Problem 9.24

In Problem 9.10, the unknown system is assumed as a fourth-order Butterworth bandpass filter with a lower
cutoff frequency of 700 Hz and an upper cutoff frequency of 900 Hz. Design a bandpass filter by the bilinear
transformation method for simulating the unknown system with a sampling rate of 8000 Hz.

(a) Generate the input signal for 0.1 s using a sum of three sinusoids having 100, 800, and 1500 Hz with a
sampling rate of 8000Hz.

(b) Use the generated input as the unknown system input to produce the system output. The adaptive FIR
filter is then applied to model the designed bandpass filter. The following parameters are assumed:

e Adaptive FIR filter

e Number of taps: 15 coefficients
e Algorithm: LMS algorithm

e (Convergence factor: 0.01

(c) Implement the adaptive FIR filter, plot the system input, system output, adaptive filter output, and the
error signal, respectively.

(d) Plot the input spectrum, system output spectrum, and adaptive filter output spectrum, respectively.

(e) Repeat (a)-(d) using the RLS algorithm with 6=1 and A=0.96.
solution

(a) Generate the input signal for 0.1 s using a sum of three sinusoids having 100, 800, and 1500 Hz with a
sampling rate of 8000Hz.

f_sample, 1ist_f = 8000, [100, 800, 1500]

Tength = ceil(0.1 * f_sample) # duration 0.1 second

Tist_x = [sum([sin(2*pi * (f/f_sample) * ind) for f in 1ist_f]) for ind in
range(length)]

(b) Use the generated input as the unknown system input to produce the system output. Unknown system: a
fourth-order Butterworth bandpass filter

wy = 27 X 700, w,, = 27 x 900 rad/s

wsi = 2fs tan(;’—;), wsh = 2fs tan(;’—}h) , SO, Wy, wep, = [4512.4667, 5902.7116]

Then wy = /wg X wep, W = wsp, — wy, then
The order of Butterworth prototype: 4 / 2 = 2 (band pass)

1
s? +1.41428" +1

H(s') =

2
Substitute s’ = =

b tor band pass filter, th
W or pan paSS |ter,t us

1932780.9958 s>

— 2% T s 1 1966.103353 + 55204360.28525% + 52368712599.4459s + 709465289998621.9
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Atlast, BLT s = 2fs;—zj to yield

0.0055 — 0.0111z2 4+ 0.00552 4
H(z)=H(s)| , 1.1 = — — — -
s=2f,—= 1—3.06642"! +4.1359272 — 2.74312~3 + 0.8008z

The magnitude and phase plots for the unknown system
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(c) Implement the adaptive FIR filter, plot the system input, system output, adaptive filter output, and the
error signal, respectively.

Adaptive FIR filter

Number of taps: 15 coefficients
Algorithm: LMS algorithm

e Convergence factor: 0.01

The magnitude and phase plots for the LMS adaptive filter

[wo, -+, wy-1| =[0.098584,0.081271,0.052333, —0.010238, —0.104861, —0.179288, —0.170288, —0.070568,
0.055421,0.128914, 0.125045, 0.078709, 0.030333, —0.017251, —0.080168]
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Plots of system input, system output, adaptive filter output, and the error signal.
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(d) Plot the input spectrum, system output spectrum, and adaptive filter output spectrum, respectively.
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(e) Repeat (a)-(d) using the RLS algorithm with 6=1 and A=0.96.
The magnitude and phase plots for the RLS adaptive filter

[wo, -+, wy_1| =[0.098584,0.081271, 0.052333, —0.010238, —0.104861, —0.179288, —0.170288, —0.070568,
0.055421,0.128914, 0.125045, 0.078709, 0.030333, —0.017251, —0.080168]
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Plot of system input, system output, adaptive filter output, and the error signal.
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Plots of the input spectrum, system output spectrum, and adaptive filter output spectrum.
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Problem 9.25

Use the following MATLAB code to generate the reference noise and the signal of 300 Hz corrupted by the
noise with a sampling rate of 8000 Hz.

fs = 8000; T = 1/fs; % Sampling rate and sampling period

0:T:1; % Create time instants

randn(1l, length(t)); % Generate reference noise
filter(L00O00000O0O00O0.81], 1, X); % Generate the corruption noise
sin(2*pi * 300 * t) + n; % Generate the corrupted signal

o S5 X rt
o

(a) Implement an adaptive FIR filter to remove the noise. The adaptive filter specifications are as follows:

e Sample rate = 8000 Hz

e Signal corrupted by Gaussian noise delayed by nine samples from the reference noise
e Reference noise: Gaussian noise with a power of 1

e Number of FIR filter tap: 16

e Convergence factor for the LMS algorithm: 0.01

(b) Plot the corrupted signal, reference noise, and enhanced signal, respectively.
(c) Compare the spectral plots between the corrupted signal and the enhanced signal.

