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Design and Implementation of
Odd-Order Wave Digital Lattice Lowpass Filters:
From Specifications to Motorola DSP56307EVM Module

Yidong Qi

Abstract

This thesis i1s dedicated to applying and developing explicit formulas for the design and
implementation of odd-order lattice lowpass wave digital filters (WDFs) on a Digital Signal
Processor (DSP), such as a Motorola DSP56307EVM (Evaluation Module). The direct design
method of Gazsi for filter types such as Butterworfh, Chebyshev, inverse Chebyshev, and
Cauer (Elliptic) provides a straightforward method for calculating the coefficients without an

extensive knowledge of digital signal processing.

A program package to design and implement odd-order WDFs, including detailed procedures
and examples, is presented in this thesis and includes not only the calculations of the
coefficients, but also the simulation on a MATLAB platform and an implementation on a
Motorola DSP56307EVM board. It is very quick, effective and convenient to obtain the
coefficients when the user enters a few parameters according to the general specifications; to
verify the characteristics of the designed filter; to simulate the filter on the MATLAB platform;
to implement the filter on the DSP board; and to compare the results between the simulation and

the implementation.
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Chapter 1

Introduction

With digital realizations available for a variety of analog elements, several families of wave digital
filters can be obtained by converting classical lattice, ladder, microwave, and other types of analog
filters into digital filters.

Wave digital filters (WDFs)[1] are modeled on classical filters, especially in lattice or ladder
configurations or generalizations thereof. They have some excellent advantages conceming low
coefficient accuracy requirements, dynamic range, and all aspects of stability even under finite-
arithmetic conditions.

There are a number of different ways to achieve WDF realizations using various methods. Lajos
Gazsi [2] introduced a very convenient and simple approach, named “Explicit Formulas for Lattice
Wave Digital Filters”, which is to design the most common filter types, such as Butterworth,
Chebyshev, inverse Chebyshev, and Cauer (elliptic) filter responses. The design process derives the
coefficients directly, and can be of benefit for people who are not familiar with complicated digital
signal processing theory, but need to design filters for their own digital signal processing
applications, for instance in medical analysis, image processing, speech processing, etc., areas which
might not have specialized filter designers.

With developments in science and technology, computer program applications have already been
used in almost every area in the world. There are many commercial DSP (Digital Signal Processing)
chips available from stock. As mentioned before, people, who lack experience and knowledge in
classical network theory and DSP implementation, should be given the means to design filters and
implement them on a commercial DSP chip to meet their own specifications.

The main purpose in this thesis is dedicated to develop Gazsi’'s method to realize DSP
applications. In chapter 2, we investigate the basic principles of WD lattice lowpass filters. Sections
2.1-2.3 review the background knowledge required for the derivation of wave lattice digital filers.
Section 2.4 describes the structure of the components of allpass functions of degree one and two for
the synthesis and realization of lattice configurations. Section 2.5 is focused on the theoretical basis

of the explicit formulas for WD lattice filter design.



In chapter 3, we describe the design specifications for digital filters at first, and then review the
process of coefficient computations with explicit formulas [2]. Sections 3.3-3.5 describe how to
calculate the coefficients with filter types, such as Butterworth, Chebyshev and Cauer responses.
In chapter 4, the general design procedures are highlighted at the beginning point, and then
combine this with the design of a 9 order Cauer lowpass filter as an example to demonstrate the
whole procedure and results at each step. Basically, we need to make a simulation and a DSP
implementation with the same specifications, and compare differences between them to see
whether or not the DSP implementation is realizable in terms of the simulation. The procedures
include directory establishment, coefficient calculations by user interface, filter characteristics,
test vector generation, verification of the sirnulation, source compilation of the implementation,
the implementation on the DSP56307EVM board, data manipulations, and data analysis
comparison between Matlab simulation and DSP implementation. Due to a variety of source
codes, data files and scripts, we introduce the file management and file name conventions in
section 4.13.

In chapter 5, we give the design discussion and state the conclusions.

In the references section, we list all references used in this thesis.

In the appendix section, we provide the results of a 5™ order Chebyshev WD lowpass filter in
appendix A, the results of a 7 order Butterworth WD lowpass filter in appendix B, the list of the
design tools in appendix C, the features of the Motorofa DSP56307EVM in appendix D, and the
all unduplicated source codes in appendix E for readers. The source codes are split to three

groups in terms of the design of the different filter types.



Chapter 2

The Basic Principles of a WD Lattice Lowpass Filter

2.1 The transformation from voltage current network to voltage wave network
In general, a linear time-invariant ( LTI ) electrical N-port network can be illustrated as in Figure

2.1

Figure 2.1 Anr LTI N-port network in the voltage-current domain

The signal quantities at each port consist of a voltage (V) and a current (I;). We can represent a pair
of equations for the i port as follows:

Aj Vi + R (2.1a)

B; Vi - R (2.1b)

]



where A; and B; are incident and reflected voltage waves, respectively. The wave quantities (A;,
B;) for the entire network can be described by a voltage vector V and a current vector I. We define
a vector transformation from the voltage-current vector domain to voltage-wave vector domain. The

incident voltage wave vector A is given by

A=V + RI (2.2a)
and the reflected voltage wave vector B is given by
B=V - RI (2.2b)

The matrix R is defined to be a real positive definite diagonal matrix. Thus the matrix is of the form
R =diag (R, Ry, ..., Rise. ., Ry) Ri>0,i=1,2,....,n (2.3)
From (2.2a) and (2.2b), the mapping of voltage current to voltage wave can be rewritten in a matrix
form, such as
A I, R v
= (2.4)
B I, -R I
where I; is 2 n by n identity matrix.
R is positive definite by our definition, therefore it guarantees the existence of the inverse matrix of
(2.4). The mapping between the voltage current domain and voltage wave domain is linear and one

to one. The inverse matrix of (2.4) is

A L L A
= (2.9)
I R' -R'- LB
Since the matrix R is diagonal, the mapping of (2.4) can be rewritten as
Aj 1 R A\
= forj=1,2,...,n (2.6)
B; 1 -R; L

We know that the transformation from voltage current to voltage wave is the mapping of the signal

quantities port by port. The network of Figure 2.1 can be represented in the voltage wave domain as

follows:



b, a,
I
1!
f =)
bl
l'll.
a, b,
Figure 2.2 An equivalent LTI N-port aetwork in the analog voltage
wave domain

2.2 The Interconnection of Network Ports

Consider two isolated 2-port networks cascaded in the voltage current domain shown in Figure 2.3.

ry fy

Figure 2.3 The interconnection of two 2-port network in
voltage-current domain



We note that this connection results in the constraints
VI =V; (2.7a)
and
ip =-1 (2.7b)
Now consider the same interconnection of the above in the voltage wave domain. From (2.6),
(2.7a) and (2.7b), we have
a=vy + iy =v, - nia (2.8a)
and
bi=vy - i =v2 + iy (2.8b)
If ry = ry is assumed, we can see that
a=vy - iy =bs (2.93)
and
bi=va + niy =2, (2.9b)
Therefore we know that the ports can be interconnected as shown in Figure 2.4 if the port

resistances are equal.

——— —
—rffff—
—r bl By
Ky I
«+— 2y byt—

Figure 2.4 The interconnection of two 2-port network in voltage-wave domain



When we take the mapping from the continuous-time voltage wave domain to the discrete-time
domain by using a bilinear transformation of the frequency variable, a delay-free directed loop may
be created in the interconnection as showed in Figure 2.5. It will cause the discrete-time network to

be non-computable and must be avoided in our design [1].

—+ b, 1, —>
—-
cuop:
- L

+— b, «—

Figure 2.5 A delay-free directed loop in the interconnection of twa 2-port network
in discrete-time domain

2.3 The derivation of a wave lattice digital filter

An LC resistively terminated filter can be regarded as a combination of some impedances (R, sL, or
1/sC), a source (V or I), and a few 2-port series wire interconnections. Realizing these elements
digitally and then substituting for the analogy elements in the LC filter by their digital realizations
can synthesize a wave digital filter.

The family of wave lattice filters is based on the lattice networks of Figure 2.6, where Z, and Zp

are usually canonical, lossless, LC impedances.



-
+ +
El@ v, <
=
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Figure 2.6  An analog lattice network

As any other 2-port network, the lattice network of Figure 2.6 can be translated by the wave

characterization as follows:



Bl I d BZ
Figure 2.7a An alternative realization in terms of the wave characterization
A ‘ ZB -
Figure 2.7b A sim plified wave confignration (A; = 0. B, is the only output)



If we assign port resistances R; = R; =R and eliminate I;, I, and V|, V5 in (2.1a) and (2.1b) using
V1 ZA + ZB ZB - ZA Il
=

V> Zg-Zy, Z,+1p I

from Figure 2.6, we obtain

B=SA (2.10)
where
Su  Si
S= 2.11)
Sa  S»
with Su = Szg =l ( Sa + S,;) (2.12a)
S12=82 =% (Sg -Sa) (2.12b)
Z,-R
Sa=2 ——— (2.13a)
Z,+R
Zg-R
Sg=m-rm—m— (2.13b)
ZB +R

These equations lead to the lattice realization of a WD filter.

2.4 The realization of a wave lattice digital filter

From Figure 2.4, we can rewrite (2.1a) and (2.1b) as follow

a; = v+ i (2.14a)

b1 =vi-ni (2.14b)
and

23 = Va+ Niip (2.15a)

b2 =v2-nai2 (2.15b)

As mentioned in 2.2, (2.7a) and (2.7b) gives the relations of voltages and currents, we can
substitute them into (2.15a), and obtain
2=V~ (2.16)
From (2.14), (2.15) and (2.7), we obtain

0



a2 - 4

n=- — 2.17
ry+nr;
nay + na
v = (2.18)
r+n

Substituting (2.17) and (2.18) into (2.14b) and (2.15b) using (2.7) respectively, i.e.

bi=a +Yo(a - a) (2.19a)
br=a; + Yo(a: - ) (2.19b)
Equations (2.19a) and (2.19b) describe a two port known as a two-port adaptor.
Where r-rn
Yo=— (2.200
n+r;

Now we move to the discussion of the allpass sections of degree one and degree two for lattice
WD filter synthesis using two-port adaptors and delays.
24.1 An allpass section of degree one

To realize a degree one allpass section, an adaptor and a delay are required as shown in Figure 2.8.

a, b,

@ Q-

@« —@-
b, 22

Figure 2.8 Wave-flow diegram of the allpass section of degree one
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From Figure 2.8, we have

2 =2 b (221D

t
1§
I

Using (2.19) and (2.20) the reflectance S = by/a; = ' - w{o)l(l-w:'l ) (2.22)
Furthermore

L-Bo
Yo=———— (2.23)

1+Bo
where Bp is the parameter in the reflectance S{y) = (y- Bo)(y+ Bo). Substituting
v =(1-z")(1 +z') and comparing with (2.22) yields (2.23) [3].

2.42 An allpass section of degree two

To realize a degree two allpass section, two two-port adaptors and two delays are required as

shown in Figure 2.9.

> .

Figure29  Equivalent wave-flow diagrams of the i*® second degree allpass section

iz



We apply the results in (2.19a) and (2.19b), we have

bi=a + ¥sa (2 - a1) (2.242)
D2=a; + Yz {2, - a) (2.24b)
b3=as + Ya (& - a3) (2.252)
by= a3 + vy (as - a3) (2.25b)

Now we discuss the three different wave flow diagrams, respectively.
Case I: from this diagram, we have

a =z2b, (2.262)
a3 =2"7b, (2.26b)
a=12""b (2.26¢)
Substituting (2.25a) into {2.24b)
[-vyx
by= —————— a3 2.27)
L-ys2z?

Substituting (2.27}, (2.26a) and (2.26b) into (2.25a)

22 Yai 217

by= b> (2.28)
L-yuz

Substituting (2.28) into (2.26¢)

Z -Yx
b= — 2.29)

z"! ~ Y2

Substituting (2.29) into (2.24b)
@' -va) (1 -yar)

= a; (2.30)
Z- Y5 (1 -Yo1) -z

Substituting (2.30) into (2.24a) and putting it into the form of a transfer function
br e ~Ya(l -Yaa)z +27
S= = (2.31)
a U -¥a(l -var)z? -yaaz?

Case 2: from this diagram, we have

13



aa =z by (2.32a)

a3 = z7'b, (2.32b)
a = b (2.32¢)
We can use the same approach as in Case | to derive bs, b3, by, the results are
L-yy
byz ——— a3 (2.33)
1-yuz?!
@' -va)z"
bi= b2 (2.34)
l-Ysz™
Z -Yx
z" -vy

Comparing (2.35) with (2.29), we see the same result. The next step is to substitute (2.35)
into (2.24b). Obviously, we will get the same relationship between a; and a; if we recall
(2.30) process. Furthermore, the transfer function S is identical to (2.31).

Case 3: from this diagram, we have

ay=z"bs (2.36a)
a3="b (2.36b)
112 =2z -Ib3 (2.36c)
We follow the same idea as in the Case 2 discussion, we get

1-va

by= ———m— a3 (2.37)
L-ynz™

27 - Yy
b= by (2.38)

1- v z?!

From (2.36¢), we have

Z -Yi
b= —mm—— 2, (2.39)

-1
Z -Yi

14



(2.39) is equal to (2.33), as discussed in Case 2, (2.39) will result in the same conclusion regarding

transfer function S.

Furthermore
1-B;
Yiiz= ————— (240)
t+ B;
A;-B; -1
Yaa= """ (2.41)
A +B;+L
where
Yo AW+ B; 1-z
Sy = ——m and substituting Y=
¥+ AW+ B; l+2z7

and comparing with (2.31) yields (2.40) and (2.41) [3].
2.4.3 The synthesis by cascaded allpass sections

Finally, we can build the completed structure of a lattice WD filter for the most common cases,

such as Butterworth, Chebyshev and Cauer (elliptic) responses. The block diagram is as follows:

15



Figure 2.10 Block diagram of the odd order common WD lattice fiiter
wheren =35, 9, 13, ...as the upper structure
n=7, 11, 15, ... as the lower structure

2.5 The principles of the explicit formulas for WD lattice filter design
As we discussed in 2.4, a WD filter is derived from a real lossless reference filter via the voltage
wave quantities. For a lattice WD filter, the reference filter is a real symmetric two port.

The reference filter is defined in the ¥ domain. The appropriate choice for ¥ is the bilinear

transformation of the z-variable.

z-1

Yo — (2.42)
z+1

To consider the frequency response, the Laplace variable ¥ is evaluated on the imaginary axis and

the z-variable is evaluated on the unit circle. i.e.
Y=je@ (2.43)
z =el®T (2.44)

16



where @ is the analog frequency and @ is the digital frequency.

Substituting (2.43), (2.44) into (2.42)

¢ =tan (WI/2) (2.45)
where T = I/F and F is the sampling frequency. (2.46)

From Figure 2.7b, both lattice branches of the lattice WDF S;(y) and S;(y) are allpass functions.

Consequently, we can describe them as follow

g (-v)
Sy= + ————— (2.472)
g (y)
g2 (-}
Sy (2.47b)
22 (v)

where g; (W) and g; () are Hurwitz polynomials of degree N; and N, respectively.

The corresponding transfer functions can be derived as follows:

S| +852 h (w)
Si1=8n = = (2.482)
2 g W)
S2:-S; £ (y)
Siz=8y = = (2.48b)
2 g (W)

where h (y), f (v) and g (y) are called canonic polynomials.

Substituting (2.47a), (2.47b) into (2.48a) or (2.48b), we get

g =g (¥ g2 () (2.49)
hy) =% { g (W) g2 (W) +- g (-9) g2 (W) } (2.50a)
Fw) =% { g (W) g2 () /+ g1 (-v) g2 () } (2.50b)

17



From the above, we know that g (y) is a Hurwitz polynomial of degree N, i.e. the filter order. (It
must be an odd number for lowpass filters.) Consequently, a lattice WDF is the sum of the degrees
of the two reflectances S; and Sy, i.e. N=N; + Ny

18



Chapter 3

The Coefficient Calculations with Explicit Formulas
For Lattice Wave Digital Filters

We take advantage of explicit formulas as the basic approach to the design of lattice wave digital
filters, and to achieve designs of the most common type of WD filters, such as Butterworth,
Chebyshev, and Cauer filters. We write programs for the coefficient computation and frequency
response characteristics based on the filter specifications and properties.

First of all, we define some notations in terms of lowpass fiiter design specifications comresponding

to attenuation as shown in Figure 3.1.

Attenuation in dB
4 |
ZJS e E
/ i
/ |
/ |
A 1
/ |
j I
a, L Ll A et i E
/ I
/ 1
/
P Frequency
‘ Passband Stopband

Transition Band

Figure3.1  Alowpass filter design specifications

9



In the above figure, we now define the notation as follows:
e a,: maximum allowable attenuation in the passband
e ag specified minimum attenuation in the stopband
o fu: upper boundary frequency of the passband
o fi lower boundary frequency of the stopband

e F: sampling frequency

3.1 The description of the digital lowpass filter specifications
The digital lowpass filter specification used is illustrated in Figure 3.1. The attenuation function of
the digital filter Ap (e) is defined by
Ap(€”)=-20log ( Hp (") |) 3.0
where Hp (ej“’) is the transfer function of the digital filter. The units of the attenuation axis are
decibels. The frequency variable ® has units of radians and is related to the z-transform variable by
z=¢e® (3.2)
where @ = 21tf/F and @ = tan(w/2) = tan(xf/F)

The attenuation function must be within the un-shaded sector shown in Figure 3.1.

The five variables that constitute the specification set ( ap, a, fp, fs, F ) are described as follows. The
frequency band (0, 0.5F) is divided into three sub-bands by the variables f, and f.. We define the
sub-band (0, £;) to be the passband, (f;, f;) to be transition band, and (f;, 0.5F) to be the stopband.
On the attenuation axis we define a reference level whose value is given by the minimum attenuation
of the specific transfer function solution in the passband. The variable 2, defines the maximum
attenuation relative to the reference level that the attenuation function Ap (ei"’) is allowed within the
passband. The variable a5 defines the minimum attenuation relative to the reference level that the
attenuation function Ap (ej"’) is allowed within the stopband. There are no restrictions on the
attenuation function Ap (&) within the transition band. The design procedure in the following

sections is taken from Gazsi[2].

20



3.2 The coefficient computation

&=V 105" (3.3)
&=V10®0 | (3.4)
where & € are the ripple factors in the stopband and passband, respectively.
@s=tan (nfs/ F) 3.5)
@p=tan (nf,/ F) (3.6

where @ (p are corresponding analog frequencies determined by the pre-warping effect of the
bilinear transformation.
Secondly, we consider the determination of the filter order N according to the above specifications.

A minimum value for the lowpass filter order could be estimated by the following approximations
¢t In (c2 €/€p)

Amin = 3.7
In (c3)

where ¢, c3, and c; are given in Table 1 with

ko= @5/ @y (3.8)
and
kit =k +Vk'*- 1, fori=0,1,2,3. (3.9)
Table 1: Parameters for Approximation of the Filter Order
Filter = Type 1 c2 c3
Butterworth 1 1 ko
Chebyshev L 2 ki
Cauer (Elliptic) 8 4 2ks

The value of ng, might not be an odd number. Accordingly, we can choose the smallest odd
number N as the design filter order satisfying
N 2 nuin (3.10)
The next thing we should do is to calculate the coefficients of the specified filter type. We split it

into two steps: the first one is to ensure the design range, the second one is to compute the

21



coefficients. Now we will show the calculations for the Butterworth, Chebyshev, and Cauer

(Elliptic) lowpass filter types, respectively.

3.3 The calculation of the coefficients for Butterworth response

Butterworth filters are “maximally flat " in the passband, and they have the most linear phase
response in the passband compared with other types of the filters, such as Chebyshev, inverse
Chebyshev, and Cauer (Elliptic) responses. We will show their characteristics combined with design
examples in chapter 4.

3.3.1 Determination of the design boundary

Define
Ny epl N (ppl
ko = (3.1
N\]?pr + (ppl
N\/_Z 2
Es = (Ps
ki = — (3.12)
el +o!

where ki, k; are the auxiliary parameters.
Now we can choose an arbitrary value for “r” which satisfies the inequalities
ks € r £k (3.13)
If ks £ Oand 0 < kp and r = 0 is chosen, it will lead to the bireciprocal case, which we won’t
discuss in advance.
3.3.2 Determination of the coefficients
When we choose the value in an appropriate manner, the multiplier values (coefficients) can be

obtained as follows:

l+r-V1-r
Yo= (3.14)
+r+V1l-r

Vi-F -cos(mi/N) -1

ViI-r -cos(ni/N)+ 1

Yai-1 = (3.15)




Ya =t (3.16)

3.4 The calculation of coefficients for Chebyshev response

A Chebyshev filter contains a passband ripple and the phase response in the passband is less linear
than the Butterworth filter. However, the magnitude response drops off more sharply than the
Butterworth filter, i.e., typically, a lower filter order is required. We will show its characteristics
combined with design examples later.
3.4.1 Determination of the design boundary

Define:

2g
€pmin =" 3.17D
k"
where & min 1S the smallest possible value of the passband ripple factor;

k, is given by (3.7).
We can choose an arbitrary value Ep' as an actual passband ripple factor which satisfies

Epmin £ & < g (3.18)
As we know, the whole design margin will be allocated to the passband if Ep' = € min IS Selected.
This will result in the exact bound with given specifications under the circumstances. We use this
condition (Ep' = €p min) i0t OUr considerations.

Again, we define additional auxiliary parameters as follows:

! 1
w= + + 1 (3.19)
& &

1

r=(w-—)-@q (3.20)
w

and

3.4.2 Determination of the coefficients

2-r
Yo = (3.21)
241
A;-B;-L
Vai = — 3.22)
A;+ B+l



Yo = —— (3.23)
1 +Bi
where Aj =r-cos(mi/N) (3.24)
Bi = { w?- l/w?-2 . cos(2mi/N)} (3.25)
with i=1,2,...,(N-1)/2

3.5 The calculation of the coefficients for Cauer response

The Cauer (elliptic) filter contains a ripple in the passband and stopband. The phase response in the
passband is the most non-linear of the common filter types. However, it contains the sharpest drop-
off. Therefore, typically a lower order filter is required to meet the specifications.

3.5.1 Determination of the design boundary

Define
o=V &g (3.26)
and furthermore
f=ri+Vre - | fori=0,l (3.27)
n=%( Wi ) (3.28)
xa =Vl (x; + Ux)) fori=4,3,2,1 (3.29)

where rg, i+, s, and x;.; are the auxiliary parameters.
Now we define the minimum value of the lower stopband edge frequency, f; min, in terms of x,
fs win = F/TC ~arctan (@pxo’) (3.30)
From (3.28), we can choose the actual value of the lower stop edge frequency, f,, which satisfies
the inequalities
o < f, < f (3.31)
As we know, f, = fy mia would allocate the whole design margin to the transition band, or to the
passband and to the stopband if f, = f, chosen.

According to (3.3) and (3.29), we can get

@s = tan (nf. /F) (3.32)
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then

Q=Vos /¢ (3.33)
furthermore
gn =gt +Vq -1 for i=0,1,2,3 (3.34)
ms = % ( V25 (3.35)
my =YY% (m; + 1/my;) fori=4,3,2,1 (3.36)
From the above, we can finally compute my, and then we have
&
€ min = - (3.37)
mg?

where €, mia is the smallest possible value of the passband ripple factor.
Similarly, we could choose the actual value g, which satisfies the inequalities
Epmin < & S § (3.38)
As we discussed before, this will allocate the entire design margin to the passband if &, = €y, and

to the entire stopband if €, =&, is selected.

3.5.2 Determination of the Coefficients

Define the auxiliary parameters as follows:

i
+
+
—

8t (3.39)

g =migt+V (mg) - | fori=1,2 (3.40)

/ / (— ) + {(3.41)

I 1
(w -—) fori=5,4,3,2,1 (3.42)
2q4 Wi

Wi =




Then the coefficient value of the multiplier, o, can be calculated by

I+ WoQoPo
Yo = (343)
l - woqoo

Now we define auxiliary parameters for the calculations of the other multiplier values as follows:

q4
Cyi = fori=1,2,...,(N-1)22. (344
sin (iT/N)
L 1
Cj-[_i = { Cj_i - — ) fori= 4,3,2,1, (3.45)
2gi.1 Cii
yi = 1/ Coy (3.46)
sz + yiz
B = - (Qo@p ) (347)
L+ (wowi )
2wo Qo @p L ,
A = [- (g +——- %)y (348)
L+ (woy) Qo

We can get the rest of the multiplier values fori=1, 2, ..., (N-1)/2 using

Ai-B;-1
Yoy = ——— (3.49)
A;+Bi+l]
1 -B;
Yo = ——— (3.50)
1 +B;
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Chapter 4
The Design Procedures with An Example

In this chapter, the whole design procedures with an example are described step by step. At first,
an overview of the common design procedures via a flowchart is present. Secondly, we take a 9™
order Cauer (Elliptic) lowpass filter design as an example with the detailed procedures. With the
general specifications, the source codes and data files in different directories are specialized for
different purposes, such as calculating coefficients, generating a test vector, viewing the
characteristics of the filter, loading input and output data for Matlab simulation and define EVM
implementation, comparing the difference between simulation and implementation. After the design
is completed, a preliminary analysis is present. Based on all types of the filter designs, the analysis
of the results in detail will be provided in chapter 5. There are a lot of files (source codes and data
files) that need to be dealt, Section 4.13 describes the file management and naming convention. The
same procedures could apply to different types of filter design, the results of 2 7" order Butterworth
lowpass filter design and a 5™ order Chebyshev lowpass filter design are present in Appendix A and

Appendix B as references.
’ General Specification

Directory Creation Windows Explorer

Coefficient Calculation

| Design Procedures KNRNEEENN Tool List

Filter Characteristics

Trmamimi aes L S TGk AN T ST T — = EEEES

e T e

| Input Comparison

I . : CrossView Pro ‘
identieal ™ " Co 8 ‘ DSP563xx

——-—] [-—-—— Implementation Sy
B ’ : : : Tasking DSP563xx
: . . EDE

-

>

RS imulion R R T

R o : » Comparison .

Figure 4.1 The flowchart of design procedures and tools
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4.1 General Specifications with an example of a 9" order Cauer lowpass filter

According to the definitions from Figure 3.1, we define the general specifications of a 9® order

Cauer lowpass filter as follows:

Example:  a9™ order Cauer (Elliptic) WD lowpass filter design

General Specifications:
e Passband Frequency: = 3500 Hz
¢ Passband Attenuation: = 0.3 dB

Stopband Frequency: = 4000 Hz
Stopband Attenuation: = 80dB
Sampling Frequency: = 16000 Hz

4.2 Directory creation to manage the source codes and data files

L. Create 1 directory, called WD_Filter_Design, and 7 subdirectories under this directory

as follows:

& F-A\WD_Filter_Design

The above 7 directories contain the sources codes and data files with different purposes.

