} —k-27,k=0,1,..,p—1
29
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Line Spectral Pairs

* properties of LSP parameters
1. all the roots of P(z) and Q(z) are on the unit circle

2. a necessary and sufficient condition for |k, |<1,i=1, 2, ..,
p is that the roots of P(z) and Q(z) alternate on the unit
circle

3. the LSP frequencies get close together when roots of A(z)
are close to the unit circle



Applications



Pitch

Speech Synthesis

l » the basic synthesis equation is

s(n) = iaké(n —k)+Gu(n)
k=1
Impulse

* need to update parameters every 10 msec or so
Generator

 pitch synchronous mode works best

G
Voiced/ Unvoiced > > >
Control u[n] l \Ji 1 S[n]
L z
_ _ <l
White Noise > A o -1
Generator
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Speech Coding

1. Extract a, parameters properly

2. Quantize a, parameters properly so that there is little
guantization error

— Small number of bits go into coding the o, coefficients
3. Represent e(n) via:
— Pitch pulses and noise—LPC Coding
— Multiple pulses per 10 msec interval —MPLPC Coding
— Codebook vectors—CELP
 Almost all of the coding bits go into coding of e(n)



LPC Vocoder

A [ﬂ'] LPC l l LPC E[”]
=T Analyzer Encoder —> Channel -5 Decoder |— Synthesizer [
: )
| |
Pitch , :
Detector : :
| |
Transmitter ' Channel | Receiver
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