
Challenging speech processing! 
 

Linear Predictive modeling of speech signal, LPC analysis 

LPC analysis models the formants as the short-term correlation between speech samples. After these formants are modeled, it is 

removed by a very efficient short order filter. 

STP: Short term predictor, is a terminology used to call the latest speech coders that is using LPC. 

 

Alternative:  

Instead of modeling short-term correlation of speech samples, there is another equally powerful and related method that models 

the long-term correlation of speech samples: pitch prediction.  

 

Partial correlation (PARCOR) 

The raw speech data can be represented as a linear time varying signal. 

That is, speech can be represented as the impulse response of a linear time varying filter. 

That is, if we give series of impulse response to a linear time varying filter, we can synthesize speech. 

 

To represent this linear time varying filter, we choose all pole LPC model. (LPC = linear predictive coding). 

 

Block diagram of the simplified source-filter model of speech production: 

 

Then, the impulse response, H(z), of this filter with p number of poles is given by: 

H(z) =  
𝑆(𝑧)

𝑋(𝑧)
=

𝐺

1 − ∑ 𝑎𝑗  𝑧−𝑗𝑝
𝑗=1

 

where G is a gain factor, and aj is the LPC coefficient.  

In sampled time domain,  

𝑠(𝑛) = 𝐺𝑥(𝑛) + ∑ 𝑎𝑗𝑠(𝑛 − 𝑗) 

𝑝

𝑗=1

 

where 

s(n) = value of present output 

Gx(n) = present input (gain and impulse/noise) 

 ∑ 𝑎𝑗𝑠(𝑛 − 𝑗) 
𝑝
𝑗=1   = weighted sum of the past output samples 

Meaning: sum of past output samples, each of this past output sample is weighted (multiplied) by parameter aj 

 

How to compute LPC coefficients 

Given: time domain representation of a signal 

Options: 



(1) Covariance method 

(2) Autocorrelation method   -> computationally efficient and guarantees a stable synthesis filter 

(3) Lattice method 

 

Autocorrelation method, Levinson-Durbin recursive procedure 

Assumption: the signal outside the frame of analysis is zero 

Therefore: using Hamming window (or similar) to smooth the signal to (near) zero at the boundaries of the frame of analysis 

 

Given: 

s(n) 

Determine: parameters aj which minimize Gx(n) 

 

From the other side, Gx(n) represents the error or residual for estimated parameters aj 

𝑒(𝑛) = 𝐺𝑥(𝑛) = 𝑠(𝑛) − ∑ 𝑎𝑗𝑠(𝑛 − 𝑗) 

𝑝

𝑗=1

 

Minimizing MSE of e(n) 

𝐸{𝑒2(𝑛)} = 𝐸 {[𝑠(𝑛) − ∑ 𝑎𝑗𝑠(𝑛 − 𝑗) 

𝑝

𝑗=1

]

2

} 

Personal remarks: 

Because error signal is e(n), then the mean square error (MSE) of e(n) is e
2
(n) 

 

Now, do partial derivatives of MSE of e(n) with respect to aj to zero 

𝐸 {[𝑠(𝑛) − ∑ 𝑎𝑗𝑠(𝑛 − 𝑗) 

𝑝

𝑗=1

] 𝑠(𝑛 − 𝑖)} = 0    

Means that e(n) is orthogonal to s(n-1) for i=1, …, p 

 

Becoming Autocorrelation Method equation 

∑ 𝑎𝑗

𝑝

𝑗=1

∅𝑛(i, j) = ∅𝑛(i, 0)     𝑓𝑜𝑟 𝑖 = 1, … , 𝑝 

∅𝑛(i, j) = 𝐸{𝑠(𝑛 − 𝑖)𝑠(𝑛 − 𝑗)} 

∅𝑛(i, j) = ∑ 𝑠𝑛(𝑚 − 𝑖)𝑠𝑛(𝑚 − 𝑗),

𝑚

      𝑓𝑜𝑟 𝑖 = 1, … , 𝑝,    𝑗 = 0, … , 𝑝 

𝑅𝑛(j) = ∑ 𝑠𝑛(𝑚)𝑠𝑛(𝑚 + 𝑗)
𝑁−1−𝑗

𝑚=0
,      𝑓𝑜𝑟  𝑗 = 0, … , 𝑝 

Personal remarks:  

n = n-th frame of signal 

 

p : (max) number of parameters 

i = dummy index for current parameter 

j = dummy index from 1 to max number of parameters 



E = minimize MSE (?) of error/residual s(n) being lagged by i (depend on current parameter) and j (dummy index from 1 to p) 