2. At FAWD_Filter_Design\common_source, we put source codes with the filter
coefficient calculations, test vector gencrator and the program to compare the input signal
with different platforms. After compiling source codes with MS-Visual C++, we can get

executables, such as cauer_calexe, for coefficient calculations, and run
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testingVetctor_gear.m to obtain data files, which contain test vector data. This directory is

similar to the following:

;\Wi)_F;llel_Design\commoﬁ_soﬁicé

2] print_min_

_powesSNR.dat
@ comp_testVector.m
@] matiab_sim_inputm

caues_var_func.h
cheby_calc
cheby_var_func.h

[ public._func.c

[¥) dsp_io_dataCollected cmd
butter_var_func.h @cal_source.zip
cauer_calc

‘{_Jcheby calexe

El] fiterType_Nth_rawData asm [i] testingSignal_gear.m

[®) matiab_sim_inputSignaldat  [E¥butter_calci

[®] matiab_sim_inputSignal_org.dat [£) butter_cal_analysis.c

[9] matlab_sim_inputSignal_real dat
print_matlab_sim_input.dat [&

3. At F:\WD_Filter_Design\dsp_impl_cauer9, we put source codes with the DSP

implementation required. After compilation by TASKING DSP563xx EDE Source Compiler,
we will get the executable, 9th_cauerfilter.abs, which can be downloaded to the
DSP56307EVM board. By using the debugging tool, CrossView Pro DSP56xxx Debugger,
we can collect input and output data from the designed filter. The whole set of files in this

directory is similar to the following:

; —‘3 F:\W[)._Filler_D esign\dsp_impl_cauer9

Lo

% &3 dsp_impl_cauerd N R
flmiSth_cauerfiter.abs ]

, X [S1ah_cauerFiter.bat (] twoport_adap.sic
5 @ cauer_9th_main.bak, E] cauer_Sth_main,obj € Xh_cauerFiter.pit

) vwini #] cauer_Sth_rawdata.obj 8] cauer_Rh_const_templh
, [®) dsp_inputSignal_rawDatadat ] twopart_adap.obi %] cauer_Sth_main.c
[#] dsp_outputSignal_rawD ata.dat @ Sth_cauerFRer.opm lquntt_Adanc

1lm) 2h_caverFiter.err {] Sth_cauerfites.out P dsp_io_dataCollected cmd

When compiling source codes, some files in this directory, which are for debugging only. are

automatically generated. The directories F:\WD_Filter_Design\dsp_impl_cheby5 and
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F:\WD_Filter_Design\dsp_impl_butter7, which are focused on the implementations for a
5™ order Chebyshev filter and a 7 order Butterworth filter on an DSP56307EVM board are
for the same purposes as above, respectively.

4. At F\WD_Filter_Design\matlab_sim_cauer9, we put Matlab source codes and the data
files generated, which are for a 9" order Cauer filter analysis of the filter characterization,
Matlab simulation, and detailed filter destgn verifications in both ways, i.e. simulation and

EVM implementation; this directory is similar to the following:

: c"';_i':\WD-_Fvilvte'r_’Design\maflab_sim_ﬁaue;g'

LAY

] l—r"’i EE% =0

12] dsp_impl_inputSignal dat 19) pint_sim_impl_power_comp_caverdat W] sim_inpl_compm

[#) dep_inpl_outputSignal dat %dsp_&nu_mm‘ Two_adapm

(9] dsp_inputSignal_512x4.dat dsp_impl_outputm (@] wdter.m

[#] dsp_outputSignal_5124 dat @) dsp_in_out_joadm ) matiab,_sim_inputSignal dat org

(E] pint_dsp_impl_outpul_cavesa it

() piint_matlab_sim_output_cauerd.ba
(8] pint_sim_impl_input_caverd.ba

] print_sim_impl_powes_comp_cauer3.ti

9] matiab_sim_inpuiSignal dat W) impuése_resp.m
) print_dsp_impl_input_cauerd.dat matiab_sim_outputm
prnt_dsp_impl_output_caverddat (] showm

[#] pent_matlab_sim_output_caerddat (W] show_2m

The directories F:\WD_Filter_Design\matlab_sim_cheby5&F:\WD_Filter_Design\matlab_sim_butter7

that are specialized on the design of a 5th order Chebyshev filters and a 7th order

Butterworth filters are for the same purposes as above, respectively.

4.3 The compilation and execution of the source codes for the coefficient calculation

At this step, we compile the source codes of the coefficient calculations and execute the executable

to obtain the coefficients that satisfy the general specifications:

At FAWD_Filter_Design\common_source, we load the source files:
1. cauer_func.c
2. cauer_cal.c
3. cauer_var_func.h
4. public_func.c

Next we use the MS-Visual C++ complier to generate the executable, called cauer_cal.exe, and then

run this executable with the MS-DOS window, it will give you the results of the coefficient

calculation on the user interface.
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"~ Command Prompt

IF?\UD_FiIEE;:Bégign\conmon_sourceScauer_cai'_A'

% To calculate the coeffieients for Cauer{Elliptic) filter
% Please input the value:fp.,ap.fs.as.F, respectively

Uhere:

upper edge frequency of the passhand;

maximun allouvable attenuatien in the passhand;
louver edge frequency of the stophand;
specified ninimpum attenuation in the stopband;
sanpling frequency.

LIV F R | I

Passhand Frequency:
Passhand Attenuation:
Stopband Freguency:
Stopbhand Attenuation:
Sampling Frequency:

| [T R

36 2 MM NI P T N M I M 0 3 D - 363 T D - 3 e 2 M N M- B M P 2 3
I Mininum filter Order is 8.937960 *
| * Please Choose the Filter Order N *
R R e R e R R ik 2 e m R d Rl R AR ol ah ol an Rk a R ook amal st ool stanal ol nanaRakobeBalteBad o S 2o m 2.8 2 3 2 8 2 oy 2 2 2 2 o ]

The Selected Filter Order: N = 9

I T T3 I I IR I P I S0 2 D P I T T I o 2 - D - 2T 3o P T R D MMM
{* The filter order selected is N = 9

% The actual attenuation in passhand iz 9.3808868 dB

% The actual attenuation in stophand is 80.608868 dB

[ D3I 34 P I I T2 2 DT T o D M M - JEPE- - DI 3 I D26 W3- M3 M- 2R MO DR

B.6083586
-8.483165
9.689629
-B.697988
B.409262
-8.859177
B.251224
-0.9596%1
B.189858

coefficient_0
coefficient_1
coefficient_2
coefficient_ 3
coefficient_4
coefficient_5
coefficient_b
coefficient 7
coefficient_8

U ({1 N T | B

30 PP T M3 M - - D - P I D B 36 SE 26 - e - 33 2 e - o - M M
»
All coefficients are quanticed to 24 bits. *
»*
T P o Tt e P -] .3 3 B xS o Srap g 3

L F:\UD_Filter_Design\conmon_scurce

Figure 4.2 User interface of the coefficients for the Cauer lowpass filter with the specifications

4.4 The characteristics of 9™ order Cauer lowpass filter design

e At F:\WD_Filter_Design\matlab_sim_cauer9, we load the Matlab’s source files:
1. Two_adap.m
2. wdfilter.m

3. impulse_resp.m
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put the coefficients, which are calculated by cauer_cal.exe, into wdfilter.m, and run
impulse_resp.m to check the impulse response characteristics of the 9™ order Cauer
(Elliptic) WD filer. We also need to declare the coefficients to the implementation source

code cauer_ 9th _const templ hatF: \WD Filter, Deslgn\dsp lmpl cauer9.

function output = ydfilter (FFTsize, inpuc)

¥The 9th Cauer (Elliptic) WD Latctice Adaptor
a=zeros (18, 1) -
b=zeros (18, 1) :
¥ Caoerfficiants for Satisfying the Specifications
* £p=3.5 kHz, ap=0.3 dB, f£==4.0 kHz, a==80.0 dB, F=15 kH=z
*The following coefficients are related to 24| bics
r0 0.603586:;
Tl -0.483105;
r2 0.689629;
c3 -0.6987908;
c4 0.409262;
-0.859177:
0.251224;
-0.959691;
0.189050;
as 1nput sxgnal tor che purposes of cthe xmpulse

Figure 4.3 The coefficients in wdfilter.m for the 9 order Cauer (Elliptic) WD lowpass filter

\3 i AWD Falter De"lqn\(l . mpl_cauer9\cauar_Uth _const_templ h

#define ro 0.603586
ftdefine 1 -0.483105
N #define 2 0.689629
j #tdefine »v3 -0.6497908
fidefine ra& 0.509262
Sdefine r5 -0.859177
fidefine ré 0.251224
#idefine r7 -0.959691
ftdefine r8 0.189058

_Ffract adap_1(_fract x1, _Ffract x2, const _fract r);
_fract adap_2(_#fract =1, _fract x2, const _Ffract r);

WD lowpass filter
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Figure 4.6 The detailed response in the passband and stopband of the 9™ order
Cauer (Elliptic) WD lowpass filter



4.5 Test vector generation for simulation and implementation

To verify the filter for simulation and implementation, we need to generate a test vector and pass it

through different types of filters with the Matlab simulator and DSP56307EVM, respectively.

Test vector description:

)

fundamental frequency = 500 Hz

sampling frequency = 16000 Hz

test vector size = 2k, i.e. 2048 samples

low frequency component: 0.070sin(wqt) + 0.045 sin(2.2wt)

high frequency component: 0.041cos(12.5wet) + 0.062cos(14.2wm0t)

noise frequency component: 0.024*random(highFrequencyComponent + noiseComponent)

where wg = fundamentalFrequency / samplingFrequency, t is time

[nput Signal = lowFequencyComponent+highFrequencyComponent+ randomFrequencyComporent

Test vector generation:

At FAWD_Filter_Design\common_source, we run testingSignal_gear.m and plot out the
figures for the input signal in the time and frequency domains for Matlab simulation and
DSP36307EVM implementation; this script can also generate data files:

1. matlab_sim_inputSignal.dat,

[ 8]

print_matlab_sim_input.dat,

3. print_min_max_power_SNR.dat.,

The file print_min_max_power_SNR.dat can capture the maximum and minimum
amplitudes, which should be within (-1.0, +1.0); this specification is only for the DSP
implementation, real input power, noise input power, and signal-to-noise-ratio (SNR) in dB.
The data file, matlab_sim_inputSignal.dat, is to collect input signal data in 2048x 1 format,
which will be applied for the simulation and DSP implementation of 3 different types of
filters. The reason we need to collect the data file is that the noise component is a random
one. When we run this script at different times, we will get different input data. So the benefit
of this data file is to guarantee passing the same vector through simulator and DSP EVM.

Alsg, it is nccessary o Copy it 10 the directory, F\WD_Fiiter_Design\maiiab_sim_cauer9,
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for simulation, and copy it to the directory FA\WD_Filter_Design\dsp_impl_cauer9, for
implementation. In this directory we change the data format and save it as the name,
cauer 9" _rawData.asm due to constraints of the DSP tool. The data file,
print_matlab_sim_input.dat, is for print (512x4 format) purposes only.

51 Programmer’s File Editor

. E F:\WD_FiﬁeI;Design\commdh_so.urce\pn:'nl_min_max_poweLSh'IH,dat
j{ The Following will show minimum & maximum amplitude of input sigmal

Hmin_Input =

-0.24713814452128

max_Input =

6.236105552650896

The following will show the powers of input signal & noise signal

s
~ 8

real_input_power =

oy,
A3

.,
-
AR

12.74844425297083

Fak

o

noise_input_power =

i

1.21406243812058

The following will show the signal-noise-ratio of the signal
4ISNR_dB =

10.20943549214985
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0.10813634348962
-0.038121084950546
0.095603897478153
8.05654873843860
0.069877563254867
0.11682196150487
8.08860526405778
8.14461289199872
8.82255874634048
0.07 0429794065599
8.082173321926057
0.02936388429663
-0.0845320854364344
0.08710732212991

matlab_sim_input_print =

0.10813634348962
~8.038121684950446
8.095603097470153
8.05644873843860
8.86987763254867
0.116821961508u87
0.808560526405778
0.14461289199072
0.02255074634048
0.07042979405599
9.02173321926057

0.89690295393895
-0.81195797988713
0.12408613258667
8.63298533582983
0.161808885361863

0.06057107247970

0.07491858601783
0.03545193765097
0.065697816173007
-0.0812219156252761
0.83492439685068

0.01706827000395
0.684103567027956
8.813265427280612
0.07580949132484
-0.02492148169558
0.01819381136058
0.087599173767817
-0.05255539260917
0.11033480921582
-0.02437868602298
0.16471654585993

-B.81845756511470
0.00214352522238
-0.05590770949939
0.05865947781262
~08.06409152519471
0.10976143679999
0.01689743074387
0.0598475719K147
0.17548362355334
~0.04663582302492
0.23610556265896

9.07519228436969 0.09018184685920 0.051089952767089

org x.".cauer_pth_}awbata":$6800

6.10813634348962
-0.03812104950446
0.09603097470153
0.05644873843860
0.06987763254867
0.11682196150487
0.00860526405778
0.14461289199072
0.62255074634048
0.070842979405599
8.02173321926057
0.02936388429663
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4.6 The simulation with a 9" order Cauer (Elliptic) lowpass filter
¢ At FAWD_Filter_Design\matlab_sim_cauer9, we can run matlab_sim_output.m; it will
show the output signal in the time domain and frequency domains graphically by passing the

test vector, matlab_sim_inputSignal.dat, to the 9™ order Cauer lowpass filter.
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Figure 4.10 Simulation: Output of the 9™ order Cauer (Elliptic) lowpass filter

for the test vector
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4.7 The compilation of the source codes with 9" order Cauer filter implementation
Using the TASKING EDE, we compile the source codes of the 9™ order Cauer (Elliptic) lowpass
filter to obtain the executable, 9 _cauerfilter.abs, which can be downloaded to the DSP56307EVM.

o At F:\WD_Filter_Design\dsp_imp!_cauer9, we load the source files:

1. cauer_9"_rawData.asm

2. twoPort_Adap.c

3. cauer_9'h_const_templ.h

4. cauer_9m_main.c
Open TASKING DSP563xx EDE Source Compiler, create a project file, called 9”'_cauerFiIer.pjt
and add the above 4 source files to the project. Now we can link and build this project and generate
an executable, called 9 _cauerfilter.abs, which can be downloaded to DSP56307EVM board for the
implementation.
4.8 The implementation of the filter in DSP56307EVM with the test vector

* Open CrossView Pro DSP56xxx Debugger, clean up the memory and download
9*_cauerfilter.abs to the EVM, and run using GO in the CrossView command window.

& To collect the input signal data and cutput signal data at the particular memory addresses and
using decimal format, in the cauer_9_const_templ.h, we pre-set the input data at
X:0x6000 and the output data at X:0x8000. To do this, we can perform a set of commands
in the CrossView command window by using a script file, called
dsp_io_dataCollected.cmd, as follows:

Ei_, Plogmmmm s FIIL Edltm - [F \WD_Filter De*lgn\dsp impl cauerg\dsp 0_ dalaCollecled cmd] [—[_—[_!
e - O

n» dsp 1nput$1gnal rawData dat
F#(_X:0x6000)/2048r

»c

1>> dsp _outputSignal_rawbata.dat

Figure4.11  The script file, dsp_io_dataCollected.cmd, to collect input and output data
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® In the command window of the CrossView Pro, send the command
“<dsp_io_dataCollected.cmd” which will automatically collect input data from X memory
X:0x6000 and save it to the file dsp_inputSignal_rawData.dat and gather output data from
X memory X:0x8000 and save it to the file dsp_outputSignal_rawData.dat both data files
have 512x4 format.

® Use MS-Excel to delete the symbols in dsp_inputSignal_rawDatadat and
dsp_outputSignal_rawData.dat and save as different names, corresponding to
dsp_inputSiganl_512x4.dat and dsp_outputSignal_512x4.dat, copy them to the directory at
F:\WD_Filter_Design\matlab_sim_cauer9.

B1
E H
— 0J0813831 | 0.0341211. 0.098031 0.0564467
" 0.0e%a776! 0116822, 00088052, 01446128
00225807, | 0.070428; 002173320 T 0.0293639
T Q0a5305] 0.0071674. 110307366 0.0032244]
0.0294893] 0.095573 01261073 —10.0535551
T 00353537] | 00345342 0.0995814 T D.0062604
~0.1881002 00072453 -0.1555548 .0.083754]
— 0.0794195 -0.0550655 | -0.0522745 0.0682025!
0.6108831 0.0776495. 0.1615198 0.0196471;
_ 0.1653485, 0,0587324. 0.0590598 0.0132866)
D.0077853] _ D.0524517 -0.0705719 0.1196507
0.0090675 01099722 0.0681047 0.0551055
0.013885 0.07468 -0.0266993 0.0734271
0.0106743] 01825204 0.0002749 0.2247185
-0.04436151 0.1425134| Q05873041 0.0285883 _
rawDota
*(_%:0x8000)/2048r . ! ;
X:$6000 = - 0.0005842 0.0034518 0.01038 0.0240216 :
X 56004 = 0.035609 0.0533118 G.061592 0.0667683 ;
X 56008 = 0.0727032 0.076992 0.0799458 0.0710524
X.$600C = 0.0550267 0.0382425 0.0234041 0.0085514
%:$5010 = -0.0048618 -0.0086191 0.001555 0.0171615
X $6014 = 0.0215979 0.0306246 -0.0020508 -0.0036639
X.$6018 = .0.0036964 .0.0229499 -0.0620523 -0,0979474
%$6e01C = .0.104735 0.0883523 0.0768025 0.0819715
X.$6020 = -0.0531306 -0.0551037 -0.0025222 0.0453521
%-$6024 = ; 0.0703201 0.05811161 0.0909176 0.0927298
X:$8028 = : 0.0599342 0.0263344 -0.0097665 00151652 _
% $802C = 0.00356627 0.0225701 0.0312256 0.0400436 —
X %8030 = 0.0590494 0.0789671 .0906619 0.0562966 :
% $8034 = 0.0255605 -0.001316 10.0206249 05.0429959 .
%:$6000 = : 00713661 0.0999296 -0.1159093 01152055
aut al_rawData

Figure 4.12  Data files: dsp_outputSignal_rawData.dat and dsp_irnputSignal_rawData.dat
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At F:\WD_Filter_Design\matlab_sim_cauer9, we could load source code, called
dsp_in_out_load.m, and run it. This script will automatically generate 2 data files
dsp_impl_inputSignal.dat and dsp_impl_outputSignal.dat with 2048x} format. The 2 data
files stand for real input and output data implemented on the DSP56307EVM board,
respectively.

b B Plo-glaAmmer'rsﬂFile Editor -

B FAWD_Filter_Design\matlab_sim_cauer9\dsp_impl. inputSignal dal

o 8.19813630000008
-0.03812110000408
8.09663100000084
8.0564487 08380000
0.06987760008800
8.116822084060000
§.00860520000000
0.154612900084800
9.02255870006000
0.070429800000680

8.008584208900840
0.003451800006800
0.01098000008000
6.82402160400000
0.063980%00000000
0.05331190006000
0.861592000809080
0.066768300000080
0.07270328890000
0.07899286000600

B

Figure 4.13 Data files: dsp_impl_inputSignal.dat and dsp_impl_outputSignal.dat
At FAWD_Filter_Design\matlab_sim_cauer9, we load 2 source codes, dsp_impl_input.m

and dsp_impl_output.m, and run them individually, which will show the real input signal
and the output signal of the DSP implementation, graphically.

42



decaachosan = bomend -
13 +
. H
= — H
: » H
:
H
i =
* *
», .
o = ) ’
== = P S 4-
H 0
. *
' a =
: -
.
13
+ .
‘ =, . .
: :
H = H
doaaa enaads
H
[ »
B )
¢ I} 3
” ] _
x i
[ SRR A=) brad awann
H ’
' 2 :
H g
¢
—_— +
— 3 :
H . =
+ b *
* r— .
R = adaaan ] -
* [
H =
H ==
H - o
. O
- H
. —H i
—, 3
[ e !
...... ban TR )
H
*
i
— H
3 .
H
' .
n
= H
uuuuuu g = JRNEIDRS A 8
.
" == :
H H ey |
. h
H i
i
i
Iy i
:
H .
! B
...... [ Tee e
] -
: " i
H
- '
H =
H = 4
H —
1 =
7 H
—— H :
11 :
H .
H
H » >
*
oy * H
= H
H H
H
.
...... IS TS
» : :
. H
: H
3 + H
! i 3
1 H
: H
+ H
* * .
< :

lllll

|||||||

lllllll

nnnnnnn

nnnnn

. 1

.

. H

2 H

.

.

. 0

.

.

.

3 =1
nnnnnnnnnnnnnnnn
------- L ssssesmados
nnnnnnnnnnnnnnnn
||||||| dew e -

—
—
._
0000000 bocsasnavands
—
p—
vvvvvvv A A
-

Figure 4.14 Input signal in the time and frequency domains with DSP56307EVM implementation
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4.9 The comparison of the input of the test vector with different platforms
Due to the accuracy of the different platforms, such as Matlab platform or CrossView Pro
DSP563xx, we need to verify whether or not the data of input signal is identical with different
platforms. If not, a test vector from DSP implementation expects a re-simulation to guarantee there

is no any contamination from input signal.

e Open a text editor, such as Programmer’s File Editor (PFE), and compare the data file
print_dsp_impl_inputSignal.dat from F:A\WD_Filter_Design\matlab_sim_cauer9 with the
data file print_matlab_sim_input.dat from F:\WD_Filter_Design\common_source. And

run the comp_testVector.m at the sub-directory of common_source to check the difference.

& Progratnmer’s File Editor

@ matlab_sim_input_print =

0.108813634348962
-0.038121049505k6
0.80603097470153
0.05644873843860
0.06987763254867
0.11682196150487
0.008605264085778
0.14461289199072
0.02255074634048
9. 070&2979&05599

€.096902953924995
-8.01195797988713
0.124886132585667
0.063298533562983
0.18180805361863
0.06057107257970
0.974918586081783
8.03584193755097
0.05697810173007
-0.01221916252701

0.01786827006395
0.04183567027956
0.01326542728812
0.087530949132484
-0.02492158169558
8.01819181136058
0.07599173767817
~0.05255539266917
0.11833488921582
-8.825278885682290

-0.01855756511478
6-06214352522238
-0.05490770949939
0.050659477081262
-0.06409152419071
0.10976143679999
0.01689743074307
0.059448757194147
8.17548362355334
-8. N63582302h92

T

3 FA\WD_Filtes_Design\matlab_sim_cauerS\prnt_dsp_impl_inpul_cauerd dat

print_dsp_impl_input_cauer? =

0.108813630000000
-B8.03812110080000
0.09603100000080
0.05644870000000
0.0698776000a000
0.11682200000000
9.00860520000000
0.14461290000000
9.02255 078080049
0 070&2980800"0

€.096903600880080
-0.01195800800000
6.12488610600000
8.03298530080000
0.101808100000800
0.06857110a80080
0.07491860000000
l.snzuouanu
0.056978100800800
-0. 01221 92080.000

0.01706830900000
0.04103570000000
0.01326540000000
0.07530950000800
~0.02492150004040
a.91819380000000
0.07599170000000
-0.05255550008000
8.118334k30000000
-0. 32&3781 ooca090

-0.01845750000800
0.00214350000000
-8.05490770000000
0.05065940800000
-8.064Q9160000000
0.10976150000000
9.01689740000080
0.05944750000840
0.175483560000080

-9 maasooauuu

Figure 4.16 Input of the test vector at different platforms
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Figure 4.17 Input of the test vector at different platforms by running comp_testVector.mn

% The input signal is different with different platforms. To minimize the difference to zero, we
need to pass the test vector, dsp_impl_inputSignal.dat, which is less accurate than
matlab_sim_inputSignal.dat, to the Matlab platform again in order to guarantee that we pass

an identical test vector to both of platforms.
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mpl_inputSignal

4.10 Re-Simulation by passing the test vector, dsp

named

overwrite the data file,

putSignal.dat,
and run matlab_s

in

L

o Copy the data file, dsp_imp

tput.m again.

im_ou

inputSignal.dat,

im_i

matlab_s

swfmmmmembaccans
.

e P o b

-
D ]

Figure 4.18 Implementation: Output of the 9" order Cauer (Elliptic) lowpass filter

l.dat

igna

inputS,

I

_imp

for the test vector, dsp
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4.11 Data comparison between Matlab simulation and DSP56307EVM implementation

o The final step is to load and run the source code, dsp_sim_comp.m. The program is used to

compare the Matlab simulation with the real DSP56307EVM implementation in detail. The

comparisons are as follows:

L.

o
.

Input signal in the time domain. (data files: print_sim_impl_input_cauer9.txt, figure
4.19).

Output signal in the time domain (data files: print_matlab_sim_output_cauer9.txt
and print_dsp_impl_output_cauer9.txt; figure 4.20).

Output signal in the frequency domain (figure 4.22).

Output signal in the frequency domain with noise amplitude level (figure 4.23).

. The spectrum difference between the real and imaginary part of the output signal due

to complex numbers in the frequency domain (figure 4.24).
The detailed difference between the real and imaginary part of the output signal in the
passband and stopband. The reason is the same as in 5 (figure 4.25).

. Power comparison in the time and frequency domains in terms of Parseval’s relations

for aperiodic signals (data file: print_sim_impl_power_comp_cauer9.txt).
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The Follouing is input data “of DSP Inpleuentation & Matlab Simulatiom

8.10813630000008
-0.83812110000000
0.69683100060000
8.0564487030800006
8.0869877608008008
$.116822008008066
0.80860520300000
B.14461290060000
; 0.9225‘7“3..'
A i mm'l‘,h‘-‘l’n‘ i |‘;; A

with a 9th grder Cauer WO Filter

-8.83812119q000408
8.09503100065008
0.05555870000000
0.96987750000000
8.115822000080040
9.980860522000000
0.14461293000840
0.02255870000008

0. 07042980000080
Y YT A

| ,"ml.}flmj.rlm_u'ilz B

0l 47 g
-'1'|‘|'J u l'l 'l it |'f|‘|'f1’;’|':‘11'n';’1 l‘),?]‘!;’a'} (l' it lfl Vel

8.896031000800000
8.05644870800000
8.069877560000000
8.11682200080000
0.0088560520080000
2.134561290000008
8.02255070000000
0.87084298Q000000
8-0217332000004¢

8.0564487900000d8
0.06987760880008
8.11682200000000
0.008606520000000
0.14451290000000
9.02255470000000
0.07042980008800
0.82173320800000
0. 0296390“0“

[ i
;_uumum(

The following is output data of Matlab Simulation

0.0005842210617%
8.00345186857791
0.61098006537665
0.02502154155373
0.03980902251758
0.053312040838827
0.06159194624001
9.06676829022091

S ATTEITITAT

with a 9th order Cauer WD Filter

0.00345184857791
0.081098006537565
0.62402164155373
.03980902251758
0.05331204833827
0.06159194624891
8.06676829022091
8.07270317191878

8. onoozmsouasa ”
)

0.81098006537665
0.82502164155373
0.83980962251758
0.05331204038027
0. 06159194624001
8.06676829022091
8.07278317191478
0.07899201394358
,o7-9~oo1a1qaau

0.02802164155373
9.83980902251758
8.05331204038027
0.06159194625081
0.06676829022091
0.07270317191478
0.07899201394358
0.879946613 15464
§.07109237835078

IRy

( 11910
4 uuuf.unum/um»mum 1\

The Folluiing is output data of DSP Implementation

0.00058420000000
0.006345188800000
0.61098008000000
0.024021668000008
9.03980930060000
0.0533t1190000000
8.0615%9200000000
0.96676830000000
0.07270320000000

with 2 9th order Cauer W0 Filter

9. 0034580000000
0.01698000000409
0.025402150000008
0. 8398090000000
0.85331190000008
0.86159200000018
0.066768300€0000
0.07270320000390
0.07899200000080

o
'vv'u T N

gEe

FTAT AN umm 41

5t

8.01095000000000
0.02402160000000
8.839809000008000
8.05331190000000
6.0561592000008000
6.866768306000000
8.487276320080000
2.07899200008000

§7994660000000

0.02402160008000
0.63980990000008
0.05331190000000
0.06159200000000
8.06676830000000
8.07270320000000
2.4789924000a8000
0.0799465 0000000
§.071 WZM“IIIMO

Figure 421 The data files of input and output with simulation and implementation
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Figure 4.25 Output: Real part and imaginary part difference in the passband and stopband

! E"’ r‘loqlamnu'l s r:l- Ednlul lr \Wn fllh i_Des u;n\mull \h sun_caue l‘)\punl sin lmpl powel _comp caue 19 le]

[r

AT R TR,
: w

D P T N L

Comparison nith HMatlab simulation & D§P56307EGH 1nplenentation

by a 9th order Cauer WD Filter in terms of Parseval Realation
Simulation in time domain: Input Signal Power ~ 13.80498097035438
Simulation in freq domain: Input Signal Power = 13.80498097035537

Implementation in time domain: Input Signal Power = 13.80498097035438
Inplementation in freq daomain: Input Signal Power = 132.80498097035437

Simulation in time domain: output Signal Power = 7.22122048081833
Simulation in freq domain: Output Signal Pawer = 7.22722p048081834

Implementation in time domain: Dutput Signal Power = 7.22121962155052
Implenentation in freq domain: Output Signal Power = 7.22121962165052

The fFollowing is to compare power difference of output signal
between simulation and DSP implementation

Qutput Signal: Power Difference in time domain - 0.00000085914781
Output Signal: Power Difference in freq domain = 0.00000085916781

(A L 3 i

Figure 4.26 Power comparison: data file, print_sim_impl_power_comp_cauer9.txt
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4,12 Preliminary analysis

e The values for the input signal of the simulation and implementation are identical, which
guarantees there is no impact of different platforms for the test vector.