(d) Repeat (a)-(c) using the RLS algorithm with 6=1 and A=0.96.
solution

1. Implement an adaptive FIR filter to remove the noise. The adaptive filter specifications are as follows:

Sample rate = 8000 Hz

Signal corrupted by Gaussian noise delayed by nine samples from the reference noise
Reference noise: Gaussian noise with a power of 1

Number of FIR filter tap: 16

Convergence factor for the LMS algorithm: 0.01
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2. Plot the corrupted signal, reference noise, and enhanced signal, respectively.
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3. Compare the spectral plots between the corrupted signal and the enhanced signal.
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4. Repeat (a)-(c) using the RLS algorithm with 6=1 and A=0.96.
The adaptive FIR filter

[wo, -+, wy-1| =[—0.140064, —0.139377, —0.144409, —0.106813, —0.071404, —0.061952, —0.043756, —0.015332,
0.002229, 0.799859, 0.019485, 0.037703, 0.0255, 0.04034, 0.069252, 0.096735]
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The corrupted speech, reference noise, cleaned speech
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Problem 9.28 (Bonus)

Frequency tracking:

/

x(n) vin)
Second-order adaptive IR

notch filter

FIG. 9.30
A frequency tracking system.

An adaptive filter can be applied for real-time frequency tracking (estimation). In this application, a special
second notch IIR filter structure, as shown in Fig. 9.30, is preferred for simplicity. The notch filter transfer
function

H() 1—2cos(f)z! + 272
Z) =
1 —2rcos(0)z=t + r2z2

has only one adaptive parameter 6. It has two zeros on the unit circle resulting in an infinite-depth notch. The
parameter r controls the notch bandwidth. It requires 0 << r <1 for achieving a narrowband notch. When r is
close to 1, the 3-dB notch filter bandwidth can be approximated as BW = 2(1 - r) (see Chapter 8). The input
sinusoid whose frequency f needs to be estimated and tracked is given below:

z(n) = Acos(2mfn/fs + )
where A and a are the amplitude and phase angle. The filter output is expressed as
y(n) = z(n) — 2cos[f(n)]z(n — 1) + z(n — 2) + 2rcos[f(n)|y(n — 1) — r’y(n — 2)

The objective is to minimize the filter instantaneous output power %2 (n). Once the output power is minimized,
the filter parameter 6=2mtf/ f; will converge to its corresponding frequency f(Hz).

The LMS algorithm to minimize the instantaneous output power y?(n) is given as
0(n +1) = 6(n) — 2uy(n)B(n)
where the gradient function B(n)=ay(n)/86(n) can be derived as follows:
B(n) = 2sin[f(n)]z(n — 1) — 2rsin[f(n)]y(n — 1) + 27 cos[d(n)]B(n — 1) — r*B(n — 2)
and p is the convergence factor which controls the speed of algorithm convergence.
In this project

1. plot and verify the notch frequency response by setting f;=8000 Hz, f=1000Hz, and r=0.95.
2. Then generate the sinusoid with duration of 10 s, frequency of 1000 Hz, and amplitude of 1.
3. Implement the adaptive algorithm using an initial guess 8(0)=2m x2000/fs = 0.5m

4. plot the tracked frequency f(n)=6(n) f,/2m for tracking verification.
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Notice that

e this particular notch filter only works for a single frequency tracking, since the mean squared error
function E[yQ(n)] has a one global minimum (one best solution when the LMS algorithm converges).
Details of adaptive notch filter can be found in the reference (Tan and Jiang, 2012).

e the general IIR adaptive filter suffers from local minima, that is, the LMS algorithm converges to local
minimum and the nonoptimal solution results in.

solution

1. plot and verify the notch frequency response by setting f,=8000 Hz, f=1000Hz, and r=0.95.
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2. Then generate the sinusoid with duration of 10 s, frequency of 1000 Hz, and amplitude of 1.