∑ 𝑎𝑗

𝑝

𝑗=1

∅𝑛(i, j) = ∅𝑛(i, 0) 

Can be expressed as (for 1<=i<=p) 

∑ 𝑎𝑗

𝑝

𝑗=1

𝑅𝑛(|i − j|) = 𝑅𝑛(i) 

For each time sample (n), the equation can be expressed as 

[
𝑅(0) ⋯ 𝑅(p − 1)

⋮ ⋱ ⋮
𝑅(𝑝 − 1) ⋯ 𝑅(0)

] [

𝑎1

⋮
𝑎𝑝

] = [
𝑅(1)

⋮
𝑅(𝑝)

] 

This set of R(i) is Toeplitz matrix. It has redundancy that is used by Levinson-Durbin procedure to form an efficient solution to the 

LPC coefficients. 

Levinson-Durbin minimizes the error as follows 

𝐸0 = 𝑅(0) 

𝑎0 = 0 

𝑘𝑖 = −[𝑅(𝑖) + ∑ 𝑎𝑗
(𝑖−1)

𝑖−1

𝑗
𝑅(𝑖 − 𝑗)]/𝐸𝑗−1 

a𝑖
𝑖 = 𝑘𝑖  

a𝑗
𝑖 = a𝑗

(𝑖−1)
+ 𝑘𝑗a𝑖−𝑗

(𝑖−1)
            1 <= 𝑗 <= −1 

𝐸𝑖 = (1 − 𝑘𝑗
2)𝐸𝑗−1 

Ej is the MSE (minimum squared error) 

ki is the reflection coefficient. The magnitude of ki should be less or equal than 1 to guarantee a stable LPC synthesis filter H(z) 

aj
p
 = the j-th LPC coefficient (PARCOR) 

 

After calculating Rj, the equations are solved recursively. 

(1) Calculate all the R0, R1, … Rp with p is the number of parameters 

(2) E0 

(3) a0 

(4) k1 

(5) a1
1
 

(6) E1 

(7) k2 

(8) a2
2 

(for p=2, this is the 2-nd parameter) 

(9) a1
2 

(for p=2, this is the 1st parameter) 

(10) … 

 

For signal processing 

1. Acquire signal 

2. Do pre-emphasis 

e.g., new_data(n) = olddata(n) – 0.97 * olddata(n) 

Why pre-emphasis? [1] 

Because we want to utilize the important features embedded in higher frequencies (such as fricatives, ets), by using 

differentiator (a single zero filter), with transfer function: 



𝐻𝑝(𝑧) = 1 − 𝛼𝑧−1 

If a point is close to a “zero”, the corresponding frequency will be attenuated (and vice versa for “pole”). Most popular range 

of values for alpha is between 0.95 and 0.97, it will attenuate low frequencies. Try to check/compare power spectral density. 

The relative power is better distributed along the different frequencies and the high frequency part is significantly more 

prevalent. 

3. Do windows framing (e.g., hanning) 

Why windowing? Because the short-term autocorrelation uses assumption that the signal out of the frame is zero. Windowing 

attenuates the signal smoothly around the frame boundary. 

4. Do Levinson Durbin in every window 

 

Terminology 

1. Autocorrelation 

2. Toeplitz matrix  

- a symmetric matrix 

- elements any diagonal  

- F(omega) is a complex function, its magnitude is called amplitude spectrum, while its phase is called the phase 

spectrum 

3. Laplace transformation 

- is an integral transformation of f(t) 

- that is, from the time domain f(t) to the complex frequency domain F(s) 

- s = sigma + j omega 

- used in continuous system, allow the system designers to analyze systems and predict performance 

4. Z-transformation 

- used in sampled (discrete) systems 

- relation with s (in Laplace), x = z^(-1) 
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