» The values for the output signal of the simulation and implementation in the time domain and
the frequency are very close, which indicate the signals we gathered are correct with respect
to Parseval's relation.

o From a Parseval relation point of view, the power difference in the time or frequency domain
between Matlab simulation and DSP56307EVM implementation is about 8.59x10”7, which is
acceptable for the design.

e Due to complex numbers in the frequency, we compare the output difference between the
Matlab simulation and the DSP56307EVM implementation using the real part and imaginary
part of the passband and stopband, respectively, and graphically. We can see the difference is
within 8.0x10” ~ 1.5x10°® (Figure 4.25), which is acceptable.

4.13 File management and name conventions

There are a number of files including source codes and data files with a variety of names. To make
them more readable for the reader, we introduce the file and directory name conventions and clarify
the file managements with the example, 9" order Cauer lowpass filter design. The examples, a sm
order Chebyshev lowpass filter design and a 7" order Butterworth lowpass filter design use the same
conventions and file tree. We list four figures from a high-level view to the details to show how the
file is managed and explain the name conventions of the directory, source code and data files. We

use bold font in the names for directories or source codes and bold and Italic font in the names for

the data files or executables.
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WD _Filter_Design

AT Sy ©

_ root directory

B sub-directory

Figure 4.27 9th Qrder Cauer Filter Design: Source Code and Data File Management
High Level View

WD_Filter_Design: directory that is the home directory for the overall filter design. The
directory contains 7 sub-directories. In Figure 4.27, we only show 3 sub-directories for the 9"
order Cauer lowpass filter design.

common_source: sub-directory that includes all 3 types of source codes and executables for
the coefficient calculations of the filter design. Also it covers with source codes and data files
for the vector generator as an input signal for the verification.

matlab_sim_cauer9: sub-directory, _cauer9 stands for 9™ order lowpass filter. Since all
source codes in this directory are Matlab codes, it is not only for Matlab stmulation, but also
for an analysis comparison between the Matlab simulation and the DSP implementation.
dsp_impl_cauer9: sub-directory that means 9™ order Cauer lowpass filter design for DSP
implementation only. It contains all source codes written using C, test vector in assembly

format, executable, data files, command script and some auto-generated debugging sources

after compilation.



public_func.c testingSignal_gcar.m

cauer_var_fun.h matlab_sim_input.m

cauer_func.c cauer_%*_rawData.asm

cauer_cal.c

print_min_max_power_SNR.dat
print_matlab_sim_input.dat

cauer_cal.exe »matlab_sim_inputSignal.dat

_ sub-directory - source code I:I executable or data file

Figure 4.28 9% Order Cauer Filter Design: Source Code and Data File Management
sub-directory: common_source

% public_func.c: source code, the name is public functions, which gather all sharable functions

for the coefficient calculations with 3 types of filter designs.

e cauer_var_fun.h: source code. The name means the declaration of the variables and

functions of the coefficient calculations for the 9% order Cauer lowpass filter design.

% cauer_func.c: source code which stands for some calculation process of the coefficient

calculations for the 9" order Cauer lowpass filter design.

*s cauer_cal.c: source code that is the main procedure of the coefficient calculations for the 9

order Cauer lowpass filter design.

% cauer_cal.exe: executable that can be implemented in a DOS window for the 9* order Cauer

lowpass filter design.
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» testingSignal_gear.m: source code, the name is used as a generator for the test vector. It also
generates a data file for the characteristics of the signal if the option is ON when executed.

s print_min_max_power_SNR.dat: data file. Executing testingSignal_gear with print ON
option generates it. The name means printing out the minimum and maximum amplitudes
real signal power, noise power and SNR in dB. All data files in the next discussions will be
enclosed in appendix section if the name contains print_ or _print

* matlab_sim_inputSignal.dat: data file. It is generated by executing testingSignal_gear with
print ON option. The data matrix is 2048x1. This data will be as an input signal to pass
through all different types of filters with simulation and implementation.

o cauer_9"_rawData.asm: data file which is exactly the same as matlab_sim_inputSignal.dat
with assembly format for the DSP implementation only. It will be copied to the sub-

directory, dsp_impl_cauer9. The data matrix is also 2048x1.

twoPort_Adap.c dsp_inputSignal_S512x4.dat
cauer_9'"_const_tmpl.h dsp_outputSignal_512x4.dat

caner 9" main.c

cauer_9*_rawData.asm

9*_cauerfilter.abs

9 _cauerkilter.pjt

dsp_inputSignal_rawData.dat
dsp_outputSignal_rawData.dat

A 4

at EVM: dsp_io_dataCollected.cmd

: executable or data file

Figure 4.29 9'* Order Cauer Filter Design: Source Code and Data File Management
sub-directory: dsp_impl_cauer9
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9" _cauerFilter.pjt: project file. The name means a project for the 9™ order Cauer lowpass
filter design. It is required by TASKING EDE tool. Under this project, we put all source code
and data files in it for easy loading, compiling, linking, and building.

twoPort_Adap.c: source code. This is a basic function to perform a two port adaptive WD
filter routine.

cauer_9"‘_,const_tmpl.h: source code. The name is the declaration of the constant templates
and basic functions for 9" order Cauer lowpass filter design.

cauer_9"™ main.c: source code. This is the main function to execute the procedures for the
9™ order Cauer lowpass filter design.

9" _cauerFilter.abs: executable. It automatically be generated by cauer_9"_main.c and it is
downloadable to the DSP56307EVM board.

dsp_io_dataCollected.cmd: script. After EVM in running mode, executing this script in the
command window can auto-collect input data and output data at pre-set memory addresses
and auto-generate 2 data files, we explain them as follows.

dsp_inputSignal_rawData.dat & dsp_outputSignal_rawData.dat: data files. They are
generated by the above script. The names mean the raw data of the input signal & output
signal in the DSP56307EVM implementation. Each file has all data addresses with 512x4
formats.

dsp_inputSignal_512x4.dat & dsp_outputSignal_512x4.dat: data files. The data and size
in each file are exactly the same as in the above, correspondingly, but Excel removes the all

message addresses. And they will be copied to the sub-directory, matlab_sim_cauer9.



matlab_sim_output.m

Tywo_adap.m

dsp_in_out_load.m

dsp_inputSignal_512x4.dat
dsp_outputSignal_512x4.dat

wdfilter.m

matlab_sim_inputSignal.dat

impulse_resp.m

9th Caper Filter

A4

dsp_impl_inputSignal.dat
J dsp_impl_outputSignal.dat

y
print_matlab_sim_output_cauer9.dat

Characterizations

dsp_impl_input.m

dsp_impl_output.m

print_dsp_impl_input_cauer9.dat

print_dsp_impl_output_cauer9.dat ¢

[priut_sim_dfp _power_comp_cauerd.dat

} sub-directory - source code l | executable or data file

<> show figure only

Figure 4.30 9t Order Cauer Filter Design: Source Code and Data File Management
sub-directory: matlab_sim_cauer9

o Two_adap.m: source code. This is a basic function to perform a two port adaptive WD filter
routine.

o wdfilter.m: source code. This is another basic function to implement the routine for the 9™
order WD lowpass filter with defined coefficients.

o impulse_resp.m: source code. The name means impulse response. It plots the characteristics
of the 9™ order Cauer lowpass filter with impulse response.

o matlab_sim_output.m: source code. It is only valid when matlab_sim_inputSignal.dat is
loaded in the same sub-directory. It can plot the output signal with the Matlab simulation by

passing the test vector to the 9™ order Cauer lowpass filter.

61




print_matlab_sim_output_cauer9.dat: data file. The name means print the output data with
the Matlab simulation by passing the 9" order Cauer lowpass filter when
matlab_sim_output is executed with the print option in the ON mode.

dsp_in_out_load.m: source code. Basically, it is the procedure to load the input and output
data from the DSP implementation of the 9™ order Cauer lowpass filter. It is executable if
dsp_inputSignal_512x4.dat and dsp_outputSignal_5I12x4.dat are loaded in the same
sub-directory. It also can generate another 2 data files.

dsp_impl_inputSignal.dat: data file. This is the input data before the DSP implementation
of the 9" order Cauer lowpass filter. The data matrix is 2048x1.
dsp_impl_outputSignal.dat: data file. This is the output data after the DSP implementation
of the 9™ order Cauer lowpass filter. The data matrix is 2048x1.

dsp_impl_input.m: source code. It can plot the input signal and generate a data file for print
only with the DSP implementation of the 9 order Cauer lowpass filter.

dsp_impl_output.m: source code. It can plot the output signal and generate a data file for
printing only with the DSP implementation of the 9 order Cauer lowpass filter.
print_dsp_impl_input_cauer9.dat: data file. It means printing only the input data with the
DSP implementation of the 9™ order Cauer lowpass filter. The size of the data is 512x4.
print_dsp_impl_output_cauer9.dat: data file. [t means printing only the output data with
the DSP implementation of the 9™ order Cauer lowpass filter. The size of the data is 512x4.
sim_impl_comp.m: source code. It means the comparison between Matlab simulation and
DSP implementation. It compares the simulation with the DSP implementation in the time
domain and the frequency domain in detail.

print_sim_dsp_power_comp_cauer9.dat: data file. This is the final data file with the
design of the 9™ order Cauer lowpass filter. The name means printing the power comparison
between the Matlab simulation and the DSP implementation of Parseval’s relation, and to

check the power difference between 2 different ways to implement the filter.
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Chapter 5

The Design Discussion and Conclusions

In this chapter, we will discuss and analyze the whole design procedure described in the above

chapters.

5.1 Discussion
¢ From (3.13) of chapter 3, we have the formula, ks £ r <k, this means we can choose any
value of ¢ within [k, k;) as a factor to compute the coefficients for the Butterworth lowpass
filter design. But this will create a ripple in the frequency response in the stopband. For
example, if we use the same general specifications as in Appendix B, and choose r=0.0625,

the resulting coefficients are as follows:
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Figure 5.1  The coefficient calculations for a Butterworth lowpass filter
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¢ Fiquie No. 3

.......................

easbkocencoastrvrrsvene

9

Minimugn attenuation;in the stupharid is 5.0 dB

Figure 5.2 The frequency response of the Butterworth filter with r = 0.0062500

For the design in this thesis, we choose r = k; to avoid it, the reader can see Figure B.2 as a
reference. We also choose e; = €p min from (3.18) for the Chebyshev filter design, for the

same reason as in the Butterworth design.

» Using Figure 4.26, Figure A.15 and Figure B.13, we have demonstrated that the power in the
time domain or in the frequency domain is extremely close between the Matlab simulation
and the DSPS6307EVM implementation using Parseval’s relation, but the powers of the
output signals for the different types of filters are different, because the length of each

passband and the attenuation in the passband and the stopband of the examples are different.



o From DSP56307EVM implementation point of view, the input signals of different types of
the filters are exactly same, but the output signals of different types of the filters are different
when we apply an identical test vector to the different types of filters. That means the EVM
board doesn’t impact input signals at all whichever type of the filter is used. The differences
in the output 51gnal are due to different general spec1ﬁcatxons.

Rprint_dsp_impl_input_butter? =

0.10813638000000
-0.63812110000008
0.0956631000004880
0.05644870000080
8.06987750000000
9.11682200000080
0.80860520000000
8.14561200009800
0.02255070000060
Q. 070&2980!'8000

0.18813630000000
-0.83512110d00000
6.89663100080000
0.085644870008000
0.06987760000000
0.11682200080000
9.00860520000000
9.74461290000000
0.02255070000000
G 07032980000000

9.108136300000080
-06.03312110000000
6.09683100000800
0.05645870000000
8.069877600080008
0.116822006000000
0.00860526000008
0.144612%0000000
8.022554870800a800
8.078429380000080

Figure 5.3

0.096903600800080
-0.01195800000000
0.124086100008000
0.083298530000000
0.101808810000809
0.060857110000000
0.087491860000000
9.03545280000000
0.05697810000000

-8. 01221920900000

EY print_dsp_inpl_input_cauery =

0.09690380000000
~-0.011958080000000
0.12508610000000
0.83298530000000
6.101808100080000
0.060571100080000
8.07491860000000
0.083554200000000
8.05697810600000
-8. 0122192000l080

B8 Print_dsp_impl_input_chebyS =

0.09690300080000
-0.01195800000000
0.12408610000080
0.032985308000000
8.10188810608000
0.86057110006000
0.907491860000000
0.83544200000000
0.0569781a8000008

-0.012219280080000
e

0.81786830000008
0.065103570000000
0.813265400a0000
0.07580956006000
-0.02492150008080
0.01819380000000
8.07599170000009
-0.85255548000000
0.11033480000000
-U 02h378108l0000

8.01706830000000
§.064103570000000
0.681326540000000
6.97580950000800
-0.02492150000000
8.81819380000000
0.07599170600000
-0.0852555400000080
0.11033480800000
-8.02537810000088

1% F_\W’D_Fillcr_Dcsign\mahab_:imvchcbpﬁ\prinl_dsp_impl_inpul_chcbyS dat

8.01705830000600
6.064183570000000
6.61326540000000
8.07580956000800
-8.824921508000000
0.81819386000000
0.067599178000000
-8.85255540900000
2.110633484000000

-8.82437810000000

-0.01845750000000
0.00214350000000
-8.685490770000000
8.058565946800000
~-8.06409160080000
0.10976156000000
8.01689740000000
8.05954750000800
8.17548360000800
-6. 046635980000.0

-0.061845750000000
0.00214350000000
-8.05420770000600
8.05065940000000
-0.06409160000000
0.189761500800000
8.016897%0800000
6.05944750000000
0.17548360000000
-0. 0#663598000008

-8.681845750000000
6.00214350800009
-0.05490770000000
8.050865940000000
-0.06409160000000
8.10976150000000
0.01689740000000
§.059447508000000
9.17548360000000
-8.04663590000000

The input comparison with 3 different types of filters
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PnglalilAth'S file Edil.o}

8.8085631189608006
0.00448990000000
6.014680900080000
8.62989110008a80
0.064400740000000
8.65382730000000
0.059326668000000
0.66685948008000
0.074620408000000
0.67775490000000

0.0085842808080000
0.06345180000000
0.81a98000000000
0.824062160080000
0.639808900000080
0.065331198080000
8.86159200000000
0.86676830000000
0.07270320000000

0.87899200080080

0.001650508080000
0.61114138000000
0.63167196000000
0.04972880000000
0.05149190000000
0.05209518000000
8.07058580000000
8.08921690600800
0.083356900008000
0.06712420000000

vprint_ﬂsp_impl_output_chebys =

~8.82707020880008
0.009912400008020
0.02797270080000
8.83424940008000
9.040875208000080
0.685264184500800080
0.86478800080000
0.6705639500080000
0.06838200000000
093966000000

' PR print_dsp_impl _output_cauer9 =

-08.83663050080000
0.080664380000000
0.022508900000000
0.83095120000006
0.04691210080000
0.06283590000000
0.8688337 0080000
0.86730570680000
8.06999750890000
8.07207748080000

,; print_dsp_impl_output_butter? =

0.0005062206000000
0.01987800000000
0.040588000080008
0.065457160080008
0.066063859000000
0.06807850008000
0.67731510000000
6.07829210000000
0.068204810080000
0.085396580080008

-0.080193860080000
8.017278400800000
0.8227763008080000
9.61889190808000
0.81644680000000
8.021528768000000
Q.028568500480008
0.828392720000800
8.62171220000000
8.01617106000000

-0.011086900800000
0.021284@68800000
8.0833810500008000
8.62579590000000
8.016957300080000
8.02202830000000
8.03325378600000
0.03489338000000
8.02297076000000
8.01419340000000

0.019926508608000
0.02883480800000
0.0240066008008009
8.022310060008000
0.831934888008008
0.03868520008000
0.02946890000000
0.01411856 00800000
0.01358140008000
0.027933568000000

-0.02519110000000
-0.03592470800000
-0.0406305560800008
-8.683389870800000
-8.02131580000080
~-0.01002740089000
-8.08024340080a068

8.006571%0000000

0.02320090000000

6.0469276 0000060

-0.021705200000800
-0.628784980000000
-0.03296170000000
-8.03536120000000
~08.03090040000800
-0.061699520008600
-0.000809t08800000

0.00917910000000

0.01719190000800

-0.03859760600080
-0.03441390000030
-0.02687730000000
~-0.02317250000000
-0.081525789000000
~0.004646940000800
8.00449200000000
6.02143910000880
0.05000790000400
8.075356500000880

Figure 54  The output comparison with 3 different types of filters

To analyze the difference of the output signal in the frequency domain between Matlab
simulation and DSP56307EVM implementation, we take an FFT of the output signals for

both methiods, and compare the real pari and the imaginary part separately due to complex

number constraints, we can see the differences are within [5.0x10'9, 1.5x104], which is
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acceptable from a design point of view. This point is demonstrated using Figure 4.25, Figure
A.14 and Figure B.12 as references.

5.2 Conclusions

o The explicit formulas developed by Gazsi to design add-order lattice wave digital lowpass
filters provide a very straightforward method for calculating the coefficients from general
specifications.

» The computations are fairly tedious, it requires users to repeat the calculations of the
coefficients when the specifications need to be changed. In this thesis, we developed a
program package and created a friendly user interface for users to easily calculate the
coefficients for three different types of filters, i.e. for Butterworth, Chebyshev and Cauer
(Elliptic) filters.

o Part of the program package is to verify the characteristics for the different types of filters.
We can easily check them by running the scripts, such as impulse_resp.m before the
simulation and DSP implementation.

e A test vector can be passed to the simulation program and the real DSP implementation to
verify whether or not the high frequency components have been filtered out. An appropriate
test vector is very important for a successful design.

¢ We used three examples with the above three different types of the filters, and tested them in
a Matlab simulation and in a DSP56307EVM implementation. We verified that the
difference in accuracy in the frequency domain is less than 1.5x10°%, which is acceptable for
design, and then we concluded that the implementation of the explicit formulas to design
lattice wave digital lowpass filters is realizable on a Motorola DSP56307EVM.

o From the DSP design point of view, there are always a number of source codes and data files
to be managed properly. We created a method to maintain the files in order in section 4.3.

o Furthermore, a more generic package to design filter types other than those used in this thesis
could be developed. For example, computing coefficients would require one program
regardless of filter type; i.e. one program would design any odd-order WDF.
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Appendix A
The Results of a 5® order Chebyshev WD Lowpass Filter

Example: A 5th order Chebyshev WD lowpass filter design

General Specifications:

¢ Passband Frequency:

U
2
Q
3

@ Passband Attenuation: = 1.0 dB

e Stopband Frequency: = 5000 Hz

¢ Stopband Attenuation: = 40dB
Sampling Frequency: = 16000 Hz

"'« Command Prompt

P:\UD_Filter Designscommon_source>cheby_cal

T DD S P D P B DD B D e -t o B e D - o - - B B - -3 - DE- B - DD B B D - D DE B M
To calculate the coefficients for Cheby ry filter

Please input the value:fp.ap.fs.as.F, respectively

L}
"
"
Where: =
fp - upper edye frequency oF the passhand; L
naxinum allovable attenuation in the y shand; "
louver edye freguency of the stopband; ~
cpecified mininun attenuation in the stophand; ~
sanpling freguency. o

L]

L]

FIryI¥IryrIxx

MM D 6t B S B B G M U BT e D e et BN B30 et et e Dt D e D bk bt M St B DG D R D M D b b M

and Frequency: fp - 3486

and Attenuation: ap
Stophand Frequency: f:
Stopband Attenuation: -
Sanpling Frequency: - 16808

ezt aal e s B N R T R i S T N Y R S B N
™ Minimum fil ~ Order dis 4.132780
i » Please Chonose the Filter Order N

LR R b B R S R R R Rl g e e e T N T O i T S T T N g N vy
The Selected Filter Order: N 5

L R R R A e O N e I PRV Vi o S T TR TIPS SR i VI VI VR P VI e Y
H » -
* The actual attenuation in passhand is 1.6808808 dB o]
#* The actual attenuation in stophand is 48 .8088BBH8 dB "
 »* »,
) *i“)‘“n~"‘NH*}‘"'“')‘H’KﬂHK)‘-**K'H*"““%*‘IH“Kﬁ""*"'l'Iﬁ'“*kl"ﬂlﬂ'“h"i'“'”'

coefficient_Q@ - B.675837
coefficient 1 —-B.583986
coefficient_2 8.678323
coeffFicient_3 = -8.846811
coefficient_4 = B.387:88

. D I b D Tt D D b B - D T Tt - B D D - B 3 - D D
'

fAll cocfficients avre guantized to 24 bits.
Pt LT P ol - P P -t P D e P - DT T 3 D - Tek Do el D B D - Dt DE - Db

f F=~\UD_Filter_Design“cornmon_source?>
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Figure A.1 User interface of the coefficients for the Chebyshev lowpass filter with the specifications

4 Figuie No. 2
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Figure A.12  Noise level spectrum of the output signal with simulation and implementation
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Figure A.14 Output Real part and i nmagmary part difference in the passband and stopband
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cumparison with Matlab siwmulation & DSP54307EUM 1np1enentation
by a S5th order Chebysheu WD Filter in terms of Parseval Relation
Simulation in time domain: Input Signal Power = 13.80498097035438
Sinulation in freq domain: Input Signal Power = 13.8Q0498097035A837

Implementation in time domain: Input Signal Power = 13.804398097035438
Implementation in freq domain: Input Signal Power = 13.80498097035437

Simulation in time domain: Output Signal Power = G6.R9919761557241
Simulation in freq domain: Cutput Signal Power = &.49919761557241

Implenentation in time domain: Qutput sSignal Power = 6.2991982611158S
[mplementation in freq domain: Output Signal Power = &6.49919826111587

The following is to compare power difference of output signal
between simulation and DSP implementation

Output Signal: Pawer Di€fference in time domain = Q.0000006ASSA3N3
Output Signal: Power Difference in freq domain = 0.00000064554346
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Figure A.15 Power comparison: data file, print_sim_impl_power_comp_chebys5.txt
Appendix B
The Results of a 7th order Butterworth WD Lowpass Filter

Example: A 7th order Butterworth WD lowpass filter design
General Specifications:

» Passband Frequency: = 3400 Hz
& Passband Attenuation: = 0.5 dB
» Stopband Frequency: = 6000 Hz
* Stopband Attenuation: = 55dB
& Sampling Frequency: = 16000 Hz

'~ Command Prompt

I F:\\UD_Filter_Design:\common_source>hutter_cal
[P0 - - - e b - - 2 - D - D - - - D 30t - o - 0 k- - Dol DBk ot 3= 36 - -~ 2 D - = - - 96 - - = e D Bt
To calculate the coeffieients for Butterworth filter
Please input the value:fp.ap.fs.as.F,. respectively

WUhere:
fp - upper edge frequency of the passband;
ap naximum allowable attenuation in the passhand;
fs lover edge frequency of the stophand;
as - specified mininun attenuation in the stopband;
F - sampling frequency.

EX XX XKEE KK

X T XX LXE XXX

T D - P T D 0 D T - T - - T - I D - ot Dot e e o - D - - - Dot DD - - D - M D B DD - D D e D -

Passhand Prequency: fp

Passhand Attenuation: ap

Stopband Frequency: fs

Stopband Attenuation: as

Sampling Frequency: ¥
! P M- 3 - - - - *H—ﬂ~lK*mmN-ﬂ‘*ﬂ-ﬂ-“-lﬂ-***WH*WH—M*N-***“‘»*&
i * Mininum filter Order is 6.597456 o
i # Please Choose the Filter Order N »
! *W“*W*H—NWM'*H**H*W—W—“*»*“~**W*m*”*“

The Selected Filter Order: N = ?

36 P B - - - = e e D D B e - D - D D - D e D T - D D - - - I - P D 3 D - T M- D - D - D 6

Hi

0.011686
-0.852229
8.6823289
-0.232842
0.023289
-0.636844
0.023269

coefficient_8
coefficient_1
coefficient_2
coefficient_3
coefficient_4
coefficient _5
coefficlient_6

[t}

[t T

: m*‘*mﬁ*‘-wﬁ—ﬂrm*i'ﬂ—ﬂm'm*m-m*mﬂ*w'*ﬁ Tt - - - D - P - Y-
Eod
All coefficients are guantized to 24 bits.
E ]
| mwmH*MM*H‘*‘K!'***H*H**H*“*W—*H"“**Iw**i~*-*l* -3t -34

EF:\UD_Filter_Design\comnon_source)
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The following is input data of Matlab Simulation and DSP Implementation

0.16813530000000
-0.0638121100808060
0.09603100040380
8.05644870088008Q
9.06987750000080
8.116822080000000
8.00860520009000
0.1446129 0000080
..02255070880880

with a 7th order Butterworth W) Filter

-0.03812110000080
0.096831a0080000
0.6856458700480000
0.06987760000000
8.11682200000000
8.00860520000000
8.14441290000000
8.02255070000000
0.087042980080800

8.296031008009000
0.9565487 0000004
0.06987760000000
0.11682200000000
9.c0860520080000
0.14k61290000000
a.822550780080800
0.070842980000200
ﬂ 02173320001000

0.85644873000000
0.06987750000080
0.11682200000000
8.080360520000008
8.15461290000000
9. 08225507 0000000
0.07642980000000
0.02173328000000

0 0293639000000.

