DSP I: ELEC 3523

Active Noise Cancellation

Skills

In this laboratory you will implement the normalized LMS adaptive filter for an active noise cancellation application.  After this laboratory you should:

· Understand the basic principles of the LMS algorithm

· Be able to implement an adaptive filter in real-time

Reading

· Read the TI application report "Design of Active Control Systems" pages 1-14.

· Adaptive Filter Theory by Haykin, chapters 8 and 9.

· Neural and Adaptive Systems: Fundamentals Through Simulations by Principe, Euliano, and Lefebvre, sections 1.4-1.7, and chapter 9.

· Digital Signal Processing Implementation by Dahnoun, chapter 7.

Description

LMS and NLMS Algorithms

First let's examine the Mean-Square Error algorithm.  Given the filter input, x(n), we would like the output y(n) to be the same as d(n).  We would like the error, e(n), to be minimum in a mean-square sense, that is, we would like to minimize the expected value of e2(n), E[e2(n)].  See Figure 1.
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Definitions:

x(n) - input signal

y(n) - filter output

d(n) - desired signal

e(n) - error signal

Figure 1: Adaptive filter structure
The FIR filter output is:
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Equation 1
The error signal is:

e(n) = d(n) - y(n)

Equation 2
To understand what is meant by minimum error suppose we have a filter that has only one coefficient, h(0).  The error signal e(n) will be dependant only on the one coefficient.  If the mean-square error is defined as

J = E[e2(n)]

Equation 3
A plot of J might look like Figure 2.  The minimum error, Jmin, occurs at the optimum coefficient h(0)optimum.  


[image: image3.wmf]J

 

h

(0)

 

h

(0)

optimum

 

J

min

 


Figure 2: Mean-square error versus filter coefficient

It is more convenient to use vector notation.  Vectors or matrices will be noted with bold face letters.

x(n) = 
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Equation 4
Equation 1, the output of the filter, can be written as

y(n) = hTx(n) = x(n)Th

Equation 5
Now examine the mean-square error using vector notation.

E[e2(n)] = E[[d(n) - y(n)]2] = E[[d(n) - hTx(n)]2] = E[d2(n) - 2(d(n)(x(n)Th + hTx(n)(x(n)Th]

E[e2(n)] = E[d2(n)] - 2(E[d(n)(x(n)T](h + hT(E[x(n)(x(n)T](h

Equation 6
If we define:

Rdx = E[d(n)(x(n)T], which is a row vector

Rxx = E[x(n)(x(n)T], which is an autocorrelation matrix

Pd = E[d2(n)], which is a scalar value

Equation 7
then Equation 6 becomes

E[e2(n)] = Pd + 2(RdxT(h + hTRxxh

Equation 8
To find the minimum error take the derivative with respect to the coefficients, h(k), and set equal to zero.
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Equation 9
Solving for h
h = Rxx-1(Rdx
Equation 10
Equation 10 is called the Wiener-Hopf equation which determines the optimal filter coefficients in the mean-square sense.
In order to implement the optimal filter we would need to know the statistical characteristics of the signals x(n) and d(n) before beginning the filtering as shown in Equation 10.  In an adaptive algorithm the signals may not be know before processing begins.  Therefore, the values of Rxx and Rdx need to be estimated.  The Least-Mean Square (LMS) algorithm makes the following estimations:

R~dx = d(n)(x(n)T
R~xx = x(n)(x(n)T
P~d = d2(n)

Equation 11
Compare Equation 11 to Equation 7.  Given these estimates, an algorithm for updating the filter coefficients can be derived (not done here).  The LMS algorithm is:

hn(k) = hn-1(k) + e(n)x(n-k)

Equation 12
where  is a constant that determines the rate at which the algorithm converges, 0 ( k ( N-1 and n is the current time point.  Notice that previous inputs must be saved, x(n-k).  The LMS algorithm will converge toward the optimum filter as the filter coefficients are updated.

Using the notation

h(n) = 
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Equation 13
h(n) = h(n-1) + e(n)x(n)

Equation 14
It is possible to set the constant  so that the algorithm becomes unstable.  An algorithm that is easier to control is the Normalized LMS (NLMS) algorithm.  The algorithm is

h(n) = h(n-1) + EQ \f(~,a + ||x(n)||2) e(n)x(n) note that this is a field not an equation editor object so that bold face type can be used, do not double click on the equation
Equation 15
where 0<~<2, a>0 (small number that prevents dividing by zero), and 

||x(n)||2 = x(n)T(x(n) = 
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Equation 16
which is a scalar value.

Laboratory Processing

The problem we want to solve in this lab is to cancel noise using an active noise cancellation system.  A general diagram for the system is shown in Figure 3.
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Figure 3: Active noise cancellation system diagram

The noise source generates a tone which travels through the room to the microphone.  We want to cancel the noise in the vicinity of the microphone.  The desired signal is the noise at the microphone.  The DSP board will take a reference signal from the noise source generator and filter it to produce the y(n).  The desired signal and y(n) are added together to get the error signal e(n).  The error signal is input to the DSP board and used in the NLMS algorithm to update the FIR filter coefficients.  Equation 15 and Equation 16 are used in the algorithm.

Filter Implementation

To implement the filter you will need to write a function called nlms.  This function will have as inputs the reference and the error values and will output the new output value.  Each of these will be Uint16 variables.

In order to make the filter run as fast as possible the data arrays should be located in internal data memory.  To do this make sure the memory model is chosen as Near Calls & Data.  Find this by selecting Project->Build Options then click on the Compiler tab and then the Advanced menu item.  Also open the *.cdb file and right click on the System->MEM item and select Properties.  Under the Compiler Sections tab make sure the IDRAM is selected for the .bss section.  This will cause all global and static local variables to be placed in the IDRAM.

Your program should have the following structure:

· Store the new reference value

· Update the norm of the data 

norm = norm + reference*reference

Calculate the factor that will multiply the reference array.   EQ \f(~,a + ||x(n)||2) e(n)  This should be a constant when updating the coefficients.  Don't recalculate this for each coefficient.

· Calculate the output y(n) and update the coefficients in a loop

· Update the norm of the data 

norm = norm - (last saved reference)*(last saved reference)

· Shift the reference values to make room for the next new reference input

· Output the new y(n)

Make sure your filter coefficients, norm variable and accumulator for the output y(n) are defined as float variables.  Also, the arrays may not be initialized to zero so you will need to put an initialization loop in your program that gets executed only the first time the function gets called.  Do this by defining a flag initialized to 1, check this with and if statement and then in the if statement set it to 0.  This flag should be static.

Laboratory

· Write a C program that implements the NLMS algorithm as given shown above.  Select the microphone input for the error signal and the LINE IN input for the reference signal.  The reference signal should be generated with a function generator set to about 2 Vpp.  The one output should go to a speaker.

· Setup a program that implements the NLMS algorithm in Code Composer Studio and run it on the EVM.

· Generate a noise signal by driving another speaker with a function generator set to 100-200 Hz.

· With the optimization level set to -o3 (File) you should be able to process using a 100 coefficient filter.

· Use features of CCS to capture the filter coefficients after a sufficient amount of adaptation.  Print this plot.  An example plot is shown here where the input was 100 Hz.

· Use features of CCS to find the FFT (Hamming window) of the filter coefficients after a sufficient amount of adaptation.  Print this plot.  An example plot is shown here.
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Figure 4: Example FFT of the adaptive filter coefficients

· After getting your filter to work you can try adding another array to hold the error signal.  Plot this signal and its FFT.  An example FFT of the error signal is shown here.
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Figure 5: Example FFT of error signal
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