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|. Resonance

® Resonance is ubiquitous
in physical systems
O e.g. plucked/struck
string, drum head \ N -
© room “‘coloration” R
O
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O easily implemented
in LTI filters Position Velocity



Singe Pole-Pair Resonance
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>>

> Q = 10;

>> omega = pi*0.1;

>> r = 1 - omega/(2*Q);

>> a = [l -2*r*cos(omega) r*rj;
>> y = filter(l,a,[1l,zeros(1,100)]);
>> stem(y)

>>

impulse_bpf.pd




Resonances in Speech

® Vocal Tract (throat + tongue + lips)

acts as variable resonator
O resonances = ‘‘formants”
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Source-Filter Model

® Separation of:
. fine structure In time/frequency
O Flter: subsequent shaping by physical resonances

O
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® Advantages
0 Good match to real signals
O Salient pieces



2. Linear Prediction (LPC)

® | PC = Linear Predictive Coding
O remove in signal
O try to predict next point

as linear combination of previous values
p

s\n| = Zaks[n — k| + e[n]

k=1
o {ay} are p" order linear predictor coefficients
o e[n] is residual “innovation” a/k/a prediction error

® Transfer function
S(z) 1 1
E(z) 1-=->F_arz7% A(z)

O all-pole “autoregressive” (AR) modeling




Voice Modeling & LPC

® Direct expression of -filter model
p

sln| = Zaks[n — k| + e[n|

k=1

Puls_e/npise Vocal tract
excitation e[n] H() = I/A(Z) s[n]

H(z) |H(ej(”)|
il L\

N[ f
z-plane
o model of vocal tract is all-pole

O vocal tract resonances change slowly ~ 10-20ms
O but: nasals



Estimating LPC Models

® You can ‘“‘see”
resonances in

a spectral slice: o ' ALY
100 ' |

o
S

energy / dB
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® We can find LPC coefficients {ax }
to minimize energy of residual e|n|:

2

p

Z e*ln] = Z (s[n] — Z aisin — k])
n n k=1

o differentiate w.rt. ax & solve

O end up with p linear equations involving
autocorrelations rgs(|j — k|) = Z s[n — jls[n — K|

n
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Short-Time LP Analysis

® Solve LPC for each ~20 ms frame
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3. LP Representations
® Can LPC filter fit many ways:

® Picking out resonances
O if signal was + resonances, should find them

® |[ow-order spectral approximation
o minimizing €°[n] also minimizes | E(e’*)
O different from e.g. Fourier approximation...

| 2

® Finding & removing smooth spectrum
1

O 475 Is smooth approximation of S(z)
o Z,((’Z)) = A(lz) = E(z) = S(2)A(2) is“unsmoothed” S(z)

® Signal whitening
O removing linear dependence makes residual
ke white noise (iid, flat spectrum)



Alternative Forms

® Many formulations for p* order all-pole IIR:
o predictor coefficients {ay } / polynomial A(z)

O {)\z — Tiejwi}OfA(Z)
O reflection coefficients (for lattice filter structure)

O [ine Spectral Frequencies (LSF)

® Choice depends on:
O mathematical convenience
O numerical stability
O statistical properties (e.g. for coding)

O opportunities for modification



4. LPC Synthesis

® | P analysis on ~20ms frames gives

prediction filter A(z) and e[n|
o recombining them should yield perfect s|n]

o coding applications further e[n|
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LPC Warping

® Replacing delays z-! with elements
warps frequencies but not magnitudes
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o http//www.ee.columbia.edu/~dpwe/resources/matlab/polewarp/
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Cross-Synthesis

Mix

O formants carry phonemes — vocoder

of one signal

with resonances (filter) of another
O or:just use white noise as excitation

8 0o

Ipcanalysis

o N

. Ipc.pd

LPC analysis-synthesis

Click here to select sound
for excitation (or use noise)

Click here to select sound
that LPC filter will model

JLoadsoundfile voice Jloadsoundfile excitation

ploy laap loadbang
Ze
> ——— o L,
layloop voice playloop excitation 40 o}deﬁr
‘noise~
-
-

/@ﬁi°sel~ﬁﬂuuul

nd lpca_nalysis=

synt resid coeffs

output~ [3o]

vomwF C:j

2010-92-23 Dan Ellis dpwe@ee.columbia.edu

based on lpc-cross-synthesis by
Edward Kelly and Nicolas Chetry 2005

T

LPC Analysis sub-patch

We run this in a sub-patch to take advantage of block~
which allows us to vary the frame length, overlap, and
sample rate.

Signal to be modeled
inlet~

Model order
inlet

Excitation
inlet~

Pre-emphasis rzero~ 0.97| rzero~ 0.97

s 20
Analyze to LPC
filters lpc~ 12 Scale-up
residua PC coeffs excitation

Find envelope
of residual

Scale excitation/7J
by envelope

Normalize residual
by envelope

2.25 .. and scale down

Apply LPC filters

to excitation Lo =

De-emphasis rpole~ 0.9;

Tapered window *~

outlet
LPC coeffs

p =
outlet~
Residual

outlet~
Synthesis

‘block~ 512 2 0.5

Set block size to 512 points
with 2x (5@%) overlap
running at @.5 of parent SR

Block length must match
length of hanning array.

samplerate~
o
Q

=

Read back actual SR

512/2205@ = 23.2 ms windows
2x overlap -> 11.6 ms frames

hanning

ganning cosinesum 512 @.5 -@.5
Tapered window for overlap-add

tabreceive~ hanning




Summary

(poles) color sound

+ Filter model
decouples excitation and resonances

Linear Prediction is a simple way to model
and implement resonances (filter)

Many interpretations, representations,
modifications