The Fnlnwing is output data of Hatlab Simulation

0.00165353098738
8.81114131297288
0.83167191574591
0.04972883272K55
8.05149205999579
0.05209584135058
0.07058594936158
0.08921692731375
0.0833568h662616
LA

with a 7th order Butterworth ¥ Filter

0.61114131297288
8.03167191574591
0.04972883272455
0.05149205999579
0.05269504135058
0.07058594936150
0.089215692731375
0.08335684662616
i.l6712329661588

AR h‘, )

8.83167191574591
0.04972883272455
2.051492085999579
0.05209504135458
9.87958594936150
0.089214692731375
0.683354684662616
0.96712529661588
0.0644509290112753
-~ f g

0.04972883272455
8.05149205999579
8.0520895684135058
8.07058594936150
0.068921692731375
0.08335684662616
8.086712429661588
0. 06440929012753
8. 8635199&8202!6

i W
I u“nm,lu ”_l e u)’vy ) Jmhr ey

E FAWD_Filtes_Dezign\matlab_sim_bultet7\punt_dsp_impl_output_butter7 txt
The following is output data of DSP Implementation

with a 7th order Butterworth W0 Filter

0.081650850008000
8.01114138000000
8.03167190000000
8.0497288 0000000
8.65149190000000
0.05209510000000
8.0705858 0000000
2.08921690000080
Q. ﬂ8335690§0§ﬂl0

0.01114130000000
0.03167190000000
0.84972880000000
0.05149190000000
0.08520895106000000
©.07058580000000
£.08921698000000
£.08335690000000
0.086712420000000

90

8.063167190000000
6.84972880000000
8.65149190000000
0.05209510000000
0.67058580000000
0.089216%0000400
§.68335490000000
8.04712520000880
0.06x40910000000

0.64972880080000
0.05149190000000
8.05209510000000
0.87058580000000
0.08921690000000
0.88335690000000
0.06712420000000
0.06448910000000
0.086352000000000

Figure B.8  The data files of input and output with simulation and implementation
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Figure B.9  Output Signal in the frequency domain with simulation and imp
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: P f’lnql \mﬂ'\Ll i r.I. I'nhhu [13 \WD T\llrl Dn -nqn\m |I| lh m__ hu\h 1/\pnnl zim unpl power_comp_ l:ul 7 lxl]

{0 F_J ENED

CO-parisnn with Matlab sinulacion &‘DSPsaan7EUH 1uplenentation
by a 7th order Butterworth WD Filter in terms of Parseval Rejation
Simulation in time domain: Input Signal Power = 13.80498097035438
Simulation in freq domain: Input Signal Power = 13.804980970835437

Inplementation in time domain: Input Signal Power = 13.804980970835438
Isplementation in freq domain: Input Signal Power = 13.80498097035437

Simulation in time domain: Output Signal Power = 7.61270928841598
simulation in freq domain: OQutput Signal Power = 7.561270928841597

Implementation in time domain: Output Signal Power = 7_61270043774499
Implenentation in freq domain: Qutput Signal Power = 7.61270943TTHAYD

The following is to compare power difference of cutput signal
between simulation and DSP implementation

output Signal: Power Difference in time domain = 0.08000019332902
Qutput Signal: Power ODifference in freq domain = 0.00000019332902

Tz
i




Figure B.13  Power comparison: data file, print_sim_impl_power_comp_butter7.txt

Appendix C

The List of the Design Tools

¢ MS-Visual C++ 5.0 Compiler

This tool is used to compile the source codes for coefficient calculation, written in C, it

generates an executable file, such as bufter_cal.exe to calculate the coefficients of a

Butterworth type filter.

[ ] WA gltitisl st} & Ry

o butes_cal clarier Finciude cgrdic. B>
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1guraton. tEnT_! - Dadusy

J 141592854
1 1
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passFray, paasitten. ytopfreg, stopizten, samplingfrex:
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Naclude atdio b

$1ociude inath. B>

tinciuls “buteer_ver_func. h*

Finclude “mblic_tusc ¢

sholeSter();

prunti(*e To calculate the cxwlfieisats [or Buttervorth trtter "nt),
tacrexfuetiont ).

shaleStaz().

praaiitant Passbeod Frequmcy, 1D = *) scantl*x?* ipesaFrag
prineffe Pousband Attamuation: ap = ‘);ml('at',smun)f

prankd (™t Stophesd Frequwncy. 45 ¢ °).sant("XE* _LatopFres).
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Figure C.1 An example by using Visual C++ Compiler

¢ MS-DOS
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An MS-DOS window is used to implement the calculation of the coefficients for the
particular type of lowpass filter designed, which will be run in simulator & EVM.

"+ Command Prompt - cauer_cal
I F:\UD_Filter_Design\connon_source>dir x*_exe

Uolume in drive F has no label.
Uolume Serial Number 15 6B1E-3860

Directory of F:\UD_Filter Design\connon_source

11123880 12:22a 137,216 hutter cal.exe
11,233,800 12:12a 141.312 cauer_cal.exe
11,20-88 18:57p 137.216 chebhy_cal.exe
3 Filed(s> 415,744 hytes
8,529,936.384 hytes free

P F:\lID_Filter_Design\connon_sourcecauer_c
' T30 - I DI T3 I3 I M- I I M-I I T2 T 1 I 2322 D DI 2 - 32 326 - 3
% To calculate the coeffieients for Cauer(Elliptic) filter
% Please input the value:fp,ap.fs.as.F. respectively

Uhere:
fp
ap
fs

as

upper edge frequency of the passhand;

naxinun allovable attenuation in the passhand;
lover edge frequency of the stophand;
specified ninimun attenuation in the stopband;
samnpling frequency.

¥ X X X X X XX
[ TR
XX XX XX XX XX

Passhand Frequency: fp = 3500

Figure C.2  An example by using MS-DOS window to run cauer_cal
o MATLAB 5.30
This tool is used to run the simulation of the filter design, including the filter characteristics,

test vector generations, and the analysis of result comparing between the simulation in
Matlab & implementation in DSP56307EVM board.
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-
s pud

| ans =

E Tuo_adap.n dsp_in_out lead.n sin_inpl cenp.n
ddsp_inpl_input.n Inpulse_resp.n udfilter.n
jdsp_impl_output.n natlab_sin output.n

{» inpulse resp

TASKING DSP563xx EDE Source Compiler

The tool is a total programming environment that integrates all the tools a developer needs to
create, edit, build, and debug an embedded application, including a language-sensitive editor,
easy configuration of compiler, assembler, and linker options, automatic build using MAKE,
customizable working and application environment. We compile the source code for
implementation with this tool, and generate an executable, such as 9th_cauerfilter.abs,
which is downloadable to the DSP56307EVM board.
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o TASKING EDELOSES R s T AWD fidled Devmntadpompl et i Crurdbdiss ot ]

d. ta.
h._n-h -‘
ccShl.cun' -9 rlunr ut" -!-MSI.
LSt biavleSh] . ana™ —» ‘th_p-urlutn abe" "“yE mr’l! ar.sut” -faldSIBlg.tng
j IASAING pregren builder v2.3 r3 INSBEN4S1I8-M2 (s> 197V Tllll‘. ine.

Fxgure C4 Anexample by using TASKING DSP563xx EDE

¢ CrossView Pro DSP56xxx Debugger

CrossView Pro is a debugger for EVM, it provides features and functionality to help shorten
the debug session, determine performance bottlenecks, uncover additional information, and
test the application, which has multi-viewing windows, code and software data breakpoints,
single stepping without stopping, register grouping, direct memory, C and assembly level
trace and stack tracing, etc. We use this tool to execute the executable, such as
9th_cauerfilter.abs, to run the filter in the EVM board and collect input and output data with

2 pre-set vector.
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B jPw2 . en Scuce bnes Sauses bne seg
1] 813, 58);
_2{a]12),0(12],26)
of231=p(13):
e[1L]en(22):
N(10]esdap_L{s(10],a{11},25):
Y(1L]adap_2(a(10],2{11],25);
/% Data as tapulse cesponse */
utpuc(1]e0. S (D{LALD[10])
o{4]ed(31:
a[12]nf1l);
TCIE-Ted
aL16]0(18):
4" 3igned data 4t the sce columns ¥/
e (ecput(i <o)
/peance(*vd A0.182\n%, t, cugpue(i]):
1else
1peinel(vd \0. i8f\n", 1, cutput{i]);
]
XSETDE » -0 0928872 -.0974340 -0. 0692365 -.0319348
R$ETDC » -0.0224546 ~3.040577 -3.061179) ~2.043938)
X 6A7E0 » -0.00994350 9.0021076 -3.0L47489 =0, 0394137
S:tOTEL « -0.0192898 4.0003321 0,0030294 4.0003891
KUY « §.0120793 0.04440L7 o.onam 3.0040324
X:6OTEC » 0.0869401 0,0951471 4. 100l602 4.0050105
X: 60710 o 0.0363154 0,0370640 g.083 0. 0040439
X60774 + -0.000478 -0.0%07149 -0. 0990055 -3.07t1802
X 607M8 o -0.0450T0L ~2.0001292 0. 0495070 -0.0432152
X:$0TTC » -0,0316006 =0.0348748 -0, 048811 =Q.0329484

»rwc
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Figure C.5 An example by using CrossView Pro DSP56xxx Debugger



Appendix D
The Features of the Motorola DSP56307EVM

22 The Motorola DSPSED K

—- e e el T

For details on EVM hookup,

click the boxes on the photo
labeled Step 2, Step 3, Step
4, and Step 5.

Figure D.1 A Motorola DSP56307EVM processor

The DSP36307 Evaluation Module (DSP56307EVM) is a low-cost platform for developing real-
time software and hardware products to support a new generation of wireless, telecommunications,
and multimedia applications. The DSP56307EVM targets applications requiring 2 large amount of
on-chip memory such as wireless infrastructure applications. The Enhanced Filter Coprocessor
(EFCOP) can accelerate general filtering algorithms, such as finite impulse response (FIR) filters,
infinite impulse response (IIR) filters; the EFCOP can also adapt FIR filters as multi-channel filters
used in echo cancellation, correlation, and general-purpose convolution-based algorithms. The user

can download software to on-chip or on-board RAM, then run and debug it. The user can also

4 S ree LAY me Al mienl o 1 TN AN
13341 argwang, SUCh as exXiEmal memones and auaAC"':G‘digﬁa}. \A\JU} (979 uigtm‘lﬁ-mmﬁg LNy

converters, for product development. The 24-bit precision or the DSP56307 Digital Signal Processor
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(DSP) combined with the on-board 64K of external SRAM and Crystal Semiconductor’s CS4218
stereo, CD-quality, audio codec ideally suits the DSP56307EVM for impiementing and
demonstrating many communications and audio processing algorithms. It is also an effective tool for

learning the architecture and instruction set of the DSP56307 processor.

il

% The Motorola DSPS6300 Family - Netzcape

Dempnstrations DSEAGT T ey

Step 6

All connections are complete.

Plug in the power supply to
the power outlet.

]
|
N

- e y - o
i |
i . b
N, e -
. - . - -
' g . * 1
[ ' o
| ' =]

Figure D.2  The connection between DSP56307EVM and working environment
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This view of the block
diagram shows the chip
components of the
DSP56307 laid out
within the three finctional
areas.

Move the cursor over a
chip component for more
mformation.

Click view 03 on the
right for a more detailed
view of the block

diagram.

S P . . Manag
! intemal Data © = ¢ - e e m
} BugSwitch 3 - —r —ne meoes ,

- ?
PYLYOR Sr o Te e
A

i}

-~} DataALU |

4

N AMMMALF G

Figure D.3  The functional block diagram of DSP56307EVM

e DSP56307EVM Hardware Features:

¢ high performance DSP56307 core: 100 MIPS (Million Instructions Per Second), 100
MHz clock, data ALU (Arithmetic Logic Unit), 6 channel DMA (Data Memory

Access) controller, on-chip emulation (OnCE) module

o enhanced filter coprocessor (EFCOP): on-chip filtering and echo-cancellation

coprocessor runs in parallel to the DSP core

¢ on-chip memories: 64K on-chip RAM, instruction cache

¢ 2 channels of 24-bit A/D conversion

e 2 channels of 24-bit D/A conversion

e 2 ESSI (Enhanced Synchronous Serial Interface) connectors

¢ SCI (Seral Communications Interface) connectors
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Appendix E
The Source Codes for WD Lowpass Filter Design

In the appendix, we enclose all source codes (Matlab’s, C’s and script’s) as references. Some files
have the same names, but serve different design purposes. To produce a quality visualization
(unconvertible between MS-word editor and text editor) for readers, we use a text file format
appended to all of them. Each file has a file name and location in the top bar. We split all files into 3
groups in order, according to 3 types of filter designs as follows:

o Group I: 9™ order Cauer (Elliptic) lowpass WD filter design

» Group 2: 5™ order Chebyshev lowpass WD filter design

o Group 3: 7" order Butterworth lowpass WD filter design
Note: All files in the File Name List (Omitted) of Group 2 or Group 3 mean that the codes are

exactly same as the files in the File Name List (Presented) of Group 1, corespondingly.
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Group1: 9™ order Cauer (Elliptic) lowpass WD filter design
File Name List ented

public_func.c
cauer_func.c
cauer_var_func.h
cauer_cal.c
Two_adap.m

wdfilter.m
impulse_resp.m
testingSignal_geal.m
matlab_sim_input.m
matlab_sim_output.m
twoPort_adap.c
cauer_9"'_const_templ.h
cauer_9"’_main.c
dsp_io_dataCollected.cmd
dsp_in_out_load.m
dsp_impl_input.m
dsp_impl_output.m

sim_impl_comp.m
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Group 2: 5" order Chebyshev lowpass WD filter design

File Name List (Presented)

cheby5_var_func.h
chebyS_cal.c

wdfilter.m
impulse_resp.m
matlab_sim_output.m
cheby_5™ const_templ.h
cheby_5"_main.c
dsp_in_out_load.m
dsp_impl_input.m
dsp_impl_output.m

sim_impl_comp.m

File Name List (Omitted)

public_func.c
Two_adap.m
testingSignal_geal.m
matlab_sim_input.m
twoPort_adap.c

dsp_io_dataCollected.cmd
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Group 3: 7" order Butterworth lowpass WD filter design

File Name List (Presented)

butter7_var_func.h
butter7_cal.c

wdfilter.m
impulse_resp.m
matlab_sim_output.m
butter_7m__const_templ.h
butter_7"_main.c
dsp_in_out_load.m
dsp_impl_input.m
dsp_impl_output.m

sim_impl_comp.m

File Name List (Omitted)

public_func.c
Two_adap.m
testingSignal_geal.m
matlab_sim_input.m
twoPort_adap.c

dsp_io_dataCollected.cmd
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Source Codes - Group 1

Directory: P:\WD_Pilter_Design\common_scurce

1. cauer_cal.c

/* To calculate the coefficients for Cauer (Blliptic) filters */

tinclude <stdio.h>

t¢include <math.h>

#include “cauer_var_func.h*
#include "cauer_func.c*
tinclude “public_func.c*

main(}
{

wholeStar{):

printf("* To calculate the coeffieients for Cauer(Elliptic) Eilter °\n*}):
incroduction() ;

wholeStarl);

princf("\n\t Passband Prequency: £]
princf( \t Passband Attenuation: ap
printf( \t Stopband Frequency: £s
printf( \t Stopband Attenuation: as
printf( \t Sampling Frequency: F

= ");scanf("%£*,apassPreq):

~):scanf(*%£", ipassAtten);

") ;scanf(*8£°,&stopPreq) ;

*);scanf("%£", kstopAtten);

*);scanf (*Vf*, &samplingPreq) ;prints(*\n");

wuwno

tmp_stopAtten = stopAtten / 10.0;
twp_passAtten = passitten / 10.0:

stopRipple = sqrtipow(l0.0.tmp_stopAtten)-1.0);
passRipple = sqrt(pow(10.0,tmp_passAtten)-~1.0);
stopTransfreq = tan(PI*stopfreq/samplingPreq):
passTransFreq = tan{PI°*passPreq/samplingPreq):

aux _k0 = sqrt(stopTransFfreq/passTransFreq);
aux_kd4 = cross_k0(aux_k0);

aux_cl = 2.0%aux_k4;
minFilterDegree = {cl-log(c2*stopRipple/passRipple}}/loglaux_c3):
wholestar() ;

if(minFilterDegree < 10.0)

peinef("* Minimum filter Order iz Wf *\n*,minFilterDagres);
else

print£("* Minimm filter Order iz £ “\n*,miafFilcerDegree) :

princf("* Please Choose the Filter Order N *\n*);

wholeStar();

printf("\n\t The Selected Filter Order: N = "):
scanf ("%d", &5electedfilrerDegres) ;princf("\n*);
wholestar() :

if (selectedFilterDegree < 10)

printf(** The filter order selected is N = #d *\n",selectedPilterDegree);
else

printf("* The filter oxrder selected is N = d *\n*, selectedFilterDegree);

aux_R0 = sqrt(stopRipple/passRipple);

aux_R2 - 2.0%cross_R0(aux_R0O) ;

tmp_aux_X4 = 4.0/ (selectedPilterDegree*l.0);
aux_X4 = 0.5*pow(aux_R2, tmp_aux_X4);

aux_X0 = cross_xX4{aux_X4):
mninStopPfreq = ((samplingFreq+1l.0)/PI)*atan(passTransFreq®pow(aux X0.2.0)};

actualStopFreq = minStopPfreq;
/ractualidcopfreq = scopfreq;

actualStopTransFreq = tan((PI*actualStopPreq)/({samplingPreq*1.01):
aux_Q0 = sqrt(actualStopTransPreq/passTransfreq);
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aux_Ql = powlaux_00.2.0) » sqre{pow(aux_Q0.4.0)-1.0);
aux_Q2 = powlaux_Q1,2.0) + sqre(pow({aux_Ql,4.01-1.0);
aux_Q3 = pow{aux_Q2,2.0) + sqrt(powl(aux_Q2,4.0)-1.0);
aux_Q4 = powlaux_Q3,2.0) + sqrripowlaux_Q3.4.0)-1.0);
awe_M3 = 0.5°pow(sqrt(2.0%aux_Q4),selectedFilterDegraerl.0);
aux_M2 = sqre(0.5* (aux _M3+pow(aux M3,-1.0))):

aux_Ml = sqrel{0.5* (aux_M2+pow(aux _M2,-1.0)));

aux_MO = sgre(0.5*(aux_Mlipow(aux_Mi, -1.0)));

minPassRipple = stopRipple/pow(aux_M40,2.0);

//actualPassRipple = minPassRipple;
actualPassRipple = passRipple;

actualstopRipple = actualPassRippletpow(aux_M0,2.0);

actualstopAtten = 10.0°logld(l.0+pow(actualStapRipple, 2.0
actualPassitten = 10.0*logl0(l.0+pew(actualPassRipple, 2.0

princf(** The actual attenuation in passband is %f dB "\n*,actualPassAtcen);
princf("* The actual atrenuation in stopband is if d8 “\n*,actualStopAtten);
wholeStari);

omp_acutualPassRipple = pow(actualPassRipple, -1.0);

aux_gl = cross_gl(tmp_acutualPassRipple, aux_M1,aux M2);

tnp_salectedFilterDegree = pow{selectedPilterDegree*1.0,-1.0};

aux_wS = powlaux_M3/aux_glesqrt (powtlaux_M3/aux_gl,2.0)+1.0), tmp_selectedFilterDeqree);
aux_wl = cross_wS (aux_w3,aux_04,aux_Q3,aux_02,aux_Q1.aux_Q0):

enp_rG = (1.0+aux_w0*aux_QU*passTransPreq)/(l.0-aux_wd*aux Q0*passTransfreq):
0 = vmp_x0:
printf(*\n");
printf(-\e\tcoefficienc 0 = Sf\n".r 0);
for (index=1l;index <= (seleccedPilterDegree-i)/2;index++}
‘ aux_C4 = aux_ Q4/sin{PI*index*1.0/ (selectedFilterPegreer1.0));
aux_C3 = pow(2.0%aux_9Q3.-1.0) *taux_Cérpowlaux_C4,-1.0
aux_C2 = pow(2.0%aux_02.-1.0) * {aux_Cl+powlaux_C3,.-1.0

Yis
1
aux_Cl = pow(2.0%aux_Q1.-1.0)°(aux_C2+pow(aux_C2.-1.0));
aux_CO = pow(2.0%aux_Q0,-1.0) *{aux_Cle-powl{aux_Cl,-1.0});

L]

aux_y pow(aux_C0,-1.0);
aux_Bi = (pow(aux_wd.2.0)+pow(aux_y,2.0)) *pow(aux_00*passTransFreq,2.0)/(1.0+pow(aux_wl*aux_y,2.0}};

tmp_aux_Al = (-2.0%aux_wl~aux_QO0*passTransFfreq)/(1.0+pow(aux_wl*aux _y,2.0});
aux_Ai : tmp_aux_Ai*sqrt{l.0-(pow(aux_Q0,2.0)+1.0/powlaux_00,2.0)-pow(aux_y,.2.0}) *pow(aux_v,.2.0});

tmp_rl = (aux_Ai-aux_Bi-1.0)/(aux_Aisaux Bi+1.0):
r.l = emp_rl;

i£{2*index-1 < 10}

¢ if (z_1 > -10000 && r_1 < Q)

printf{*\t\tcoefficient_Vd = &f\n",2'index-1.r_1);
else

printf("\t\tcoefficient_¥d = %f\n*,2*index-1,r_l1);
}

else

{

if (r_1 > -10000 && r_ I < Q)
pgin:f('\:\:coeﬁficient_\d = %f\n°,2vindex-l.r.1});
else

printf(*\t\tcoefficient_%d = %f\n",2¢index-1,r_1);

tmp_r2 = (1.0-aux_Bi)/(l.0+aux_Bi);
r.2 = tmp_ri;

if(2*index < 10)
{
if(r_2 > 10000)

princf("\ec\tcoefficient_%d = %£\n",2*index,.r_2);
else

printf(*\t\tcoefficient_%d = sf\n*,2*index,z_2);
}

eIae

if(c 2 > 10000}
printf(*\t\tccefficient_%d = 4f\n",2"index,r_2);
else
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printf("\t\tcoefficienc_3%d = $fAn-.2vindex,r_2):

printf(*\n"};
wholeStar(}:
tailPrint();
wholestar();

return &;

2. cauer_func.c

//7tinclude <stdio.h>
tinclude <math.h»
tinclude *cauer_war_func.h®
double cross_k0(double k0)
{

double kl1.k2,k3,k4;

klzpowik(,2.0t+sqre(pow(k0,4.0)-1.0)

k2zpowikl.2.0}+sqrei{pow(kl,4.0)-1.0);
0)
Q)

kizpowik2,2.0}+sqre(powik2,4.0)-1.
kd=pow(k3.2.0) »sqrei(powikl,4.0)-1.

return (kd}:

1

double cress_RO(double R0O)

{
double R1,R2;
Rl=pow{R0,2.0} esqrt(pow(R0,4.0)-1.0);
R2=pow(R1.2.0) vsqre(pow(Rl.4.0)-1.0);
return (R2);

}

double cross_X4{double X4)

{
double X3,X2,X1.X0;
X3=8qrt (0.5* (pow{X4,1.0) +pow (X4,-1.0
X2=sqrt (0.5 (pow (X3, 1.0)+paw (X3, -1.0

Xl=sqrr(Q.5* (pow(X2,1.0)+pow(X2,-1.0
XO=sqre (0.5 (paw(X1,1.0)+powiXi.-1.0

v v e

return (X0):
}
double cross_glldouble e_passStar,double Mi,double M2}
{
double gl.g2,93;
gl=e_passStar*l.0+sqrt (pow(e_passStar,2.0)+1.0);
g2=gl*Ml+sqrt(pow(gl*M1,2.0)+1.0):
GgI=g2 M2+sqrt{pow(g2°M2,2.0}+1.0);
return (g3):
}
double cross_wS (double wS,double Q4,double Q3,double Q2,double Ql,double QO)
4
double wd,w3,w2,wl,w0;
wi=paw(2.07Q4, -1.0) * (wS-pow(w5,-1.0
wi=pow(2.0°Q3,-1.0) * (wd-pow(wd, -1.0

1):
)):
wZ=powl(2.04Q2,~1.0) * (wl-pow(w3,-1.0));
wl=pow(2.0°QL,-1.0) *(w2-pow(w2,-1.0));
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wl=pow(2.3°QC, -1.0} * (wl-pew(wl,-1.0}};

re

1. cauer_va

tdefine PI
tdefine cl
tdefine c2
Eloac
double
double
double

int

double
double
double

double
double

double
double

double
iat
double
double
void
void
double
double
double
double
void

curn (w0)

r_func.h

3.141532654

8.0

4.0

passFreq, passAtten, stopPreq, stopAtten, samplingPreq;
tmp_stopAtten, tmp_passAtten;

stopRipple, passRipple. stopTransFreq, passTransPreq;
aux. k0, aux_ k4, aux_c3, minFilterDegree;
selectedFilterDegree;

aux_R0O, aux_R2, tmp_aux_xX4, aux_x4, aux_X0;
minStopFreq. actualStopfreq, actualStopTransFreq:
aux,.Q0, aux_Ql, aux_Q2, aux_Q3, aux_Q4. aux_M3. aux_M2., aux_M1,

minPassRipple, actualPassRipple, actualStopRipple;
actualStopAtten, actualPassAtten;

tmp_acutualPassRipple, aux_g3;
tmp_selectedPilterDegree, aux_wS, aux_w0, top_rl;

.0, .1, r.2;
index;
aux_C4, aux_C3, aux_C2., aux_Cl, aux_CO0, aux_y;
aux_Bi, tmp_aux_Ai, aux_Ai, tmp_rl, tmp_r2;
wholeStar(void);
introduction(void);
cross_k0(double);
cross_X4 (double) ;
cross_gl{double, double, double);
cross_w5 (double, double, double, double, double, double):
tailPrint(void);

4. public_func.c

tinclude <stdio.h>

void wholeScarivoid)

{

aux_MO;

: - .“.
prinnf{cevrevevrererrevererecrrnrrevesrrcsererresorrrrorosreToereveoRe\ns) .,

}

void emprtyStar(veid)
{

printf(~~ “\n*

}

void introduction(void)

{
princf(** Please input the value:fp.ap.fs,as,F, respectively
printf("
printf{** Where:
pgoinciitr 55 = upper edFe Irequency of tha passband,
princf("* ap = mam allowable attenuaticn in the passband.
printf{** £s = lower edge frequency of the stopband;
princf(~* as = specified minimum attenuation in the stopband;
printf(** P = sampling frequency.
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“\n");
"“\n");
“\n*);
N7
“\n"};
“\n*};
“\n*};
*\n*);



prinef("~ “\n");

//the fallowing code is for debugging purpose only

/iprintf("* cauer: 3500,0.2,4100,60, 16000 ‘\n*):
//printf("* butterworth: 3400.0.5,6000,55,16000 “\n");
/iprintf(** chebyshev: 1000,1.0,5000,40,16000 "\n");

]

void cailPrine{void)
{

princf{=* *\n"};
prinef{* ALl coefficients are quantized to 24 bits. *\n*);
princf(~* ‘\n"};

5. dsp_io_dataCollected.cmd

>> dsp_inputSignal_rawbata.dat
" ({_X:0x6000) 72048z

>

>> dsp_outputSignal_rawData.dat
*{_X:0xB8000)/2048r

>> C

6. matlab_sim_input.m

AThe piece of code is to plot out input signal in Matlab simulation basis
cleaz;

format leng;

load matlab_sim_inputSignal.dat;

matlab_input = matlab_sim_inputSignal;

FFTsize = 2048:

Half_FPTsize = PFTsize/2:

time_interval = linspace(0,PPTsize-1.FFTsize):

index = {0:1023)°;
freqhuars = (index/128)+1000;

sloading iaput signal for print purpose

disp{’Please choose one of options: priant_sim input = 1, show_figure = 2*);
which_loap = input(’ my option = ’);

if which_loop ==
diary print_maclab_gim_input.dat;
inputSignal = matlab_sim. inputSignal’:
matlab_sim_input_print = reshape(inputSignal’.512,4)
diary oftf;
elseif which_loop == 2
disp{'Only show input signal in time & frequency domain graphically*);
else
disp(’Your opticn is qut of the range!‘);
end
%

fiqure(l)

subploc(3,1,1);plot(time_interval,matlab_input);axis([0 512 -.25 .25]):gxid on:
titlet 'Time Domain: Input Signal for Matlab Simulation & DSPS63Q07EVM Implementation’):
ylabel {"Amplitude in Time domain’):

emp_1l = Eft(maclab_input); tmp = abs(fftshift(tmp_l)):

subplot(3.1.2) :plot (freqAxis, tmp(1025:2048) /Half_PFTsize, *r*);grid an;

title(’'Overall Spectrum: Input Signal for Matlab Simulacion & DSPS6)07EVM Implementation‘);
¥label ("AmpIitude’);

subploe(l,1,3);plot(EfreqAxis, tmp(1025:2048) /HALE_FFTaize, ‘m"}:axis( (0 8000 O .006]);9rid on;

citle(*Noise Level Spectrum: Input Signal far Matlab Simslation & DSPS6307EVM Implementation’):
xlabel (" Frequency Domain: Hz‘);ylabel(‘Amplitude’);
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7. testingSignal_gear.m