Input: x(n) =1 -sin(2rd%%n)  [f; = 8000Hz]
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from math import sin

fs, f = 8000, 1000

N = 10 * fs # 10 second duration

Tist_x = [sin(2*pi * (f/fs) * ind) for ind in range(N)]
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3. Implement the adaptive algorithm using an initial guess 6(0)=2m x 2000/fs = 0.5m

from math import cos, acos, pi
class Freqg_track(object):

def

def

def

def

def

def

def

__init__(self, mu, r, theta_0=pi/2):
self.mu = mu # learning rate
self.r = r
self.c = cos(theta_0)
self.x = [0, 0, 0] # x(n), x(n-1), x(n-2)
self.y = [0, O] # y(n-1), y(n-2)
self.Beta = [0, 0] # beta := dy/dc; beta(n-1), beta(n-2)
# optional: coeffs for x(n), y(n)
self.coef_x = [1, -2 * self.c, 1]
self.coef_y = [2 * self.r * self.c , - self.r * self.r]
self.coef_x_beta = [0, -2, O]
self.coef_y_beta = [2 * self.r, 0]
get_theta(self):
return acos(self.c)
__update_X(self, x): # __func(): private method
self.X = [x] + self.x[:-1] # update X(n)
__update_Y_Beta(self, y, beta):
self.y = [y] + self.y[:-1]
self.Beta = [beta] + self.Betal[:-1]
__clip_c(self):
if self.c > 1:
self.c = 1
elif self.c < -1:
self.c = -1
__update_coef(self):
self.coef_x = [1, -2 * self.c, 1]
self.coef_y = [2 * self.r * self.c , - self.r * self.r]
self.coef_x_beta [0, -2, 0]
self.coef_y_beta [2 * self.r, 0]
train(self, x):
self.__update_X(x)
# calc old y(n), beta(n)
y_old =\
sum([coef_ * x_ for coef_, x_ in Tist(zip(self.coef_x, self.x))1)\
+sum([coef_ * y_ for coef_, y_ in Tist(zip(self.coef_y, self.y))])
beta_old =\
sum([coef_ * x_ for coef_, x_ in 1list(zip(self.coef_x_beta, self.x))])\
+sum([coef_*y_ for coef_, y_ in Tist(zip(self.coef_y_beta, self.Y))])\
+sum([coef_ * b_ for coef_, b_ in Tist(zip(self.coef_y, self.Beta))])
# update self.c := cos(theta)
self.c = self.c - 2 * self.mu * y_old * beta_old
self._clip_cO
self.__update_coef()
# calc new y(n), beta(n) with new self.c
y =\
sum([coef_ * x_ for coef_, x_ in Tlist(zip(self.coef_x, self.X))1)\
+sum([coef_ * y_ for coef_, y_ in Tist(zip(self.coef_y, self.Y))])
beta =\
sum([coef_ * x_ for coef_, x

*

in Tist(zip(self.coef_x_beta, self.X))1)\



+sum([coef_*y_ for coef_, y_ in Tlist(zip(self.coef_y_beta, self.Y))])\
+sum([coef_ * b_ for coef_, b_ in Tist(zip(self.coef_y, self.Beta))])
self._update_Y_Beta(y, beta)

if _name__ == "_main__":
from math import sin
import matplotlib.pyplot as plt
fs, f = 8000, 1000
N =10 * fs # 10 second duration
Tist_x = [sin(2*pi * (f/fs) * ind) for ind in range(N)]
HAHRBRHAHHH BB RHAH AR R R R R R BB A RS S
mu, r, theta_0 = 7e-4, 0.95, pi/2
freq_track = Freg_track(mu=mu, r=r, theta_O=theta_0)
Tist_freq = []
for x in Tist_x:

freg_track.train(x)

omega = freq_track.get_theta()

Tist_freq.append( fs * omega / (2 * pi) )
HHHHHBHBHRH R HR AR AR HRH AR AR AR AR H R RR AR AR R AR AR AR AR A A
fig = plt.figure()
plt.plot(list_freq)
plt.xTabel("Time index n")
plt.ylabel("Frequency (Hz)")
plt.title(r"Frequency tracking: $f=f_s \times \frac{\theta}{2\pi}$™)
ax = plt.gca(Q)
ax.set_x1im([0, N])
plt.gridQ
plt.tight_Tayout()
fig.savefig("../p9_28.png")
plt.show()

HHHH AR AR AR H R AR AR AR AR A AR AR AR R AR AR AR R AR AR AR AR A

4. plot the tracked frequency f(n)=6(n) fs/2m for tracking verification.

Freguency tracking: f=1; x 2‘%
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