4This pertion is to generate signals as input and use cthe data through Maclab Simulation & DSPSS3I0TEVM
bvimplemenctacion, which will be as a testing vector to pass different type of the filrters designed
clear;

format lang;

FFTsize = 2048;

Half_FrTsize = FFTs5ize/2;

samplingPreq = 16004G:

time_interval = linspace(0,PFTsize-l,FFTsize);

fundemencalPreq = 500;

we_fundemental = 2+pi-fundementalPreq-time_interval/samplingFreq;
wt = We_fundemental:

passSignal = 0.070%sintwe) + 0.045-s5in(2.2*wt};

stopSignal = 0.041°cos(12.5%wt) +» 0.062*cos(14.2%we)

noiseSignal = ¢.024-°randn(size(stopSignal«sin(0.755237*12.5*wt})};
inputSiqnal = passSignal » stopSignal + noiseSignal;

tload index.dat

index = 10:1021)°;
freqaxis = [indexs128)-10400;

%loading signal components for input, {.e. min_max SNR_dB noiseSignal & inputSignal

disp(*Please choose ane of cgptions: crack _MinMaxSNR = 1, print_all_Daca = 2°);
which_loop = imputi’ my aption = "I

LE which_loop == 1

mun_[nput = min{inputSignall
max_[aput = max(inputSignal)

real_input_power = sum(passSignal.-passSignal ~ stopSigmal.‘stopSignal)
noise_input_power = suminoiseSignal.*noiseSignal)

SNR_dB = 10*loglOireal_input_powersnoige_input_power)
eligseif which_ioop 2= 2

diary matlab_sim_inputSignal.dat;
maclab_sim_inputSignal = inpucSigqnal’

diary off;
Wem e mm e mmmm A mmmmmmmm———————————————————— A e —_— —— e rmmm e mmmmmmesmeemeacea e
diary princ_min_max_power_ SNR.dat:
disp(*The following will show minimum & maximum amplitude of input signal’);
min_Input = min(matlab_sim_inpgutSignal)
max_Input = max(matlab_sim_inputSignal)
disp(’The following will show che powers of input signal & noise signal’);
real_input_power = sum{passSignal.*passSignal » stopSignal.°*stopSigmnal)
ngise_input_power = sum(noiseSignal.*noiseSignal)
disp(‘The following will show the signal-noise-racio of the signal’};
SNR_dB = 10*leglOireal_input_power/noise_input_power)
diarcy off;
else
disp(”Your option is cut of the range!’i;
end
%
Eigqure(1l)

subplotil,,l};plot{time_interval,inputSignal);axis{{0 S12 -.25 .25]);grid on;
title('Time Domain: Input Signal for Matlab Simulation & DSPS6307E8VM Implementation®);
xlabel(*Time Domain’);ylabel(’Amplitude’];

eme 1= FErtinpurSignally tmn = ahaiffrahifriemn t)1-
subplotil,1,2) ;plot (freqhxis, tmp(1025:2048) /Half_PrTsize,’'r’}:grid on;

title(’Spectrum: Input Signal for Matlab Simulation & DSP56307EVM Implementation‘):
ylabel{*Amplituder’};
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FFT_inputSignal = ffc(inputSignal); plotFFT_inputSignal = abs(fftshift{PFT_inputSignal));

subplot(3,1,.3);plot(freqAxis, plotFPT_inputSignal (1025:2048} /Half_FFTsize,'m’') ;axis((0 8000 O .006]);grid on;

title('Input Signal at Noise Level Spectrum’):
xlabel {*Prequency Domain: Hz’):ylabel(’'Amplitude’):;

8. comp_testVector.m

clear;
format long;

FFTsize = 2048;
Half_FFTsize = PPTsize/2;
time_interval = linspace(0,FFTsize-l,PPTsize};

%load index.dat
index = (0:1023)°:
freqixis = (index/128)+1000;

load maclab_sim_inputSignal_org.dac;
load matlab_sim_inputSignal_real.dac:

inpucSignal_corg = maclab_sim_inputSignal_org:
inputSignal_rea = matlab_sim_inputSignal_real;

[ e em e mmm e am e
figure(l);

subplot(l,1,1);plot(time_interval, inputSignal_org) ;axis{ (0 512
title('Input Signal implemented in Matlab Plactform’}:
ylabel {-amplitude‘);

subplot(3,l,2);plot(time_interval, inpucSignal_rea,'r*);axis([0 512 -.25 .25]);grid on;

title('Input Signal implemented in Tasking EDE Platform’}:
ylabel (*Amplitude’);

-.25 .25]);grid on;

subplot(3.l.3d);plot(time_incerval, inputSignal_org-inputSignal_rea);axis({0 512 -1.5e-7 1.5e-7]):qrid on:
title(’Input Signal: Amplitude difference with Matlab and Tasking EDE platforms’):;

xlabel (*Signal in Time Domain’);ylabel('Anplitude’}:;

Directory: F:\WD_Pilter_Design\dsp_impl_cauer9d

1. cauer_9th_const_templ.h

tdefine PPTSIZE 2°1024
sdefine ADDRESS_CAUER_LOCAL_VAR 0x1000
tdefine ADDRESS_SIMULATION_DATA 0x6000
tdefine ADDRESS_CAUER_QUTEPUT 0x8000
fpragma asm

CAER_SAMPLE_SIZE_ASM equ 2048
ADDRESS_CAUER_LOCAL VAR ASM equ $1000
ADDRESS_CAUER_OUTFUT_ASM equ 56000
ADDRESS_SIMULATION_DATA_ASM equ 58000

spragma endasm

tdefine r0 0.603586
tdefine rl -0.483105
tdefine r2 0.689629
tdefine r3 -0.697908
tdefine r4 0.409262
tdefine r5 -0.853177
tdefine 6 0.251224
tdefine 7 -0.959691
tdefine r8 0.189050

_fract adap_ti_fract xi, _£fract xZ. coast _fract ri;:
_fract adap_2(_fract xl1, _fract x2, const _fract r);

2. cauer_9th _main.c
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/* 9th Cauer(Elliptic) Lattice Lowpass Filter with Specifications®/
/v Ep=31500. ap=0.05, £3=4100. as=60, F=16000 °*/

/* The Following Program is the Implementation for Impulse response*/
f#include “cauer_9Sth_const_templ.h”

//¢include *twoPort_Adap.c”

ipragma asm
include ‘cauver_3th_rawData.asm’
fpragma endasm

-inzernal _fract _X °‘pointerSimData;
-incernal _fract _X output{PFTSIZE] _at {tADDRESS_CAUER_OUTPUT) ;

~incermal _fract _X all4]:
-internal _fract _X b[18]):

t/extern _external int _X i
_internal _X int i;

void main(void)
{
pointerSimData = {_fract *)}ADDRESS_SIMULATION_DATA:

for (i=0: i <= PPTSIZE-1; iee)
4
f1a(Q)=inpue(i];
a[C] =*pointerSimData«s;

b(0l=adap_lia(0).a(l].z0):
b(i]l=adap_2{a(d],afl},z0);
a(tl=b(l];
a(6l=blal;

b(8)=adap_lia(8].a(9].c4):
b(9]=adap_2¢a(8},a(%].c4);
a(gl=b(9):
a(7]=b(8];

b(6]=adap_Lial6l.a(T}.cd):
b(7)aadap_2ial6l.al?],c3);
all4}=h[6];

b(16]sadap_Lla(16].a{17],z8);
b(17]1=adap_2(a(16],a{17],v8);
alt?71ab(17);
a[l51=b[16];

b(l4]=adap_lta(l4}],af{15].cN):
bllSl=adap_2(a(l4],a(l5].z7);

/* Input for Lower Section */
a(2}=a(0l;

b(4}=adap_1(a{d],.a{5].22);
b(S]}=adap_2{a(4],a({5]1,z22);
a[5i=b(S]:
a(3l=b(4];

b(2)=adap_l{a{2},af{3}.cl);
b(3]=adap_2{a{2].,a{3].cl):
a(10]=bf2];

b{l2}=adap_l({a(12],a{13].z6);
b{l3}=adap_2(af12],a(13].26);
aflij=bf13];
a(lij=b{12};

b{l0}=adap_l(a(10]),afll],z5);
b(1li=adap_2(a[10],a(l1]),z5);

/* Data as impulse response ¢/
output (i]=0.5*(b(14]+b(10]);

af41=b(31;
afl12i=bfll];
a{8j=b(7]:
af16)=bf15];

/* Signed data at the same columms */
//iE (output[i]<Q)

/iprincf{*%d 40.18F\n", I, ocutpuc(il);
/felse

fiprinef{-sd %0.18E\n", 1, oucputii};
}
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3. twoPort_Adap.c

/* Punction’'s Definition far lsc Element of Two_Port Adaptor */
t/€loac adap_l(float x1, floar x2, float x)
_fract adap_i( _fract xl, _fract x2, comst _fract r}
L
//7£loac t;
ftEloac yl;

_fract t;
_fract yl;

e=x2-x1;
ylaxdvpre;

raturn (yi):

/¥ Function's Definition for Ind Blement of Tow_Porc Adapror */
/7tloat adap_2(£fleat x1, flecac x2, float r)

_fract adap_21{ _fract xl. _fract x2. const _fract )

{

/4 float t;
1/ float yl:

fract t©.
_fracr v2;

t=x2-xl;
y2=xlertt:

return [y2);

Directory: F:\WD_Filter_Design\matlab_sim_cauer3

22 ISR TIIIITSIIT TSI IIITTRITIIISISS

1. dsp_impl_incpuc.m

sThe piece of code is to plot cut input signal in DSPS6307EVM implementation basis
clear;

format long;

load dsp_impl_inputSignal.dac;

dsp_input = dsp_impl_inputSignal;

PFTsize = 2048:;

Half_PPFTsize = FfTsize/2:

time_interval = linspace(0,PFTsize-1.PFTsize);

index = (0:1023)*;
freqixis = {indexs128)*1000;

%
s

%loading input signal for print purpose

disp{‘Please choose one of opticns: print_sim_ input = 1, show_figure = 2’);
which_loop = input(- my opticn = *);

if which_lacp == 1
inputSignal = dsp_impl_inputSignal;
iTitle 1 = 'princ_sim_impl_input_cauerd.txt’;

fid_ I = fopen(iTitle_ 1, 'wr’}:
fprinef(fid 1, "\t The following 3’.3 input da.ta gf Matlab Simulation and DSP Implementation\n\n’);

Lprintfifid_ 1, "eicic with 4 3th order Cauer wh filceriminin-j;
for £ = 1:512
if ingutSignai(i) < 8
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fprintE(Eid_1, " $10.14F %20.134f %20.14f 920.14f\n", ...
inputSignal(i).inputSignal(i+1), inputSignal(i+2), inputSignal{i+3));
else

fprincE{Eid_1,"’ 10.14F ¥20.14F 920.14£ %20.14f\n’, ...
end inputSignal (i), inpucSignal (i+l}, inputSignal (i+2), inpucSignal{i+3)};
end
fclose{fid_L);
elseif which_loop ==
disp('Only show input signal in time & frequency domain graphically’});
else

dispt’Your option is out of the range!’});

oo e e memmeeccccccce—mmmmm—a— - mmeme e mc e

figqure(l}

subplot(3,1,1);ploc{time_interval,dsp_input);axis ([0 512 -.25 .25]);grid on:

ticle{‘Time Domain: Input Signal for 9th Cauer (Elliptic) DSPS56307EVM implementation‘);
ylabel {*Axplitude in Time domain’);

cop_l = £ftidsp_input); tmp = abs(fftshift(emp_L));

subplotil,1,2);plot(freqAxis, tmp(1025:2048) /Half_FFTsize, ‘r’);grid on:

ritle{‘'Overall Spectrum: Input Signal for 9th Cauer (BRlliptic) DSPS6307EVM implementation‘):
ylabel [*Amplitude’);

subplot(l,1,3):ploc(freqAxis, tmp(1025:2048) /Half_FPTsize, ‘m*) ;axis ([0 8000 ¢ .006]);grid on:

riclei{'Noise Level Spectrum: Input Sigmnal for 9th Cauer (Elliptic) DSPS6307EVM implementation‘):
xlabel (*Prequency Domain: Hz');ylabel('Amplitude’);

2. dsp_impl_cutput.m

AThe piece of code is to plot out output signal in DSP56307EVM implementation basis
clear:
format long;

load dsp_impl_inputSigna..dac:
load dsp_impl_outputSignal.dat;

dsp_ingut = dsp_impl_inpucSignal;

FPTsize = 2048;

Half _PPTsize = FPTsize/2;

time_interval = linspace(0.FFTsize-1,PPTsize);

index = (0:10231°;
freqixis = {index/128)*1000;

LY - ——— T - ——-—
.}

%lcading output signal for print purpose

disp(‘Please choose one of options: print_sim_output = 1, show _fiqure = 2'):
which_loop = inpuci(* my option = ');

if which_loop == 1
cutputSignal = dsp_impl outputSignal;
iTitle_1 = 'princ_dsp_impl_outpuc_cauerd.txt’;
£id_1 = fopen(iTitle_l, 'wr’);
fprintE(£fid 1, °\t\t The following is cutput data of DSP Implementation\n\n’);
Eprintf(£fid_1. *\t\t\c with a 9th order Cauer WD Filter\n\n\n’}:;
for i = 1:512
if outputSignal(i) < 0
fprintE(fid 1,’ $10.14£ %20.14f %20.14f %20.14f\n", ...

outputSignal (1), outputSignal (i+1),outputSignal{i+2},outputSignal(i+3}};
else

Eprintf(£fid_1,* 810.14£f $20.14f %20.14f %20.14£f\n°, ...
outputSignal (i) ,outputSignal (i+1},cutputSignal(i+2),cutputSignal(i+3}1;

and
Eclose(fid_1):
elseif which_loop == 2
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disp{’Only show output signal in time & frecquency domain graphically’):
else
disp(’Your option is out of the range!’};

end

% - ——— ————— — ———

tdsp_output = wdfilter{FFTsize,dsp_input):

dsp_output = dsp_impl_outputSignal;

figure(l)

subplot(3,1,1);plot(time_interval,dsp_output};axis{[0 512 -.15 .15}):grid on:

title(’Time Domain: Output Signal for 9th Cauer [Elliptic) DSPS6307EVM implementation’):
ylabel (‘Amplitude in Time domain’);

ewp_L = £ft{dsp_output); tmp = abs(ffeshifcitmp _l1};

subplot(3,1,2);plot(freqAxis, tmp(1025:2048) /Half_PFTsize, 'r’'l;grid on;

ritle(*Overall Spectrum: Qutput Signal for 9th Cauer {Ellipcic) DSPS6307EVM implementation’):
ylabel (*Amplictude’):

subplot(3,1,3):plot(freqAxis, tmp(1025:2048) /Hal £_FFTsize, 'm’);axis([0 8000 O .006]);9rid on;

ritle(’Noise Level Spectrum: Output Signal for 9th Cauer (Elliptic) DSPS6307EVM implementation’};
xlabel ('Frequency Domain: Hz‘);ylabel("Azplitude’);

3. dsp_in_out_load.m

3The program is to load the data of input and output signal with DSPS6307EVM implementacion
clear;

format leng:

FFTsize = 2043;

Half_FPTsize = FPTsize/2:;

time_interval = linspace(0,FFTsize-1,FFTsize}:;

load dsp_inputSignal_512xd . dat

load dsp_outpucSignal_S12xd.dat

tepl = dsp_inpucSignal_S512x4': dsp_inputSignal = tmpi{:):
ump? = dsp_outputSignal S512x4’; dsp_cutpucSignal =2 wmp2(:};
sload index.dat

index = (0:1023)°;

freqixis = (index/128)°1000;

emp_l = £ft(dsp_inputSignal); tmp_ll = abs(fftshifc(cmp l):
emp_2 = £ft(dsp_outpucSignal): tmp_22 = abg(fftshifr{tmp_2));

figureil)

subplot(2,1,1);plot(time_interval,dsp_inputSiqmnal, 'z’);axis([0 512 -.25 .25]);grid on;
vitle(’ Input Signal of 9th Cauer (Blliptic) DSP56307EVM Implementation in Time Domain’);
ylabel (*Amplitude’);

subploe(2,1,2);plotitime_interval,dsp_outputSignal);axis{{0 512 -.25 .25]);:grid on;
title('OQutput Signal of 9th Cauer (Blliptic) DSPS6307EVM Implementation in Time Domain’);
xlabel(’Signal ia Time Domain’}:ylabel (‘Axrplitude’};

figure(2)

subplot(2,1,1) :plot(freqAxis,tmp_11(1025:2048)/HalE_FFTsize,’'r’);grid on:
ritle(’Input Signal of 9th Cauer (Elliprtic) DSP56307EVM Implementation in Prequency Domain’);
ylabel (*Amplitude’);

subplot(2.1,2) ;plot(freqAxisg, tmp_22 (1025:2048) /Half_FPTsize) ;grid on;
title(’Output Signal of 9th Cauer (Elliptic) DSPS6307EVM Implementation in Frequency Domain’);
xlabel {*Signal in Frequency Domain: Hz’):ylabel (*Amplitude’};

figure(3)
subplotiz,l.1);plotifreqhxis, tmp_11(1025:2048) /Half_FFrsize, r*} ;axis((0 8000 0 .006]);9xid on

eitle(*Noise Level Spectrum: Input Signal of 9th Cauer (Elliptic) DSP56307EVM xwlmtar.ion');
ylabel (*Amplitude’);

Mt mms. s . e e e o e e
A Fldh WRUEE LOlALPLIGS WIFIDIVIRVEE LD,

subplot(2,1,2) ;plot(freqaxis,twp_22(1025:2048) /Half FFTsize};axis([0 8000 0 .0061);grid on;
:i:‘l.:{k&m T meownt Ot cstry  Pvetmmes e Y - ;‘ ————

lemencacion”) s

xlabel{’Signal in Fr;quency pomain: Hz’);ylabel [*Amplitude’};

%
4
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disp{’'Please chouse one of opticns: not_load dsp io daca = 1, load_ dsp_io_daca = 2°);
which_loop = inpue{’ my option = *);

if which_leoop == 1
disp{’'Have a nice day!’);
elseif which_loop ==
diary dsp_impl_inputSignal.dac;
dsp_inputSignal
diary off;

diary dsp_impl_ourputSignal.dat;
dsp_outputSignal

diary off;

disp(’ <dsp_impl_inputSignal.dac> is input data from EVM implementation.’};

dispi’ <dsp_impl_outputSignal.dat> is output data from EVM implementation.’);
else

disp(’Your cption is out of range!’);

end

4. impulse_resp.m

%The charactorizations of the 9th Cauer (Elliptic) lowpass lattice filter

clear:
format long;

FFTsize = 2048;
time_interval = linspace(0,FFTsize-1,PFTsize);

impulselnput(l) = l:;impulselnput(2:FFTsize) = zeros(FFTsize-1,1);
impulseQutput = wdfilter(FFTsize, impulselnput);

impulseQueput PFT = f£ft(impulseQutput.PPTsize);
3load index.dat

index = (0:1023)°:

freqixis = (index/128}°1000;

[ S, e -

figure(l)

subplot(Z,1,1);3tem(time_interval, impulseQuetpur, 'z*) ;axis((0,32,-0.2,0.4]):9rid on:
titlel'Impulse Response of the 9th Cauer (Blliptic) Lowpass Pilter’);

subplot(2,1.2);;plot(fftshift{abs(fft({(impulseueput))}) ) ;axis([(500 1550 0.96 1)):grid on:
title(’Impulse Prequency Spectrum of the 9th Cauer (Elliptic) Lowpass Filter‘};

impulseMagnitute = abs(impulseQutputFFT(1:1:FFTsizes2));

impulseAttenuacion = -20*logl0(impulseMagnitute);

[ Y. errre—mememe——————— mmemccsmmAmacmen v
figure(2)

subploti2.1,1) ;ploc{freqixis, impulseMagnituce) ;axis((0,8000,0,11) :grid on;
text(4500,0.75, 'Sampling Prequency = 16 kHz");
text{4500,0.55, ' Passband Frequency = 3.5 kHz*);

text(4500,0.35, ‘Stopband Frequency = 4.0 kHz’);

tirle{'Magnitute Response of the 9th Cauer (Elliptic) Lowpass Filter’);
xlabel {'Frequency in Hz‘);ylabel('Magnitute in d8°):

subplot(2,1,2) ;plat (freqAxis, impulseAttenuation) raxis ({0, 8000,0,200]) ;grid on;

text (500,90, 'Sampling Frequency = 16 kHz‘):

text (500,70, 'Passband Prequency = 3.5 kHz’);

text (500,50, 'Stopband Frequency = 4.0 kHz’);ctext(4100,50, 'Minimum actenuation in the stopband is 80.0 aB’};
citle(’Attenuation Response of the 9th Cauer (Elliptic) Lowpass Filrer*);

xlabel('Frequency in Hz’);ylabel(’Attenuation in dB’);

L

figure(3)

subploc(l, 1,1} :ploc(freqgixis, impulseMagnitute) ;axis ({0 4000 0.96 1}):grid on;
title['Pagsband Magnitute Response of the 9th Cauer (Elliptic) Lowpass Filter‘);
ylabel {*Magnitute in dB*):

subplot(3.1,2) :plot (freqAxis, impulseAttenuation) ;axis((0 40060 0 0.4});grid on;
text (550, .35, "Maximum attenuation in the passband is 0.3 d8’);

text {2200, .35, ' Passband Frequency = 3500 Hz’);

tirle{‘Passband Attesnuation Response of the 9th Cauer (Elliptic) Lowpass Pilter*);
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vlabel {*Attenuacicn in dB*);

subplot(3,1,3);:plot (freqAxis, impulseAttenuation) ;axis( (3500 8000 60 200]);grid on:
text (5200,170, ‘Minimum attenuation in the stopband is 80.0 dB*):

texr (5200, 150, ' Stopband Prequency = 4000 Hz*);

ticle{'Stopband Attenuation Respaonse of the 3th Cauer {Elliptic} Lowpass Filter’):;
xlabel (' Prequency in Hz’);ylabel('Attenuation in dR‘J;

S. matlab_sim_output.m

%The piece of code is to plot out output signal in Matlab simmlation basis
clear;

format long;

load maclab_sim_inputSignal.dac;

matlab_input = matlab_sim_inputSignal;

FFTsize = 2048:

Half_PFTsize = FPTsize/2:

time_interval = linspace(0,FFTsize-1,FFTsize):

index = (0:1023)°:
freqAxis = (index/128)*1000:

maclab_output = wdfilter(FFTsize.matlab_input);

%loading output signal for print purpose

disp(’Please choose one of options: print_sim_output = 1, show_Efigure = 2');
which_loop = input(’ my option = ');

if which_loop ==
ocutputSignal = matlab_output’:

iTitle_| = ‘print_matlab_sim eutput_cauer§.txt’:;
fid_1 = fopen(iTitle_l, wr*);

fprintf(fid_1, *\t\t The following is output Jdata of Maclab Simulation\n\n’};
fprintfifid 1. ‘\t\t\t with a 9th order Cauer WD Filter\n\n\n'};:
for i = 1:512

if ourpurSignal(i) < 0
fprincf(fid_ 1, $10.14€ %20.14F %20.14f %20.14fwm°, ...
outputSignal(i),outpucSignal (£+1),oucpucSiqnal (i+2),aucpucSignal(ied));

elge
fprincf(fid_1."* 310.14£ %20.14€ $20.14£f %20.14£\n’, ...
outpurSignal (i), outputsSignal (f+1), cuctputSignal(t«e2),outputSignal(i+d));
end
end
fclose(fid 1);

elseif which_loop ==

disp(’Only show cutput signal in time & frequency domain graphically’};

else

disp(’Your option is out of the range!’);

figure(l)

subplot(3,1,1);plot(time_interval,matlab_output):axis({0 512 -.15 .15]):grid on:
ticle{'Time Domain: Cutput Signal for Sth Cauer (Elliptic) Matlab Simulation’);

ylabel (*Amplitude in Time domain’);

tmp.l = Eft(matlab_output); tmp = abs(fftshifciemp 1));

subplort(3,1,2):plot({freqAxis, tmp(1025:2048) /Half_FPTsize, "t*):grid on;

title(’Overall Spectrum: Qutput Signal for 9th Cauer (Elliptic) Matlab Simulation’):

ylabel (*Amplitude’);

subplot(3,1,3);plot(freqhxis, tmp(1025:2048) /Half_FFTsize, ‘m*):axis([0 8000 0 .006]);grid on;

title{'Noise Level Spectrum: Output Signal for 5th Cauer (Blliptiec) Matlab Simulatien’);
xiapel (*frequency Damain: Hz*);ylabel| Amplitude’);

§. sim_imp_comp.m
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4This program is to ccmpare with the simulation & DSP implementation in multi-ways
clear:

format long;

PPTsize = 2048;

Half_FPTsize = PFTsize/2:

time_iaterval = linspace(0,FFTsize-1,PFTsize);

%lecad index.dat

index = (0:1023)";

freqgAxis = {indexs/128)+1000;

| WO ——— .-

AThis zone is to load simulation & implementation data

load matlab_sim_inputSignal.dat;
load dsp_impl_inputSignal.dat;
load dsp_impl_outputSignal.dact;

matlab_sim_input = matlab_sim_inputSignal;

matlab_outputSignal = wdfilter (PFTsize,dsp_impl_inputSignal):
matlab_PPT_outpucSignal = fft(matlab_outputSignal):
matlab_plotFFT_ocutputSignal = abs(fftshift(matlab_PPT_ouctputSignal)):

dsp_FPT_ourpucSignal = ffri(dsp_impl_outputSignall;
dsp_plotFFT_outputSignal = abs{fftshift (dsp_PPT _cutputSignal)};
diff_outputSignal = matlab_outputSignal’ - dsp_impl_outputSignal;

\"”xe section is fo compare with the real part and imaginary part between Matlab & DSPS63I07TEVM, respeciively

matlab_PFT_outpucSignal_real = real (fft(maclab_outputSignal)):
maclab_PFT_outputSignal_imag = imag(fft(matlab_outpurSignal)):

dsp_FFT_outputSignal_real = realt{ffridsp_impl_outputSignal));
dsp_FFT_outpurSignal_imag = imag{ffr{dsp_impl_ouctputSignal)};

diff_realPart_PFT = maclab_FFT_outputSignal_real' - dsp_PFT_outputSignal_real;
diff_imagPart_FFT = matlab_FFT_oucputSignal_imag’ - dsp_PFT_outputSignal_imag:

\'!'he gection is to compare wi:h the powers in time domain & frequnecy domain, using Patseval's Relaticn

maclab_sim timePower = sum(matlab_sim_inpuc.~2);
FFT_matlab_sim_real = real{fft(mactlab_sim_ input)); PFT_matlab_gim imag = imag(ffc{matlab_sim_fnpucl);
matlab_sim_freqPower = sum(FFT_matlab_sim_real.~2 + FFT_matlab_sim_imag.~2) /FPTsize;

dep_impl_timePower = sum(dsp_impl_inputSignal.*2);
FPT_dsp_impl_real = real(fft{dsp_impl_inpurSignal)); PPT_dsp_impl imag = imag{ffr{dsp_impl_inputSignal}};
dsp_impl_freqPower = sum(PET_dsp_impl_real.~2 + FFT_dsp_impl_imag."2) /PFTsize;

matlab_ocutputSignal_timePower = sum(matlab_outputSiqnal.~2);
matiab_outputSignal_freqPower = sum{matlab_FPFT_outputSignal_real.~2+matlab_FFT_outpuetSignal_imaq.~2) /FFTsize;

dsp_impl_outputSignal_timePower = sum(dsp_impl_outputSignal.~2);
dsp_impl_outputSignal_freqPower = sum(dsp_FFT_cutputSignal_real.~2 + dsp_PPT_outputSignal_imag.~2)/FPTsize;

diff_outputSignal_timePower = abs(matlab_ocutputSignal timePower - dsp_impl_outputSigumal_timePower);
diff_outputSignal_freqPower = abs(matlab_ocutputSignal_freqPower -~ dsp_impl_ outputSignal_EreqPower);

[ .
figure(l);

subplot{3,i,1);plot(time_interval,matlab_sim_input);axis((0 S12 -.25 .25]}:grid on;
ricle(*Actual Input Signal in Time Domain with 9th Cauer (Elliptic) Matlab Simulation’};
ylabel (*Amplitude’);

subplot(3,1,2);plot(time_interval,dsp_impl_inputSignal,’r’);axis([0 512 -.25 .25]);:grid an:
ticle(*Actual Input Signal in Time Domain with 9th Cauer (Blliptic) DSPS6307EVM Implementation’}:
ylabel (*Amplitude’);

subplot(3,1,1);plot(time_interval,matlab_sim_ input-dsp_impl_inputSignal);axis([0 512 -.Je-6 .le-§]):grid on;
cicle( Input: Amplitude difference in Time Domain Between Simulation and Implementation’);
xlabel (*Signal in Time Domain’);ylabel (°Amplitude’);

[ Y dmmmmmn e
figure(2);
subplot(3,1,1):plotitime_interval,matlab_outpurSignal) ;axist{0 512 -.15 .15});grid on:
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ricle('Actual Quctput Signal in Time Domain with 9ch Cauer (Elliptic) Maclab Simulation®);
ylabel(’Amplitude’}:

subploc(3,1,2}:plot(time_interval,dsp_impl_outpurSignal, r’);axis((0 512 -.15 .15]);grid on:
title('Actual Qutpur Signal in Time Domain with 9ch Cauer (Elliptic) DSPS6307EVM Implementation‘};
ylabel{ Amplituder};

subplor(3,1,.3);plot{time interval matlab_outputSiqnal’-dsp_impl_outputSignal) ;axis([0 512 -.3e-6 _3a-§]):grid cn;
ritle('Output: Amplitude difference in Time Domain Becween Simulation and Implementation’};
xlabel{*Signal in Time Domain’):ylabel{‘Amplitude’);

Ymmmmmcmc e mmm—————— e —————

figure(d};

subplor(2,1.11;plot{freqhxis,matlab_plotFFT_outputSignal(1025:2048) /Half_PFrsize, 'r’};
grid on:

ticle('The Spectrum: Actual Qutput Signal with 9th Cauer (Elliptic) Matlab Simulation‘):
xlabel{'Prequency in Hz'):ylabel{’'Amplitude’):

subploz(2,1,2);plot(freqAxis, dsp_plotPFT_outputSignal (1025:2048) /Half_FFTsize);

grid am;

title('The Spectrum: Actual Qutput Signal with 9th Cauer (Elliptic) DSPS6307EVM Implementatiom’};
xlabel{'Prequency in Hz'}:ylabel (*‘Amplitude’):

fiqure(qd):

subplot (2,1, 1} :plot(freqAxis.maclab_plotFFT_outputSignal (1025:2048) /Half_FFTsize, "’}

axis( (0 8000 0 .004));grid on:

title('Noise Level Spectrum: Actual Output Signal with 9th Caver (Blliptic) Matlab Similacion‘);
xlabel{*Prequency in Hz');ylabel(‘Amplitude’);

subplot(2.1,2);plot(freqAxis,dsp_plotFFT_outputSignal (1025:2048) /Half_PFTsize);

axis{ {0 8000 0 .004)):grid on:

citle('Moise Level Spectrum: Actual Output Signal with 9th Cauer (Blliptic) DSPS6307EVM Implementation*);
xlabel (' Prequency in Hz');ylabel ('Amplitude’};

figqureiS);

subplor (2,1, 1) ;plot{freqixis,diff_realPart_PPFT(1025:2048) /Half_FFTsize, *r’);qrid on;
ticle('The Output Spectrum Difference in real part between $th Cauver (Elliptic) Simulation and Implementation’};
xlabel{’Prequency in Hz’):;ylabel(’Amplitude’):

subplor(2,1,2) ;plot (freqAxis, diff_imagPart_FFT(1025:2048) /Half_PFTsize) ;gqrid on;
title(*The Qutput Spectrum Difference in imag part between 3th Cauer (Blliptic) Simulation and Implementacicn’};
xlabel{’Prequency in Hz');ylabel(’Amplitude’);

B e m e m e cm e am—a———————————————————— e tm e s eemccecemesesecaecacam—e—ema-ae—.—————ae——

fiqure(6);

subplot(2,2,1);plotifreqAxis(1:449),diff_realPart_FPT{1025:1473) /Half_PFTsize);
title('9th Cauer (Elliptic) output real part diff in passband’);

xlabel {’Prequency in Hz');ylabel(‘Amplirude’);gzid on:

subplot (2,2,3);plot(freqAxis(1:449) ,dif£_imagPart_FFT(1025:1473) /Half_FFTsize);
ticle('9th Cauer (Elliptic) cutput imag part diff in passband’);
xlabel(’Frequency in Hz');ylabel{(’'Amplitude’);grid on;

subplat(2,2.2};ploc{freqAxis (641:1024) ,dif€f_realPart FPT(1665:2048) /Half_PPFTaize,’'r");
title('9th Cauer (Blliptic) output real part diff in stopband’);

xlabel {’Prequency in Hz’):;ylabel('Amplitude’);grid on:

subplot(2,2.4) ;plot{freqAxis (641:1024) ,di££f_imagPart_FPT(1665:2048) /Half_FPTaize, 'r’);
title('9th Cauer {Blliptic) output imag part diff in stopband’};

xlabel {'Prequency in Hz*');ylabel (’*Amplitude’);grid on;

]

disp(*Pleagse choose one of options: track _power_data = 1, print_power_comp = 2°);
which_loocp = input(’ my option = *);

if which_loop ==

disp(’Conparison with Matlab simulation & DSES6307EVM implementation’);
disp(’in terms of Parseval Realation’);

matlab_sim timePower
matlab_sim EreqPower

dsp_impl_timePower
dsp_impl_freqPower

matlab_ocutputSignal_timePower
matlab cuctputSignal_freqPower

dsp_impl outputSignal_timePower
dsp_impl_ocutputSignal_freqPower

diff cutputSignal_timePower
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diff_ecutputSignal_freqPower

elseif which_loop == 2
iTitle_l = ’'print_sim_impl_power_ comp_cauerd.txt’;
£id_1 = fopeniiTitle.l,’'wr’};
fprinc€(£id_1, ‘\t Comparison with Matlab simulation & DSPS6307EVM implemeatationi\nin’);
fprincf(£fid_i, '\t by a 9th order Cauer WD Filter in terms of Parseval Realatioen\n\n\n’);

Eprincf(fid_t, * Simulation in time domain: Input Signal Power = %10.14f\n’,matlab_sim timePower);
fprint(fid_1, - Simulation in freq domain: Input Signal Power = %10.14f\n’,matlab_sim_freqgPower);

Eprintf(fid_1, '\n");

fprincE{fid_1, Implementation in time domain: Input Signal Power = %10.l4f\n’,dsp_impl_timePower);
fprincf{fid L, Implementation in freq demain: Input Signal Power = %10.14f\n’.dsp_impl_freqPower);

fprinct{fid_1, *\n’);

fprintfifid_1, ° Simulation in time domain: Qutput Signal Power = $10.14f\n’,...
matlab_outputSignal_timePower);
Eprincfifid_l, * Simulation in freq domain: Output Signal Power = %10.14f\n’,...

matlab_outputSignal_freqPower);
fprintfifid 1. *\n*);
Eprincf(fid_L, * Implemencation in time domain: Qutput Signal Power = $10.14f\n‘,...
dsp_impl_outputSignal_timePower):
fprincf(£id_1, Implementation in freq domain: Cutput Signal Power = $10.14f\n’,...
dsp_impl_outputSignal_freqPower) ;
Eprincf({fid_1, *\n’};

fprintf(fid_l, *\t The following is to compare power difference of output signalin’);
fprincf{fid_1, '\t\t between simulation and DSP implementaticn\n\n’):

fprincf(fid_1, * Qutput Signal: Power Difference in time domain = ®10.14f\n’....
diff_outputSignal_timePower) ;
fprincf(fid_1, Output Signal: Power Difference in freq damain = S10.14f\n’,...

diff_outpucSignal_freqPower) :
fclose(Eid_L);
else
displ’four option is out of range!’):
end

disp('Have a nice day!’);

7. Two_adap.m

funceion (bl.b2|=Two_adap(r.al,al)

¥Two_Port Adaptar
t=a2-al;
blzaZer*e;
b2=aler*e;

§. wdfileer.m

function output = wdfilter(PPFTsize, input)

%The 9th Cauer (Elliptic) WD Lattice Adaptor
a=zerosi{lg, 1);
b=zeros{18,1);

% Coefficients for Satisfying the Specifications

% £p=1.5 kHz, ap=0.3 dB, £s=4.0 kHz, as=80.0 dB, P=16 kHz
%The following coefficients are related to 24 bits

b41)

= 0.603586;
rl =  -0.483105;
r2 = 0.689629;
rl = -0.697908;
4 = 0.409262;
5 =  -0.859177;
6 = 0.251224;
r7 = -0.959691;
8 = 0.189050;

tmake as input signal for the purpeses of the impulse
$Impulselnput{l)=1;%Impulselnput (2:PFTsize) =zeros (FFTsize-1,1);

Gdrmeeetn TVt o Somemeste £, ey —moyvrmes AOWRL e T T E .
T talad = [9-24 -——s

for n=1:FFTsize

% Goes to Upper Section
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afly = inputin);

% Calls the function created
fb(1}.b{2} ] =Two_adap(xr0,a(l),a(2)};
%t Next State

a{2)=b{2};

% Connection Constraint

alT)=b{l);

[b(9).b (10} }=Two_adap(rd4.a(9),a(l0}));
alldi=b(l0);

al8)=b(%);

[b{7).b(8)}=Two_adap(r3,a(?),a(8));
allSi=b(7);

[b{17},b(18) )= Two_adap(r8.,a(l17),a{ld)};
all8i=b(18);

allBi=b(17);

% Ends Upper Section

[Di{15),b{16) }=Two_adapi{r7.a(l5),.a(l6)};
% Goes to Lower Section

ath=a(l);
[(bi5).b(6) ) =Two_adap(r2,a(5).a{6)):

al6)=h(§);
aldr=b(5);

[b{1).b(4)]=Two_adap(rl,a(d),a(d)):
a(lli=bi3d);
[bI13),b(14) ] =Two_adap{r6,a(l3),a(1l4));
atld)=b(l4d);

ail2}=zb(l3) -

\ Ends Lower Section

[bt1l),b(12) J=Two_adap(rS.a(ll).a(l2});
% Qutput as Response

qutput (n}=(b(15) +b(11))/2;

% Next State

a(S)y=bid};

a(l3)=b(12);

a{9)=b(8};

a{l?=bil6);

end

tfigure(i);stem{output) ;axis([0 70 -0.2 0.4}):grid on;

¥make the file, called *ImpulseCutput.dat®
SMATLAB> who/diary ImpulseQutput.dat/output’/diary off

Source Codes - Group 2

Directory: F:\WD_Pilter_Design\comnon_source

/* To calculate the coefficients for Chebyshev filters
#include <scdio.h>

tinclude <math.h>

Placlude “Clieby_vai_Lunc.n”

tinclude °*public_func.c*

main()

./
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wholeStar():;

printf(®* To calculate the coeffieients for Chebyshev filter *\n*};
intcroduction();

wholeStar();

printf(*\n\t Passband Frequency:
princf(”\t Passband Atrenuation: ap
printf(~\t Stopband Frequency: fs
as
F

s

nuwnna

= *);scanf{"$£°,spassPreq):
*)};scanf{"%E",spassatten);

*}:scanf{"%£", &stopPreq);
~);scanf{~%f",&stopAtten);

*};scanf{"¥£", &samplingPreq) ;printf(*\n");

princfl*\t Stopband Attenuation:
printf( "\t Sampling Frequency:

tmp_stopAtten = stopAtten / 10.0;
tmp_passAtten = passAtten / 10.0;

stopRipple = sqrt(pow(l0.0,tmp_stopAtcen)-1.0);
passripple = sqrt(pow{l0.0,tmp_passatten)-1.0);

stopTransPreq = tan{PIl*stopPreq/samplingPraqj;
passTransPreq = tan(Pl*passfreq/samplingFreq);

aux_k0 = sqrtistopTransFreq/passTransfreq);

aux_kl = pow(aux_kQ,2) « sgrtlpowlaux_k@,4) - 1}:

aux_cl = aux_ki;

minFilterDegree = (cl*loglic2*stopRipplespasaRipple) )/loglaux_c3);
whalestart)

if (minFilterDegree < 10.0)

princf(°* Minimum filter Qrder is R *\n".minfilterDegree) ;
else

princf(** Minimum filter Order is A f *\n".minPilterDegree) ;

printf(** Please Choose the Filter Order N *\n*);

wholeStar();

printf(°\n\t The Selected Filter Order: N = *}:
scanf ("%d~.&selectedFilterDegree) :printfi*\n"};

passfipple_min = (2°stopRipple) /ipcwilaux_kl,selactedFilterDegree));
passRipple_star = passRipple:

passAtten_star = 10*logl0(l - powipassRipple_star.2});
stopAtten_star = 10*loglO{l + powlistopRipple, 2}}:

wholesStar();emptyStar{);
printf{** The actual attenuation in passband is %f d3 *\n", passatten_star);
printf("* The actual attenuation in stopband is ¥f dB *\n", stopAtten_star):
empcysStar() ;wholeStar();
aux_n = pow(selectedFilcerDegree,-1);
aux_w = powl(pow(passRipple_star, -1)+sqrti{pow(passRipple_star, -2)+1}).aux_n);
aux_r = (aux_w-(l/aux_w)) *passTransfreq;
r 0 = (2-aux_r)/(2+aux_r):

priancf(*\n*);
princf{*\t\tcoefficienc_0 = LIAV. LSS

for (index=l;index<z(selectedPilterDeqree-1)/2;indexs+)

aux_Ai = aux_r'eos{PIl*index/selectedFilterDegree};

aux_B_tmp = {(pow{aux_w,2)+pow(l/aux_w,2)-2*cos(2*PI*index/selectedFilterDeyree));
aux_B = aux_B_tmp*pawipassTransfreq,2) /4;

r.l = (aux A - aux_B - 1)/laux_A + aux B + l):
if(2*index-1 < 10)
4
if (r_1 > -10000 && ¢_1 < 0)

printf(°\t\tcoefficient_3%d = Sf\n~",2%*index-1.r_I1};
:gxextf (*\t\tcoefficient_%d = sf\n*,2*index-1,r 1);
;l.se
¢ if (r.1 > -10000 && r_1 < Q)
printf(*\t\tcoefficienc_%d = &f\n",2*index-1,zc_1};
) :]x:—?.::f('\t\:coefficien:_\d = S$£\n",2*index-1,c_1};

r.2 = (1 - aux_B}/ (1 + aux_B);
if(2*index < 10)
{
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i€(r_2 > 10000}

printf{*\c\tcoefficient ¥d = ¥f\n*,2*index.r _2):
else
printf(*\t\tcoefficienc ¥8d = $£\n",2*index, r_2);
)]
elge
{

if(r_2 > 10000)

printf(*\c\tcoefficient_%d = %f\n",2*index,r_2);
else

printf("\t\tcoefficient_%d = %f\n".2'index,r_2);

princf{"\n");
wholeStar{):;
tailPrint();
wholeStar(};

return 0;

2. cheby_var_func.c

tdefine PI 3.141592654

tdefine el 1

tdefine c2 2

float passPreq, passAtten, stopfreq, stopAtten, samplingFreq;

double tmp_stopAtten, tmp_passAtten;

double stopRipple. passRipple, stopTransFreq, passTransFreq;
double aux_k0, aux_kl, aux_c3, minFilterDegree;
int selectedPilterDegree;

double passRipple_min. passRipple_star:

double passAtten_star, stopAtten_star;

double aux_n, aux_w, Aaux_r;

int index:

daouble r 0, aux_A, aux_B tmp, aux B, r_l, ©_2;
vaid wholeStar (void) ;

void emptyscar (void) ;

vaid introduction(void) ;

vaid tailPrint (void);

Directory: P:\WD_Pilter_Design\dsp_impl chebyS

Pile Name:

1. cheby_5th _const_templ.h

tdefine FPTSIZE 2+1024
tdefine ADDRESS_CHEBY_LOCAL_VAR 0x1000
tdefine ADDRESS_SIMULATION_DATA 0x6000
tdefine ADDRESS_CHEBY_ OUTPUT 0x8000
fpragma asm

CHEBY_SAMPLE_SIZE_ASM equ 2048
ADDRESS_CHEBY_LOCAL_VAR_ASM equ $1000
ADDRESS_CHEBY_OUTPUT_ASM equ $6000
ADDRESS_SIMULATION_DATA_ASM equ $8000

/*The following coefficients are related to 24 bitse*/
Wdefine Q@ 0.675837
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#define rl -0.583980
tdefine r2 0.678323
tdefine r3 -0.846811
ftdefine r4 0.387688

_fract adap_!{(_fract x1, _fract x2, const _fract r};
_fract adap_2(_fract xl, _fract x2, const _fract r);

2. cheby_Sth_main.c

/°* Sth Chebyshev Lattice Lowpass Filter with Specifications®/

/* £p=3000, ap=1.0, £s=5000, as=40, P=16000 °*/

/°* The Pollowing Program is the Implementation with inputSignale/
tinclude °cheby_Sth_const_templ.h*

//¢include *twoPort_Adap.c*

$pragma asm
include ‘cheby_Sth_rawbData.asm’
spragma endasm

_internal _fract _X ‘*pointerSimbData:;
_internal _fract _X output(FPTSIZE] -at (ADDRESS_CHEBY_OUTFUT) ;

_internmal _fract _X a(l0);
_internal _fract _X b[10]:

//extern _external int _X i;
_internal _X int i;

void main(void)
pointerSimbata = (_fract *)ADDRESS_SIMULATION_DATA;

for (i=0; i <=3 FFTSIZE-1l;: ie+s+)
{
/7a[0]=inpue(il;
al0]=’pointerSimbDataes;

b[0]=adap_l{a(0],a(l],c0);
b{l]=adap_2(al0],a(1].z0};
a(l}=b(l};
a(6]1=b(0];

b{8]=adap_l(af8).a(9).rd);
b(%9]=adap_2(a(8},a(91.x4):
a{91=b(91;
a{7]=b{8};

bi{6]=adap_l(a[6].a(7].r3);
b(7]=adap_2(a(6}.a(7].cd);

/* Input for Lower Section */
al2]=a{0};

b{4]l=adap_l(a(4].a(5],r2);
b(Si=adap_2(afd},al51.z2);

a(5]=bi{5];
a(3}=bl4];

bi2}=adap_l(af2}.a(3},zl);
b(3}=adap_2(al2},a(3}),rl);

/* Data as impulse respcnse */
output[ij=0.5*(b[6]+b(2]);

a(d4i=b{3};
a(8l=b{7l;

/* Signed data at the same columns */

/71t (output(i}<0)

//princf(%d %0.18£\n*, i, cueput(i});
/lelse

//princf(*vd %0.18f\n", i, output(i]);
}

Dirarrary. P.\WD_Pilrar Nasionimarlah eim ~habw
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1. dsp_impl_input.m

WThe piece of code is to plot out input signal in DSPS6307EVM implementation basis
clear;

format long;

load dsp_impl_inputSignal.dat;

dsp_input = dsp_impl_inputSignal;

FFTsize = 2048;

Half_PFTsize = PPTsize/s2;

time_interval = linspace(0,FFTsize-1,PFTsize);

index = (0:1021)°;
freqAxis = [index/128)*1000;

| TR -

%loading input signal for print purpose

dispi’Please chocose cone of optiens: print_sim_input = I, show_fiqure = 2*);
which_loocp = inpuc(’ my option = *);

if which_loaop == 1
inputSignal = dsp_impl_inputSignal;
iTitle_l = 'princ_sim_impl_input_chebyS.txt’;
£id_1 = fopen(iTitle_l,'wr’};
tprintfifid_1l, "\t The following is input data of Matlab Simulation and DSP Implementation\n\n‘);
fprintfifid 1, “\c\ene with a S5th order Chebyshev WD Pilter\n\ni\n');
for ¢+ = 1:512
if inputSignal(il < 0

fprincf(fid_1," ¥10.14£f %20.14f %20.14f %20.14f\n*, ...
inputSignal(i),inputSignal(iel},inputSignal(i«2), inputSignal (i+3});

else
fprincf(fid 1. $10.14£ %20.14f€ %20.14Ff %20.14£\n", ...
inpucSignal (i), inputSignal(i+1l),inpucSignal(i-2),inpucSignal(i+31};
end
end
felogetfid L)

elseif which _loop == 2

disp(-Only show input signal in time & frequency daomain graphically’):
else

disp(*Your optiom is out of the range!’);
end

Becmccmccmmccecmeeemmmmcem——m————————

figure{l)

subplot(3,1,1) ;plot(time interval,dsp_input) ;axis([0 512 -.25 .25]):grid on;

title( Time Damain: Input Signal for Sth Chebyshev DSPS5307EVM implemsntation’);

ylabel (*Amplitude in Time domain’}):

wp_l = ffc(dsp_input); tmp = abs(fftshift(ump_l)):

subplot(3,1,2);plotifreqAxis, tmp(1025:2048) /Half_FFTsize, ’'r’);qrid on:

citle(*Overall Spectrum: Input Signal for Sth Chebyshev DSPS63QU7EVM implementation’);
ylabel (*Amplitude’);

subploti(3, 1,3 :plot(freghxis, tmp(1025:2048) /Half_FFTsize, 'm’);axis ({0 3000 0 .006]):grid on;

title(’Noise Level Spectrum: Input Signal for Sth Chebyshev DSPS6307EVM implementation’);
xlabel (*Frequency Domain: Hz’);ylabel(’Amplitude’);

2. dsp_impl_cutput.m

AThe piece of code is to plot out output signal in DSPS6307EVM implementation basis
clear:
fm: T smwree o

ploserrdy

load dsp_impl_inputSignal.dat;
load dsp_impl_outputSignal.dat;
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dsp_inpur = dsp_impl_inputSignal;

FPTsize = 2043:
Half FFTsize = FFUsize’2:
time_interval = linspace(0,PFTsize-1.FFTsize);

index = {0:1023)';
freqgAxis = (index/128)*1Q00;

tleading cutpur sigmal far print purpose

disp(*Please choose cne of options: print_sim output = 1, show_figure = 2*);

which_locp = inpuci’ my option = ")¢
if which_loop == 1

outpurSiqnal = dsp_impl_suctpusSignal:

iTirle_1 = 'print_dsp_impl_output_chebyS.txc’;

£id 1 = Eopen(iTitle l,'wz'):

fprintf(£id_1, '\t\c The following is cutput data of DSP Impleamencation\ni\n’);
Eprinef(£id_1, '\ticae with a Sth order Chebyshev WD Pilter\nin\n‘l:

for i = L:512

if cutpurSignalii) < ¢

fprintEifid_L,’ 810.14€ %20.14f 920.124f %20.14£\n", ...
outrputSigual (i}, outpurSignal (i+1},outpursSigqnal{i+2),oucpucSignaliisdi};

else

fprintE(Eid 1, " %10.14f 20.14f %20.14f %20.14f\n", ...
ourputSigqnalii},outpurSiqnal(i«l} . outputSignalii+2), outpucSignal{ied));

and
end

tcloseifid_1);
elseif which_loop ==

disp{‘Only show output signal in cime & frequency domain graphically’):

else

displ*four cption is out <f the range!’];

¥dsp_output = wdfilter{FFTsize,dsp_input);
dsp_output = dsp_impl_outputSignal;
Eigure{l}

subplot(3.1.1);plot{time_interval,dsp_output);axis({0 S12 -.15 .151}:grid om:
title!{'Time Domain: Output Signal for 5th Chebyshev DSP5SI07EVM inplementation’);

ylabel(‘Amplicude in Time domain‘);

tmp I = Eft(dsp_output); tmp = abs{fitshift(tmp_l}};

subplot(3,1.2):pioc{freqAxis, tmp(1025:2048) /Half_FFTsize, '£*):grid m;
civle(’Overall Spectrum: Qutput Signal for S5th Chebyshey DSPS6307EVM imprlemencacion’);

ylabel (‘Amplitude’};

subplot (3,1,3) ;plot (EreqAxis, exp{1025:2048) /Half_FFTsize, 'm’) ;axis( (0 8G00 0 .006));grid on;
citle(*Noise Level Spectrum: Output Signal for 5th Chebyshev DSP5§3IQTEVM implemencacion’):
xlabel (*Frequency Comain: Hz*);ylabell'Amplitude’]:

3. dsp_in_sut_load.m

AThe program is to lcad the data of input and output signal with DSPS6307EVM implementation

clear:

format long;

FFTsize = 2048;

Half_FFTsize = PPTsize/2;

time interval = linspace(Q,PFTsize-1,FPTsize);
load dsp_inputSignal_512xd.dat

lcad dsp_cutputSignal_Sl2x4.dat

tmpl = dsp inputSigqmal_S12x4°; dsp_inputSignal =

mp2 = dsp_outputSignal_512x4°’;: dsp_cutputSignal

tmpli:z);

= tmp2l:z);
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%lcad index.dat
index = {0:1023)°;
EreqAxis = (index/128)*+1000;

tmp_l = fEcidsp_inputSignal}; ump_ll = abs(ffetshife(tmp_l));
tmp_2 = £Ec(dsp_outputSignal); tmp_22 = abs(fftshifr(emp_2));

figqure{l)

subplot(2,1,1);plot(time_interval.dsp_inputSignal, ‘r’);axis([0 512 -.25 .25}):grid on;
ritle(' Input Signal of Sth Chebyshev DSPS6307EVM Implementation in Time Damain’);

ylabel (*Amplitude’);

subploti2,1,2) ;plotitime_interval,dsp_outputSignal) ;axis{[0 512 -.25 .25J};grid on;
title('Qutput Signal of Sth Chebyshev DSP56307EVM Implementation in Time Domain’};
xlabel{‘Signal in Time Domain’);ylabel(’Amplitude’);

figure(2)

subplot (2.1, 1) :plot{freqhxis, tmp_11(1025:2048) /Half_PPTsize,’r’);grid on;

citle(’Input Signal of Sth Chebyshev DSPS63Q7EVM Implementation in Prequency Domain’);
ylabel(*Amplitude’);

subplot{2.1,2} ;plotifreqaxis. tmp_22 (1025:2048) /Half_FFTsize):grid on;

ticle(’Output Signal of Sth Chebyshev DSPS6107EVM Implementatiocn in Frequency Domain‘) ;
xlabel {*Signal in Prequency Domain: Hz’):ylabel(’Amplitude’);

figure{(3)

subplot(2,1,1) ;plot{freqaxis, tmp_11(1025:2048) /Half_PFTsize, ‘r’);axis((0 8000 0 .006]);grid en;
ticle('Noigse Level Spectrum: Input Signal of Sth Chebyshev DSPS6I07EVM Implementation’):
ylabel (’Amplizude’);

subplot (2, 1,2);plot(freqAx:s, tmp_22 (1025:2048) /Half_PFTsize);axis ({0 8000 @ .006]}:grid on:
title(’Noise Lavel Spectrum: Oucput Signal of Sth Chebyshev DSPS6307EVM Implementation’);
xlabel (*Signal in Prequency Domain: Hz'):ylabel(‘Amplitude’);
S e PR B S e IR AP PO IIPEPESE RPN 1 S

disp(’Please choose one of options: noc_load dsp_ic_data = 1, load dsp_io_data = FAs M
which_loop = input{” my option = '};

i€ which_logp == 1
disp(‘Have a nice day!"};
elseif which_loop ==
diary dsp_impl_inpucSignal.dact;
dap_inputsSignal
diary off;

diary dsp_impl ocutpucsSignal.dac;
dsp_cutpucSignal

diary off;

disp(’ <dsp_impl_inputSignal.dat> is input data from EVM implementation.’):

disp(* <dsp_impl_outputSignal.dac> is output data from EVM implemencation.*);
else

disp('Your option is out of range!-);

end

4. impulse_resp.m

The charactorizations of the Sth Chebyshev lowpass lattice filter

clear;
format long:

FFTsize = 2048;
time_interval = linspace(0,FFTsize-1,FFTsize);

impulselnput{l) = 1l;impulselnput(2:FFTsize) = zeros(FFTsize-1,1);
impulseQutput = wdfilter (PFTsize, impulselnput);

impulseQutputPPT = fft(impulseCutput,FEFTsize);
%load index.dat

index = (0:1023)°;

freqAxis = (index/128)*1000;

EL meee 2 ¥
—agante Vi

subplot{2,i,l);stem(time_interval, impulseOutput,’z’);axis((0,32,-0.2,0.4])grid on;
title(’Impulse Response of the Sth Chebyshev Lowpass Pilter’);
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subplot (2.1.2);plot(£Exshifr (abs(E£L( (LmpulseQueput)) ) ) ) grid an:
cicle(’Inpulse Frequency Spectrum of the Sth Chebyshev Lowpass Filter<);

impulseMaquirute = abs(impulseOQutputPFT(1l:1:PFTsize/2});
impulseActenuation = -20*logll{impulzeMagnitute};

m m m e e e —————
figure(2)

plotifreqhxis, impulseAttenuation) ;axis( [0Q,8000.0,220]) :grid on;
cexc{500,1%0, 'Sampling Prequency = 18 kHz’):

cext {500, 170, " Passhand FPrequency = 3.0 kHz’):

cext (500, 150, 'Stopband Frequency = 5.0 kHZ'):

texti{500, 130, 'Minimum artenuacion in the stopband is 40.0 dB);
title{*Attenuation Response of the Sth Chebyshev Lowpass Pilter’);
xlabel {*Prequency in Hz'):ylabel{’Attenuacion in dB*):

Eigure(l}

plot{fregaxis, jmpulseMagnicuce, ‘o) ;axis{[0,8000,0,11):9rid on:

text (4500,0.75, ‘Sampling Frequency = 16 kHz'):

text (4500, 0.55, ‘Passhand Freguency = 3.0 kHz'):

text (4500,0.135, ‘Stopband Prequency = 5.0 kHz');

citle{*Nagnitute Response of the Sth Chebyshev Lowpass Pilter‘];
xlabel{"Frequency in Hz'};ylabeli’Magnitute in dB’};

fiqure{d)

subploc(2.1.1) ;plot{freqixis, impulseMagnituee} ; axig([0 3500 0.85 t]);grid en;
caxt{1200,0.875, 'Magniitute response in the passhand’):

title(’Passband Magnitute Response <of the Sch Chebyshevw Lowpass Filecer');
ylabel{’'Magnitute in d8’);
subploc(2,1.2):plot (EreqAxis, impulseAttenuacion) ;axis((0 3500 ¢ 1,2));9rid on;
rexc (1050,1.1, 'Maximum attenuation in the passband is 1.0 dB*};

citle(’Passhand Attenuation Response of the 5th Chebyshev Lowpass Filter’):
ylabel (*Attenuacion in dB’);

5. maclab_sim_oucput.m

AThe piece of code is to plot out ocutput signal in Matlab simulacion basis
clear;

formar lang:

load matlab_sim_inputSignal.dat:

matlab_input = matlab_sim_inpuctSignal:

FFTsize = 2048;

Half_PFTsize = FPTsizes2;

time_interval = linspace{0,PFTsize-1,PFTsize);

index = {0:1023)°;
freqAxis = {index/128)*1000;

matlab output = wdfilter{PFTsize,matlab_input}:
Bt e ——— -

%loading cutput signal for print purpose

disp{'Please choose cne of optiwms: print_sim _output = 1, show_figure = 2*);
which_loop = inpuct(’ my option = "9}

if which_loop 2= 1
cutputSignal = matlab_cutput’;

iTitle_I = 'princ_matlab sim output_chebyS.txc’;
£id_1 = fopen(iTitle_ 1, wr°};

fprincE(fid_1, '\&\k The following is output data of Matlab Simulation\n\n’);

forint £(£id_1, "\E\EAE with a Sth order Chebyshev WD Pilterin\n\n'):
for i = 1:512
if outputSignal(i) < 0

fprint£{€id 1, $10.14£ %20.14F %20.14F $20.14f\n°, ...
outputSicnal (i) ,outputSignal (£+1) ,outputSignal{i+2},outputSignal{i+3));
else
fprintf{fid. 1, $10.14f %20.14£ %20.14f %20.248\n”, ...

outputSignal(i},outputSignal (i+1),outputSignaliie2},cutputSignali{i+3));

end

fclose(Eid 1);
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elgeif which_loop ==

disp(-Only show cutput signal in time & frequency domain graphically’}:
else

digp(*Your option is out of the range!’);

end

figure(l)

subplac(3, 1.1} ;plot(time_interval,maclab_output);axis({0 512 -.15 .15]);grid on;

title('Time Domain: Oucput Signal for Sth Chebyshev Matlab Simulation’):

ylabel {("Amplitude in Time domain‘);

tmp_l = fftimatlab_oucput); tmp = abs(fftshift(tmp_1));

subplot(3.1,2) ;plot(freqAxis, tmp(1025:2048) /Half_FFTsize, 'r’);grid on;

title(‘Overall Spectrum: Qutput Signal for Sth Chebyshev Matlab Simulation‘);

ylabel (*Amplitude’};

subplot(3,1,3) :plot (freqAxis, tmp(1025:2048) /Half _FFTsize,'m’);axis((0 8000 0 .005]):grid on;

title('Noise Level Spectrum: Qutput Signal for 5th Chebyshev Matlab Simulacion*);
xlabel (' Frequency Domain: Hz');ylabell’Amplitude’);

6. sim_impl_comp.m

AThis program is to compare with the simulation & DSP implementacion in multi-ways
clear;

format long;

FPTsize = 2048;

Half_FFTsize = FFTsize/2;

cime_incerval = linspace(0,FPFTsize-1,FFPTsize);

iload index.dat

index = (0:1021)°;

freqaxis = (indexs128)°1000;

Pem e e e meccacee et mrmmeemeemmmememmmemAmemese——memeeeaemmaar————eeeea..m—— ———
%This zone is to load simulation & implementation data

load maclab_sim_inputSignal.dat;

load dsp_impl_inputSignal.dat;

load dsp_impl_outputSignal.dat;
matlab_sim_input = matlab_sim inputSignal;

Recemmmmmemaa - -——— -

matlab_outputSignal = wdfilter{FFTsize,dsp_impl_inputSignal):
matlab_PFT_outputSignal = Eft(maclab_outputSignal);
matlab_plotFFT_cutputSignal = abs(£frshift(matlab_FFT outputSignal));

Fumm - - —

dsp_PPT_cutputSignal = f£ft(dsp_impl_outputSignal):
dsp_plotFPT_cutputSignal = abs{ffrshift{dasp_PPT_outputSignall);
diff_outputSignal = matlab_ourputSignal’ - dsp_impl_cutputSignal:
3

AThe section is to compare with the real part and imaginary part between Matlab & DSPS6]0TEVM, respectively

matlab_FFT_oucputSignal_real = real (££t(matlab_ourputSignal)}:
maclab_FPT_outputSigmnal_imag = imag(f£fc(matlab outputSigmal));

dsp_FFT_cutputSignal_real = real(££t(dsp_impl_outputSignal});
dsp_FPT_ocutputSignal_imag = imag(ffr(dsp_impl outputSignal));

diff_rcalPart_FFT = matlab_FPT_outputSignal_real® - dsp_FFT_outputSignal_real;
diff_imagPart_PPT = maclab_PPT_outputSignal_imag* - dsp_PFT_outputSignal_ imag;

%

%The secticn is to compare with the powers in time domain & frequnecy domain, using Parseval’s Relation

martaby i o —Tl—
jotnl St dionds Bt

o meem femam ®mt e P ¥ mrww
SEas T Glmtisnbe sl il Al &)

FET_matlab_sim_real = real (£ft (matlab_sim_input}); FPT_matlab_sim_imag = {mag({fft(matlab_sim input});

matlab_sim_freqPower = sum{PFT_matlab_sim_real.~2 « FPT_matlab_sim imag.~2)/FFTsize;
dsp_impl_vimePower = sum{dsp_impl_inputSignal.~2);
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FET_dsp_impl_real = real(ffr{dsp_impl_inpucsignal}); PFT_dsp_impl_imag = imag(ffr (dsp_impl_inputSignal)};
dsp_impl_freqPower = sum(FFT dsp_impl_real."2 + PET_dsp_impl_imagq.*2}/FPTsize;

matlab_ocutputSignal_timePower

sum{matlab_putputSignal.~2y;
matlab_ourputSignal_freqPower

= sum{matlab_FFT_cutputSignal_real.~2+matlab_FFT_ocutputSignal_imag."2) /FPFTsize;
dsp_impl_outputSignal_timePower = sum{dsp_impl_ocutputSignal.~2};
dsp_impl_ocutputSignal_freqPower = sum{dsp_FFT_outputSignal_real."2 + dsp_FPPT_outputSignal_imag.~2) /FFTsize;

diff_outputSignal_timePower = abs(matlab_cutputSignal_timePower - dsp_impl_cutputSignal_timePower);
diff_outputSignal_freqPower = abs{matlab_cutputSignal_freqPower - dsp_impl_ourputSignal_freqPower);

%
Eigure(l);

subploct(l,1,1) ;plot (time_interval,matlab_sim_input);axis([d 512 -.25 .25]);grid on;
title({’Actual Input Signal in Time Domain with 5th Chebyshev Marlab Simulatien’);
ylabel (‘Amplitude’):

subploc(3.1.2) ;plot (time_interval,dsp_impl_inputSignal, r’l;axis(([0 512 -.25 .25]):grid om;
title(’Acrual Input Signal in Time Domain with Sth Chebyshev DSP56307EVM Implementation’):
ylabel (*Amplitude’);

subploc(3.1.3):plot(l:i.me_i.nterval.m:lab_sixLinpuc-dsp,lmul._inpunsiqml).-axis(((l 512 -.3e-6 .Je-§]);:;grid on;
ticle(’ Input: Amplitude difference in Time Domajn Between Simulation and Implementation’);
xlabel (*Signal in Time Domain’);ylabel(-Amplitude’);

Eiqure(2):

subplot(3,1.1);plot(time_interval .maclab_outputSignal);axis({0 512 -.15 ,15]);qrid on:
title(’Actual Qutput Signal in Time Domain with Sth Chebyshev Maclab Simulation'):
vlabel (*Amplivude’);

subplot(3,1,2);plot (time_interval.dsp_impl_outputSignal,’r’};axis({0 512 -.15 .15]):grid on:
title{ Actual Qutput Signal in Time Domain with Sth Chebyshev 0SP56307EVM Implementation’};
ylabel (' Amplitude’);

subplo:(:\.l,ll.-plot(:im_in:e:val.maclab_ou:pu:Siqual'-dsp_inml_au:pu:Si.qml):axis([O 512 -.3e-6 .le-6]);grid on;
title('Queput: Amplitude difference in Time Domain Between Simulation and Implementation’);
xlabel (*Signal in Time Domain’);ylabel( Amplictude’);

figure(3);

subplot(2.1,1);plot (freqAxis, matlab_plotPET_cutputSignal (1025:2048) /Half FPTsize. "r’);
grid on:

title(’The Spectrum: Actual Output Signal with Sth Chebyshev Matlab Stmulation’):
xlabel (*Frequency in Hz‘):ylabel(’Amplitude’):

subploc(2.1,2);plot(freqAxis, dsp_plotPFT_ outputSignal (1025:2048) /HalE_FFTsize);

grid on;

citle('The Spectrum: Actual Output Signal with 5th Chebyshev DSPSE307EVM Implementation’):
xlabel {*Frequency in Hz'):ylabel('Amplicude’);

L UL ISR S PP PP -

Liqure(d):

subplot(2.1,1);plot (freqAxis, matlab_plotPFT_outputSignal (1025:2048) /Half_FETsize, " x');
axis((0 8000 0 .004));:grid on;

title(‘Noise Level Spectrum: Actual Output Signal with Sth Chebyshey Matlab Simulation’});
xlabel(’Prequency in Hz');ylabel(’Amplitude’);

subplot (2,1,2); plot (freqAxis, dsp_plotFFT_cutputSignal (1025:2048) /Half_FPTsize) ;

axis([0 8000 0 .004}):grid on;

ritle{'Noise Level Spectrum: Actual Output Signal with 5th Chebyshev DSPS6107EVM Implementacion’);
xlabel (Frequency in Hz');ylabel(’Amplitude’):

B - -

Eiqure(S):;

subploti2,l.1) ;plot(freqhxis,diff_realPart_PPT(1025:2048) /Half _FPTsize, '’} ;grid on;
title(*The Qutput Spectrum Difference in real part between Sth Chebyshev simulavion and Implementation’);
xlabel (*Frequency in Hz’);ylabel('Amplitude’);

subplot(2.1.2) ;plot(freqAxis,diff_imagPart FFT{1025:2048} /Half_pErsize) ;grid on;
title(’The Output Spectrum Difference in imag part between Sth Chebyshev Simulation and Implementation’);
xlabel (*Prequency in Hz');ylabel{’'Amplitude’);

figqure(6);

subpiottZ,2, 1} ;plotitreqAxas(1:449),dits_realPart FFT(1025:1473)/Balf_FFTsize);
title(’Sth Chebyshev cutput real part diff in passband’);

xlabel {*Prequency in Hz');ylabel{’Amplitude’};grid on;

subplot(2,2,3) ;plot (freqAxis(1:449) ,diff _imagPart_ FPT(1025:1473)/Ealf FPTsize):
title(*Sth Chebyshev cutput imag part diff in passband’};
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xlabel | *Frequency in Hz');ylabel{’Amplituder);grid an;

subplor(2.2,2) ;plot(freqhxis (641:1024) .diff_realPart_PFT(1665:2048) /Half PFTsize,’'c’):
title{'5th Chebyshev cutpur real part diff in stopband‘);

xlakel(’Frequency in Hz'):ylabel (*Amplitude’);grid an;

subploti2,2,4};plot (EreqAxis(641:1024) . diff_imagPart_ PFT(1665:2048) /Half_FFTsize.'r*);
title('Sth Chehyshev cutput imag part diff in stopband’);

xlabel {"Frequency in Hz');ylabel{'Amplitude’);:grid on;

fomm e -

disp(’Please choose one of options: track_power_data = 1, print_power_comp = 2'};

which_loop = inpuc(’ my option = ‘);
if which_loop == 1

disp{’'Compariscn with Marlab simmlation & DSPS6307EVM implementation’);

disp(’in terms of Parseval Realation’);

matlakh_sim_timePower
matlab_sim_freqPower

dsp_impl_timePower
dsp_impl_freqPower

matlab_putputSignal_timePower
matlab_outputSignal_freqPower

dsp_impl_cutputSignal_timePower
dsp_impl_cutputSignal_~£freqPower

diff_ouctputSiganl_timePower
diff_ourputSignal_freqPower

elseif which_loop == 2

iTitle 1l = 'print_sim_impl_power_comp_chebyS.txt’;

fid_1 = fopen{iTitle_l,’'wr’):

fprintflfid_1, '\t Comparison with Matlab simulation & DSPS630Q7EVM implementaticnin\n‘);
fprincf(£id_1, *\t by a Sth order Chebyshev WD Filter in terms of Parseval Realatiom\nin\n‘l;

fprincf(fid_ 1, Simulation in time domain: Input Signal Power = $10.l4f\n’,maclab_sim_timePower):

Eprinefifid_1, ° Simulation in freq demain: Input Signal Power

fprincf({Eid_ 1, "\n’);

%10.14£\n’ .maclab_sim_freqPower);

fprincf(fid_1, * Implementation in time domain: Input Signal Power = %10.14f\n’.dsp_impl_timePower};
fprincf(fid_1, * Implementation in freq domain: Input Signal Power = %10.14f\n‘.dsp_impl_EreqPower}:

fprintfifid 1, *\a°);

fprincE(fid_1, * Simulation in time domain: Qutput Signal Power = 13%10.14f\wn’....

matlab_outputSignal_timePower);

forintE(fid_1, ° Simulation in freq domain: OQutput Signal Power = %10.14f\n’....

fprintf(fid_1, *\n’);

matlab_sutputSignal_freqPower);

Eprincf(fid_1, Implementation in time domain: Output Signal Power = %10.14f\n’....

dsp_impl_outputSignal_timePower);

Eprincf(fid_1, - Implementation in freq domain: Qutput Signal Power = &10.14f\a’,...

dsp_impl_outputSignal_freqPower);
Eprincf(fid_1, *\n’);

fprintf(fid_1, "\t The following is to compare power difference of output signal\n’);
forint£(£id_1, *\t\t between simulation and DSP implementation\a\a’):

fprintfifid 1, ° Qutput Signal: Power Difference in time domain = %10.14f\n‘,...
diff_outputSignal_timePower):
fprincf(£id_1, * Qutput Signal: Power Difference in freq domain = %10.14f\wn‘....
diff_outputSignal _freqPower):
fcloselfid_ 1) ;
else

disp(°Your option is out of ranget!’);
end

if which_loop 2= 1

disp{’'Comparison is done. Have a nice day!’);

elseif which_loap == 2
diary off;

digp(’All data are saved at the file, called <print_sim impl_power_comp_chebyS.dac>*);

else
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disp{‘'Have a nice day!’):

end
7. wdfilter.m

function output = wdfilter(PFTsize, input}
WThe S5th Chebyshev WD Lattice Adaptor

a=zeros(10,1);
bszeros(10,1):

% Coefficients for Satisfying the Specifications
% fp=3.0 kHz, ap=1.0 dB, £s=5.0 kHz, as=40.0 4B, P=16 kHz
$The following coefficients are related to 24 bits

0 = 0.675837;
rl = -0.583980:
r2 = 0.678323;
r3 =  -0.846811;
4 = 0.387688;

Wmake as input signal for the purposes of the impulse
AImpulselnpuc(l)=1;%Impulselnput(2:FPTsize)szeros(PFTsize-1,1};
dinputil) =1l;input(2:FPTsize} =zeros (FFTsize-1,1});

for n=l:FFTsize

% Goes to Upper Section

a{l) = input(nj;

% Calls the function, Two_adap.m
[b{1},b(2) | 2Two_adap(r0.a(l).a(2));
% Mext Stacte

a(d) =hi2y;

% Connection Constraint

a{7y=b(l}:

(bt9),b(10}) ) =Two_adap(rd,a(3).at10));
a(l0)=b(10};

a(B)=b{9);

% BEnds Upper Section
[b17).bi8) ] =Two_adap(rl,a(7),a(8)};
% Goes to Lower Section

af{di=a(ly:
[b(S).b{6) ] =Two_adap(r2,a(S),a(6));

a{g)=b(6);
a(4)=b(s);

[b(3).b(4) I=Two_adap(rl.a(3),a(d));
% Ends Lower Section

% Queput as Respanse

output (n)=(b(7)+b(3)}/2;

% Next State

a{S1=b(4);
a{9)=b(8};

end
figure(l);stem(output);axis({0 70 -0.2 0.4));gzrid on;

Source Codes - Groun 3

Directory: F:\WD_FPilter_ Design\common_source
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File Name:

1. butte

r_cal.c

/* To calculate the coefficients for Butterworth filters ¢/
#include <stdio.h>

tinclude
tinclude
tinclude
main()

{

<math.h>
*butter_var_func.h*
*public_func.c*

wholeStar();

printfl{** To calculate the coeffieients for Butterworth filter

introduction()
wholeStar():

printf{*\n\c Passband Prequency:

rintf(*\t Passhand Atctenuation: ap
fs
as

P

princf("\c Stopband Prequency:
printf{"\r Stopband Attenuation:
printE{=\t Sampling Prequency:

tmp_stopAtten = stopAtten / 10.0;
tmp_passitten = passitten / 10.0;

o]
#Huwnyg

stopRipple = sqrz{pow({10.0,tmp_stopAtten)-1.0):
passRipple = sqrz{pow(l10.0,tmp_passAtten)-1.0);

stopTransFreq
passTransFreq

taniPI*stopPreq/samplingPreq) ;
can{PI°passPreq/samplingfreq) ;

aux_k0 = sqrt(stoplransfFreq/passTransPreq);

aux_cl = powlaux_k0,2};

*\nt);:

= *):scanf("%E*, apasafreq);

") ;scanf(*$£",Apassatten);

*);scanf(*$E", &stopfreq);
“):scanf{°%£",ascophtten);

*);scank(*%£", asamplingFreq) ;printf(°\n°*);

minPilcerDegree = (cl*loglc2*stopRipple/passRipple))/loglaux_c3):

whelesear():

if (minPilterDegree < 13.0)

princf("* Minimum filter Order is %f

elge

princf(** Minimum filcer Order is ¥f

printf(** Please Choose Che Filter Order N

wholesStar();

priatf(*\n\c The Selected Filter Order: N = *);
scanf (*%d", aselectedFilterDegree) ;printf(*\n*);

wholeStar(};

aux_n = 2*pow(selectedPilterDegree,-1};

aux_minus_kp = pow(passRipple,aux_n)
aux_pius_kp = powipassRipple,aux_n)

aux_minus_ks = pow(stopRipple,aux_n)
aux_plus_ks = pow(stopRipple,aux_n)

aux_kp = aux_minus_kp/aux_plus_kp;
aux_ks = aux_minus_ks/aux_plus_ks;

gamma = aux_ks;
tmp_r0 = sqre(l-pow{gamma,2)):

*

+

pow(passTranaFreq,2)
pow(passTransPreq,2)

pow(stopTransPreq, 2}
pow(stopTransfreq, 2}

.0 = (lrgarmma-cmp_z0) / (legammastmp r0);

prinef{*\n"}:

printf(*\c\tcoefficient_ 0 = $£\n",r_0);

for (index=};indexc<=(selectedPilterDegree-1)/2;index++)

*\n*, minfiltecDegree) ;

"\n".minPilterDegres) ;
“\a%);

tmp_rl = (sqrt(l-powigamna,2)))* (cos(PI*index/selectedPiltexDegree));

f 4 = (omp_rl - 1)/7(emp_rl + 1):
if(2*index-1 < 10}
(
if (r_1 > -10000 && r_ 1 < O}

prirtf(*\t\tcoefficient_3d¢ = Sf\n-,2*index-1,r_1);

else

printf("\t\tcoefficient %d = Sf\n".2*index-1.r 1}:

}
else

if (r_ 1 > -10000 6 = Lt < Q)

printf{*\t\tcoefficiant_%d = tf\n",2*index-1,.r_1);
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elge
princf("\t\reoefficienc_%d = Af\n".2"index-1l,r_l1);

r 2 = gamma:
if(2vindex < 10}
4

if(r_2 » 10000}
princf(=\t\tcoefficient_%d
else
princf{*\t\ceoefficient_%d = %f\n*,2*index,z_2);
1
else

{
if({r_2 > 10000)
princf(“\c\ccoefficient_%d = $f\n",2vindex,z_2);
else
princf{=\titcoefficient_%d = %f\n*,.2"index,r_2);

RE\n*,2*index.r_2);

i

printfi~\n"};
wholaStari();
tailPrint();
wholeStart):

return 0;

2. butter_var_func.h

sdefine PL 3.141532654

tdefine el 1

sdefine c2 1

float passfreq, passitten, stopfreq, stopAtten, samplingPreq;
double tMp_SLOpAtten, tmp_passAtten;

double stopRipple, passRipple, stopTransFreq, passTransPreq:
double aux_k0. aux_cl, minPilterDegree:

inc selectedFilterDegree;

double aux_n. aux_minus_kp, aux_plus_kp. aux_minus_ks, aux_plus_ks;
double aux_kp, aux_ks;

double gamma;

314 index;

double tmp_r0, r_0, wmp_rl, r_1, r_2;

void wholeStar{void);
void empeystar (void) ;
void introductian(vaidi;
void tailPrint (void);

Directory: F:\WD_Filter_Design\dsp_impl_butter?

Pile Name:

1. butter_Tth_const_templ.h

tdefine FFTSIZE 2°1024
tdefine ADDRESS_BUTTER_LOCAL_VAR 0x1000
tdefine ADDRESS_SIMULATION_DATA 0x6000
idefine ADDRESS_BUTTER_CUTFUT 0x8000
dpragma asm

BUTTER SAMPLE_STZE_ASM am: 3048
ADDRESS_BUTTER_LOCAL_VAR_ASM  equ $1000
ADDRESS_BUTTER_OUTPUT_ASM equ $6000
ADDRESS_STMULATION_DATA_ASM  equ $8000
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kpragma endasm
/*The following coefficients are related to 23 bits</

tdefine r0 0.011606
tdefine rl -0.052229%
tdefine r2 0.023209
tdefine rl -0.232042
tdefine r4 0.023209
tdefine 5 -0.636044
tdefine 6 0.023209

_fract adap_l(_fract xl1, _fract x2, const _fract ri;
_fract adap_21(_fract x1, _fract x2, comst _fract rcl;

2. butter_7th_main.c

/* %th Cauer(Elliptic) Lattice Lowpass Pilter with Specificacions*®/
/* £p=3500. ap=0.2, £3=4100, as=60, P=16000 */

/* The Following Program is the Implementation for Impulse responser/
tinclude "butter_7th_const_tewpl.h*

7itinclude "twoPort_Adap.c*

fpragma asm
include 'bucter_7ch_ rawData.asm’
spragma endasm

-intermal _fract _X -°pointerSimDaca:
~internal _fract _X output [FFTSIZE] _At (ADDRESS_SUTTER_QUTPUT) ;

_internal _fract _X a{ld]:
_internal _fract _X Db[ld}:

//extern _external int _X i
_internal _X int i:

void main{void)
{

pointerSimData = (_fract °*)ADDRESS_SIMULATICN_DATA.

for (i=0: i <z FFTSIZE-1l: ie+}
4
//af0l=input(i];
a(li='pointerSimlatase-;

h{Q]=adap_l(af0].a(l),x0}:
b{l}!=adap_2taf0l.a(l],z0};
a(ll=b(ll;
al6l=b(0];

b(81=adap_l(af8).al%1.zd);
b{9]=adap_2(al8).a(%].z4);
al%91=b(9%]:
a[71=sb[8]:

b(6]=adap_lta(6].a{71.53):
bf7]=adap_2(a(6l.a[7].c3);

/* Input for Lower Section */
af2]=alo0]:

bl4l=adap_lta(4]).a(5],c2);
biSl=adap_2(a[4}.al5],r2);

a(S]=b(5]:
a{3i=bid};

bf2l=adap_l(a(2].a(3],cl);
bf{di=adap_2taf2].afd},cl);
afl0]=b{2};

b{l21=adap_1(a{12].a{13].z6);
b(l3)=adap _2(a(12},a{13},z6):
a[l3]=b(13];
afll]=b(12};

b(10]=adap_l(a(10].,a[11].£5);
b(1l]=adap.2(afl0},af{1l}),c5):

/* Data as impulse response °*/
cutput(il=0.5"(b{&1+b(10]);

a(41=b[3]:

afl21=b(11]:
a(81=b(7];
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/* Signed data at the same colums */
1£1f loutpurlil<d)

J/printEi=ad 80.1BENn", i, cutpucli]};
//else

JtpeintEi=od A0.18E\n", i, ourpue(il};
}

Directory: P:\WD_Filter_Design\matlab_sim hutter?

TEEEEETISSRCITSSESESES T=IITT T=z==x=

L. dsp_izpl_input.m

%The piece of code is to plat out input signal in DSP58307EVM implementation basis
clear;

format long:

load dsp_impl_ingutSignal.dac;

dsp_input = dsp_impl_inputSignal;

FFT3ize = 2049;

HalE_FFTsize = FFTsize/d:

time_interval = linspacei0.¥FTsize-1,FFTsize);

index = (3:1023)";
freqAxis = (index/128}°1000;

sloading inpur signal for print purpose

disp{'Please choose one of options: print_sim_input = 1, show_figqure s 2°];
which_loop = inputl(® my apetiep = *):

1f which_loop 2= {
tnpucsSignal = dsp_impl_inputSignal;

iTitle_ 1 = -print_sim_impl_input_buttezr?.txt';

£id_L = fopeniiTitle_l,'wr’};

fprincf(fid_1. “\t The follawing is input data of Matlab Simulacion and DSP Implementaticavnin’};
fprinef(£id_1, ‘\trehE with a 7th order Butterwarth WD Filtegiasnin‘);

for i = 1:512
if inpueSignal(i) < o

fprineE(fid 1,- $10.14E€ %20.14£ %20.14F %20.14f\n", ...
inputSignal (i), inputSignal (i«l}, inputSignal (1+2}, inpucSignal {i+3});

else
fprincfifid 1, S10.14¢€ 220 13€ K20.14€ %20.14€\n", ...
inputSignal i}, inputSignalti«l}), inputSignal (i«2), inputSignal (1+3});
end
end
tclose(fid_l}:

alseif which_loop z2x 2

disp(*Only show inpur signal io time & Erequency domain graphically’);
else

disp(‘Your option is ouc of the range!<);

end

Eigure(l)

subpleot(d,l.1);plot({time_interval,dsp_input):axis{{D S12 -.25 .25)):grid on;
ritle('Time Damain: Input Signal for 7th Butterworth DSPS630TEVM implementation’);
ylabel{‘Amplitude in Time domain’);

tmp. 1 = fft{dsp_input); cmp = abs{ffgshifcitmp_i));

subploti3, 1.2} ;ploc{ freqAxis, top(1025:2048) /Balf FPTaire, ‘r};grid on;

title{'Overall Spectrum: Input Signal for 7th Butterworth DSP56307EVM implemencation’}:
ylabel (*Amplitude*);

subpleot(3.1,3}) :plot(freqgaxis, tmp(1025:2048) /Half_PPTsize,'m"};axis([0 800Q ¢ .006]};grid on;
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citle{'Noise Level Spectrum: Inpurt Signal for 7th Butterworth DSPS6307EVM implementation®);
xlabel {'Prequency Domain: Hz'};ylabel(’Amplitude’);

2. dsp_impl_gutpur.m

iThe piece of code is to plot out cutput signal in DSPS6307EVM implementation basis
clear;
format long:

load dsp_impl_inputSignal.dac:
load dsp_impl_outputSignal.dat;

dsp_input = dsp_impl_inputSignal;

PPTsize = 2048;

Half FFTsize = PPTsizes2;

time_interval = linspace(0,FFTsize-1,PPTsize);

index = (0:1023)°;
freqAxis = (index/128}*1000;

t$lcading outpuc signal for print purpose

disp(’Please choose one of options: print_sim_output = 1, show_figure = 2'});
which_loop = inpuzi(’ my option = *);

if which_loop == 1
outputSignal = dsp_impl_outputSignal;
iTitle_l = rprint_dsp_impl_output_butter7.txt’;
fid_1 = fopen(iTitle_l,‘'wzr’);
fprincf(fid_ 1, \t\t The following is output data of DSP Implementation\n\n‘):
fprincf(£id_1, °\c\e\e with a 7th order Butterworth WD Pilter\n\n\n’};
€or 1 = 1:512
if outpucSignal{i) < 0
fprincf(fid_1,* %10.14€ %20.14£ %20.14f %320.14f\n", ...
outputSignal(i),outputSignal(i«l),cutputSignal(i+2}),outputsSignal (i«1)};
else
fprincf{fid_1," %10.14£ 320.14€ 320.14f %20.14f\n*, ...
outpueSignal (i), outputSignal(isl),outputSignal(i+2),ocurpucSignal{i+d});
end
end

fclose(£id 1)

elgeif which_loop == 2

disp(*Unly show output signal in time & frequency domain graphically’):
else

displ’Your option is out of the range!’);
end

| P " e mmm—— v mmEEEE———————— _—

sdsp_output = wdfileer(PPTzize,dsp_input);

dsp_output = dsp_impl_outpucSignal:

figureil)

subplot(3d.1,1);plocitime_interval,dsp _output) ;axis((@ 512 -.15 .151):grid on:
titie('Time Demain: Qutput Signal for 7th Butterworth DSPS6307EVM implementation’):
yiabel (*Amplitude in Time domain’):

tmp_1 = Eft{dsp_output); tmp = abs(fftshift(tmp_1)):
subplot(3,1,2};plot{freqAxis, tmp(1025:2048) /HAlf FFTsize,’'r*):grid on;:
title{'Overall Spectrum: Output Signal for 7th Butterworth DSP56307EVM implementation’);
ylabel (’Amplitude’);

subplot{3,1,3) ;plot (freqAxis, tmp (1025:2048) /Half_FFTsize, 'm’) ;axis ({0 8000 0 .006}1):grid an;
title(’Noise Level Spectrum: Output Signal for 7th Butterworth DSP56307EVM implementation‘};

<o e Bt Sod % 4 » ot I L
ylahal ! rOrasmence Domein: Qo) oplabslitaglicads s,

3. dsp_in_out_load.m
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iThe program is to lcad the data of input and curput signal with DSPS6307EVM implementatiocn
clear;

format long:

FFTsize = 2048;

Balf_PFTsize = PFTsize/2;

time_interval = linspace(0,PFTsize-1,PPTsize!};

load dsp_inputSignal_512x4.dac

load dsp_ocutputsSignal_S12x4.dat

tmpl = dsp_inputSignal_S12x4’; dsp_inputSignal = tmpl(:);
tmp2 = dsp_outputSignal_S12xd°; dsp_outputSignal = tmp2{:);
%load index.dat

index = (0:1023)°;
freqAxis = (indexs/128)°1000;

tmp_1

= ffr(dsp_inputSignal); tmp_ll = abs{fErshift(tmp_11)
wmp_2 = £fr(dsp_outputSignal); emp_22 =

abs{ffeshife (tmp_2)):
Eiqure(1)

subplot(2.1,1) ;plotttime_interval,dsp_inputSignal,’c’);axis((¢ 512 -.25 .25]);grid on;
title{ ' Input Signal of 7th Butterworth DSPS5€107EVM Implementation in Time Domain‘);
ylabel (*aAmplitude*):

subplor(2.1.2):ploc(time_interval,dsp_cutputSignal) raxis({0 512 -.25 .25]);grid on:
ticle(‘Output Signal of 7th Butterworth DSPS63078WM Implemencation in Time Domain’):
xlabel (*Signal in Time Domain’):ylabel {'Anplitude’);

tigure(2)

subplot(2.1,1):plot(freqAxis, tmp_11{1025:2048) /Half_FPTsize. r’):grid on;
title(’Input Signal of 7th Butterworth DSPSE307EVM Implementation in Frequency Domain’):;
vlabel (*Amplitude’);

subplot(2.1,2);:plot{freqAxis,tmp_22(1025:2048) /Ralf_FFTsize) ;grid on;
title(‘Qutput Signal of 7th Butterworth DSPS6107EVM Implementation in Prequency Domain’):
xlabel (*Signal in Frequency Domain: Hz’):ylabel{'Amplitude’);

figure(l)

subplot(2,1,1);:ploc(freqAxis,tmp_11(1025:2048) /HalE_FFTsize, 'r’);axis( (0 8000 0 .006]):grid on;
ritle(’Noise Level Spectrum: Input Signal of Tth Butterworth DSPS6307EVM Implementation’):
ylabel (*Amplitude’);

subplot(2,1,2) ;plot(freqAxis, tmp_22{1025:2048) /Half_FFTsize};axis({0 8000 0 .006)):9rid on;
title{*Noise Level Spectrum: Output Signal of 7th Bucrcerworth DSPS56307EVM Implementation’);
xlabel{*Signal in Prequency Domain: Hz”):ylabel{’Amplitude’);

Yormmemcmetc e ——- - m—mmm e e~ ———

disp(’Please choose one of options: not_load _dsp_fo_daca = 1, load_dsp_io_data = 2°);
which_loop = input(’ my option = ")

if which_loop ==
disp(’Have a nice dayt'});
elseif which_loop == 2
diary dsp_impl_inputSignal.dat;
dsp_inputSignal
diary off:;

diary dsp_impl _outputSigqunal.dac:
dsp_outputSignal

diary off;

disp(’ <dsp_impl,_inputSignal.dat> is input data from EVM implementation.’);

dispt’ <dsp_impl_outputSignal.dat»> ig cueput data from EVM implementation.’);
else

disp(’Your opticn is out of range!’};

end

4. impulse_resp.m

tThe charactarizarione nf rha 7eh Burravuseth lamess Igevios E23eoe

clear;
format long:

PETsize = 2048;
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time_interval = linspace(0,FFTsize-1,FFTsize);

impulselnput(l) = 1l;impulseInput{2:FPFTsize} = zerovs|(FPTsize-1,1);:
impulseQutput = wdfilter(PFTsize, impulselnput);

impulseQutputPPT = ££r({impulseQutput,PPTsize):
4load index.dat

index = (0:1023)';
freqAxis = (index/128)°1000;

figure(l)

subploc(2,1.1):stem(time_jinterval, impulseQutpue, ‘r’) ;axis([0,32,-0.3,0.5]);grid on;
title(’Impulse Response of the 7th Butterworth Lowpass FPilcere);

subploc(2.1,2) :plot (fftshifr (abs{ffr( (impulseQueput) )} erid on;
title(' Impulse Frequency Spectrum of the 7th Butterworth Lowpass Pilcer’):

impulseMagnitute = abs(impulseOutputFPT(l:1:FFTsizes2));

impuiseAttenuation = -20*logl0{impulseMagnitute};

ot w e m e S mm e mmm e mmm—————mmm e me————————— ——— rrmm— e ———
fiqure(2)

plotifreqAxis, impulseMagnitute, ‘r’) ;axis((0,8500.0.1)):qrid on;

cext (4500,0.75,'Sampling Frequency = 16000 Hz"):
text(4500,0.55, ‘' Passband Prequency = 3400 Hz’);

text {4500, 0.35, *Stopband Frequency = 6000 Hz'});

ticle('PIGURE I -~ Magnitute Response of the 7th Butterworth Lowpass Filter’);
xlabel ('Frequency in Hz’);ylabel('Magnitute in dB*};

figure(l)

plot{freqAxis, impulseAttenuation) ;axis({Q,8000,Q,200)) grid on;

cext (500,150, 'Sampling Frequency = 16 kHz'):

text (500, 130, ' Passband Prequency = 3.4 kHz'):

text (500,110, ‘Stopband Frequency = 6.0 kHz'};

text (500, 90, *‘Maxinum attenuation in the passband is 0.5 dB*);

text (500,70, ‘Minimum attenuation in the stopband is 55.0 dB"):
vicle{'Attenuation Response of the 7th Butterworth Lowpass Filter’);
xlabel (‘Frequency in Hz');ylabel(‘’Actenuation in dB");

5. matlab_sim_output.m

AThe piece of code is to plat out output signal in Matlab simulacion basis
clear;

format long:

load matlab_sim_inputSignal.dat;

matlab_input = matlab_sim_inputSignal;

PPTsize = 2048;

Half_FFTsize = FPTsize/2:

time_interval = linspace(0,FPTsize-1,PPTsize);

index = (0:1023)*;
freqAxis = (index/128)°1000;

matlab_output = wdfilter(FPTsize.matlab_input);
%

%loading output signal for priat purpose

disp(°Please choose cne of coprions: print_sim _cutput = I, show_figure = 2*);
which_loop = input{’ my option = °);

if which_loop ==
outputSignal = matlab_output’;

iTitle_l = 'print_matlab_sim_output_burter7.txt’;
fid_ 1 = fopen(iTitle_ 1, ‘wr’);
fprincf(€id_1, *\e\t The following is cutput data of Matlab Simulation\n\n’);
fprincf (£id_1, *\t\c\t with a 7th order Bucterwortk WD Pilterin\nin‘);
fzxr f = 1:822
if ocutputSignal{i) < 0
fprincf(£id 1, $10.14F %20.14F %20.14f $20.14f\n°, ...
outputSignal (i), outputSignal(i+l) ,outpucSignal{i+2), cutpucSignal(i+l));
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Elsgprin,tflfj.'.i_l..‘ ¥10.14f 920.14£ %20.14f ¥20.14£\n". ...
end ocutpucSignal (i}, outputSignal(i+l), outputSignal(i+2) ,cutputSignal{i+3));
end
fclose(fid_1);
elseif which loop ==
disp(’'Only show ousput signal in time & Erequency domain graphically’y:
else

disp{’Your opricn is out af the range!‘};

Eiquretl)

subplocid,1,.1);ploc(time_interval ,matlab_output);axis{[0 512 -.15 .15]};grid on:
citle('Time Domain: Output Signal for 7ch Butterworth Maclab Simulation‘);

ylakel {‘Amplitude in Time domain’):

tep_l = ffri{matlab_cutputl: ¢mp = abs(Efcshift{tap_l)):

subplot(3.1,2);:plotifreqhxis, tmp(1025:2048) /Half_PFTsize, "r’) :grid on:

ticle( Qverall Spectrum: Output Sigmal for 7ch Butterwarth Matlab Simelaticn’);

ylabel (" Amplicude’);

subploti3.l.3);plot{freqhxis, tmp(1025:20468) /Half_PFTrsize, 'm’);axis([0 8000 O .006]):grid on;

citle{ Noise Level Spectrum: Qutput Signal for 7th Bucterworth Matlab Simslation');
xlabel {*Frequency BDemain: Hz");ylabel{'Amplitude’):

6. sim_impl _comp.m

4This program is o compare with the simulacion & DSP {mplementacion in mulri-ways
clear:

format long:

FPTsize = 2049%;

Half FFTsize = FFTsizes2;

cime_interval = linspace{0,FFTsize-1.FFTsize);

%load index.dat

index = {0:1023)’;
freqhxis = (indexs/123)°1000;

Rormecmeemmmm—cca v am———— — [, - ——

%This zone is to load simulacion & implementation data
load matlab_sim_inputSignal.dat:

load dsp_impl_imputSignal .dac;

load dsp_impl_outputSignal.dat:

matlab_sim_input = matlab_sim_inpucSignal;

Bommmmmamm - ——
matlab_outpurSignal = wdfilcer (FFTsize.dsp_impl_inputSignal);

matliab_FFT_outputSignal = f£fr{matlab_oucputSignall:;

matlab_plotPPT_outputSignal = abs(fftshift{matlab_FFT_cutputSignall);

%-
dsp_FFT_outputSignal = ffr{dsp impl outputSignal):
dsp_plotFET_outputSignal = abs(ffrshift(dsp_FPT_cutputSignall}l;
diff_outputSignal = matlab_cutpucSignal’ - dsp_impl outputSigmal;

[ %
sThe section is to compare with the real part and imaginary part between Matlab & DSPS6307EVM, respectively

matlab FPT _cutputSignal real = real{fft(matlab outputSignal));
matlab_FPT_cutputSignal_imag = imagi{fift(matlab outputSignal}):

dsp_FFT_outpucSignal_real = real(Eft(dsp impl_ourputSignalll:
dsp_#¥T_outputSaignal_imag = imag(Eft(dsp_impl_outputSignall}:
diff_realPart_FFT = matlab_FFT_cutputSignal _real* - dsp PFT_outputSignal_real;

diff_imagPart_FFT ; matlab_FFT_outputSignal imag’ - dsp_PFT_outputSignal_imag;
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e cmmmm e cmemmcmemcstccememem——————————— - —_———
YThe sectiocn is to compare with the powers in time domain & frequnecy dcmain, using Parseval’'s Relation

matlab_sim_timePower = sum(matlab_sim_input.~2):
PPT_natlab_sim_real = real (fft{matlab_sim_inpuc}): PFT_marlah_sim_imag = imag(£fc(matlab_sim_input));
matlab_sim freqPower = sum(PFT_matlab_sim_real.*2 + FPPT_matlab_sim_imag.~2}/FF¥Tsize;

dsp_impl_timePower = sum(dsp_impl_inpucSignal.~2);
PET_dsp_impl_real = real(£ft(dsp_impl_inputSignal}); PFT_dsp_impl_imag = imag(fft(dsp.impl_inputSignal));
dsp_impl_freqPower = sum{FFT_dsp_impl real."2 + PFT_dsp_impl_imag.~2) /PPTsize;

matlab_outputSignal_timePower = sum(matlab_outputSignal."2);
matlab_ocutputSignal_£freqPower = sum{matlab_PFT_cutputSignal_real."2smatlab_FFT_cutputSignal_imag.~2)}/FPTrsize;

dsp_impl_outputSignal_timePower = sum{dsp_impl_outputSignal.~2);
dsp_impl_outrpurSignal_freqPower = sum(dsp_PPT_cutputSignal_real.~2 + dsp_PFT_outputSignal_imag.~2)/FFTsize;

diff_outputSignal_timePower = abs(matlab_outputSignal_timePower - dsp_impl_outputSignal_timePower) ;
diff_outputSignal_freqPower = abs(matlab_outputSignal_freqPower - dsp_impl_outputsSignal_freqPower) ;

o me et EEETmmmam A S, - ———— ana e ——————
fiqure(l);

subplac(l, 1,1} ;placitime_incerval,maclab_sim_inpuc};axist¢{Q S12 -.25 .25]);grid on;s
title(’Actual Input Signal in Time Domain with 7th Bucterworth Matlab Simulation’);
ylabel (Amplitude’);

subplorild,1,2) :ploc(time_interval,dsp_impl_inputSignal,’r’);axis({0 512 -.25 .25]);grid on;
title(’Actual Input Signal in Time Domain with 7th Butterworth DSP56307EVM Implementacion’);
ylabel (‘Amplitude’);

subplot(3,1,3) ;plot(time_interval ,matlab_sim_input-dsp_impl_inpucSignal);axis((0 512 -.32e-6 .32e-6]):qrid on;
ticle{rInput: Amplitude difference in Time Domain Between Simulation and Irplementation®):
xlabel {*Signal in Time Demain');ylabell'Asplitude’):

figqure(2);

subplet(3,1,1);plot(time_interval,matlab_outpucSignal);axis((Q 512 ~-.158 .15]):9rid on:
title('Actual Output Signal in Time Domain with 7th Butterworth Matlab Simulatien’);
ylabel (*Amplitude’};

subplot(3.1,2):plot(time_interval.dsp_impl_ocutputSignal,’'cr’};axis{[0 512 -.15 .151):9rid on;
title(’Actual Cutput Signal in Time Domain with 7th Bucterworth DSPS56107EVM Implementation’);
ylabel (*Amplitude’):

subplot(3,1.3) ;plot{time_interval,.matlab_cutpucSignal’ -dsp_impl_ocutputSignal) ;axisi(Q S12 -.32e-8 .32e-6)):grid on;
title('Output: Amplitude difference in Time Domain Between Simulation and Implementation‘);
xlabel('Signal in Time Demain’);ylabel (*Amplitude’);

Bommmmm———metecccmmmemmm—me— T ———— ——— e ceemammmeemm— . e m———————————

fiqure(l};

subplot(2.1,1) ;plot (freqAxis, matlab_plotPFT_outpucSignal (1025:2048)/Half_PFTsize,'r’);
grid on:

title(‘The Spectrum: Actual Output Signal with 7th Butterworth Matlab Simulacion®);
%1label (‘Prequency in Hz');ylabel (*Axplitude’);

su.bglo:(z. 1,2) ;plot (ExeqAxis, dsp_plotFFT_ouctputSignal (1025:2048) /Half_FFTsize);
on:

title{‘The Spectrum: Actual Oucput Signal with 7th Butrerworth DSPS6107EVM Implementatienc);
xlabel (‘Prequency in Hz’):ylabel( Amplitude’};

L D - e ————————— - e - tmmmmatas e mmmses=a

figqure(d);

subplot (2,1,1) ;plot (freqixis, matlab_plotPFT ocutpueSignal (1025:2048) /Half_PPTsize.'c’):
axis([0 8000 0 .004]);grid on;

vitle('Noise Level Spectrum: Actual Output Signal with 7th Butterworth Matlab simulation’);
xlabel (*Frequency in Hz'):ylabel (*Amplitude’);

subplot(2,1,2) ;plot (freqaxis,dsp_plotPPT_cutputSignal (1025:2048) /Half_FFTsize);

axis ({0 8000 0 .0Q041):grid on;

title(’Noise Level Spectrum: Actual Output Signal with 7th Butterworth DSPS6307EVM Implementation’);
xlabel {'Frequency in Hz');ylabel(’Amplitude’);

%

figure(S);

subplot(2,1,1) ;plot (freqaxis,diff_realPart_PFT{1025:2048) /Balf_PPTsize, 'r*):grid on;
title(’The Output Spectrum Difference in real part between 7th Butterworth Simulation and Implementation‘};
xlabel (*Frequency in Hz’);ylabel(’Amplitude’}:

subpiociZ,i,2) spiotitreqAx1s,ditt_imagPart_FFT(1025:2048) /Half PPTsize) ;grid on;
title(’The Output Spectrum Difference in imag part between 7th Butterworth Simulation and Implementation’);
xlabel (*Prequency in Hz‘);ylabell'Amplitude’}:
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fiqure(6);

subplot(2,2,1);plot(freqAxis(1:449) ,diff_realPart_FPT(1025:1473) /Half_FFPTsize):;

ticle{*7ch Bucterworch output real parc diff in passhand‘);

xlabel (*‘Frequescy in Hz’):ylabel{'Amplictude’);grid on;
subplot{2,.2,3);plot(freqAxis(1:449) . i £f_imagPart PPT(1025:1473) /Half_PPTsize):

ticle(*7th Butterworth output imag part diff in passband‘);

xlabel (*Frequency in Hz’);ylabel(’'Amplitude’);grid on;

subploc(2, 2,2} ;plot(freqixis(641:1024) ,diff_realPart PFT(1665:2048) /Half_FPTsize,'T’):

citle(*7th Butterworth cutput real part diff in stcpband’};

xlabel (' Prequency in Hz'):ylabel{'Amplitude’);grid on:
subplot(2.2.4) ;plot{freqAxis{641:1024) ,diff_imagPart FPT(1665:2048) /Half_FPTsize. ')

citle{'7th Bucterworth cutput imag part diff in stopband’);

xlabel { Frequency in Hz’);ylabel{'Amplitude’);grid on;

ferereommrmescc s s e cccc e mccc e e e eav———

disp(’Please chouse one of options: track power_data = 1, print_power_comp

which_toop = input(’ my opticn = ‘)
if which_loop ==

disp{’Comparison with Matlab simulation & DSPS56307EVM implementation’);

disp(’in terms of Parseval Realation’):

matlab_sim_timePower
matlab_sim_fregPower

dsp_impl_timePower
dsp_impl_EreqPower

maclab_cutputSignal_timePower
matlab_cutpurSignal_freqPower

dsp_impl_outputSignal_timePower
dsp_impl_ouctputSignal_£freqPower

dift_cutputSiganl_timePower
diff_outpurSigqnal_freqPower

elseif which_loop =2z 2

iTitle_1l = ‘pripc_sim ixpl_power_comp_butter?7.txt’:;

fid_l = fopen(iTitle_l,'wr*);

=2");

fprincEtfid_1, "\t Compariscn with Matlab simulation & DSPS6307EVM implementation\ni\n‘’);
fprincf(£id_1, "\t by a 7th order Butterworth WD Pilter in terms of Parseval Realatiom\ninin'l:

fprincf(£id_1, ° Simulation in time domain:
fprincf(£id_1, * Simulation in freq domain:

fprincfifid L, "\n’);

forincfifid_t, Implementation in time domain:
fprincE(fid_t, Implementation in freq domain:

fprintf(£id_1l, "\n’);

Input Signal Power
Input Signal Bower

Input Signal PFower
Input Signal Power

$10.14£\n* ,matlab_sim_timePower);
$10.14£\n’ ,matlab_sim_freqPower);

$10.14£\n’  dsp_impl_timePower):
810.14£\n’ ,dap_impl_freqPower) ;

fprincf(fid_1, * Simulation in time domain: Output Signal Power = §10.14f\n’',...
matlab_outputSignal_timePower) ;
fprincf(£id_1, * Simulation in freq domain: Output Signal Power = W%10.14f\n’,...

fprinefifid_1, “\n’);

fprincf(Eid_1, - Implementation in time domain:

dsp_impl_outpucSignal_timePower);

Eprincf (£id_1, * Implementation in freq domain:

dsp_impl_outputSignal_freqPower):
fprintE(Eid_L, *\n°’);

matlab_outputSignal_freqPower):

Output Signal Power
Output Signal Power

810.14f\n", ...
$10.14£\n”, ...

fprintf(£id_l, *\t The following is to compare power difference of cutput signal\n’):

fprint£(£id_1, '\t\t between simulation and DSP implementation\n\n‘);

fprintE{fid_I, Output Signal: Power Difference in time domain = %10.14f\n’,...
diff_outputSignal_timePower);
fprincf(£id 1, Output Signal: Power Difference in freq demain = S10.1df\n’, ...

fclose(fid_1);

else
disp(’Your aoption is out of ranget!‘);

e

if which _loop ==

diff_ourputSignal_freqPower);
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disp(°Camparison is done. Have a nice day:’);
elseif which_loop ==

diary off;
dispt®All data are saved at the file, called <print_sim_impl_power_comp_bucter?.dat>’);

else
disp(’Have a nice day!’):
end

7. wifileer.m

function output = wdfilter(FPTsize, input)

%The 7th Butterworch WD Lattice Adaptor
a=zeros(l4.1);
bzzeros(14,1);

% Coefficients for Satisfying the Specificacicns
% £p=3.4 kHz, ap=0.5 dB, Es=6.0 kHz. as=55.0 dB, P=16 kHz
%The following ccefficients are related to 24 bits

0 = 0.011606;
rl = -0.052229;
2 = 0.023209;
£l = -0.232042;
r{ = 0.023209;
S = -0.636044;
6 = 0.023209;

*make as input signal for the purpeses of the impulse
$Impulselnput (1) =1; %Impulselnput (2:PPTsize) =zeros (FFTsize-1,1);
Sinput(l)=1;input(2:FFTaize) =zeros (PFFTsize-1,1);

for n=1:FFTsize

% Coes to Upper Sectiaon

atl) = inpucin);

% Calls the function created
{B(1).b(2) | =Two_adap(zG.all),al2)}:
% Next Stace

al2)=bi2):

% Connection Constraint

a({7) =b{l);
[(b(9),b(10) ] =Two_adap(rd.a(9),a(10)}:
a(10)=b(10);

a(8)=b(9);

% Ends Upper Secticn

{b(7),b(8) ]=Two_adap(rl,a(7).a(B}};
%t Goes to Lower Section

a(dy=a(l);

[B(5) . b(6) 1=Two_adap(z2,a(5} . a(6}};

a(6)=b(6) ;
a{d)=bis5);

[b(3),.b{4) ]=Two_adap{rl.a(dl.afd));
a(ll)=b(3);
{b(13),b(14) [ =Two_adap(r6,a{li).ai(ld));
a({ld) =b(ld);

a(12)=b{13);

% BEnds Lower Section

[b(11},b(12) 1=Two_adap(r5.,a(ll).a(12));
s CQutput as Response
aqutput(n}=(b(7)+b(11}172;

§ Next State
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a(5)=b(4);
a{l3)=b(12);
a3 =b(s;

end

146





