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1 Sampling and Aliasing

Suppose we have a function s(¢) that measures the sound level at time ¢ of an analog audio signal. We assume
that s(t) is piecewise-continuous and of finite duration: s(t) = 0 when ¢ is outside some interval @ < ¢ < b.
Make a change of variable z = (t — a)/(b— a) and set f(z) = s(¢t). Then 0 < z < 1 whena <t < b, and
f(z) is a piecewise continuous function of x.

We convert f(z) into a digital signal y € CN by sampling at the N equal-spaced values z; = j /N for
j=0,1,....,N—1:

y[0]

y[1] . :

y=|. where y[j] = f(z;) forj =0,1,...,N — 1. (1)
y[N —1]

Here we are using the notation y[k] for the value of the digital signal y at discrete time & (note that the
indexing of the components in y is different than the usual MATLAB indexing, which would go from 1 to N).
We call N the sampling rate.

Example 1.1. Suppose the signal consists of a single oscillating wave:
f(z) = ¥k = cos(2nkx) + isin(2rkz) for0 <z <1, (2)

where k is an integer and i = v/—1 (engineering notation uses j instead of i for /—1). If we define f(x) for all
x € R by letting f(x+m) = f(z) for every integer m, then the extended function satisfies f(z+T) = f(z)
for all z, with the period T' = 1/k (so the frequency of the wave is w = 1/T = k). The sample values are

f(xj) _ eQﬂikj/N — wkj ,
where w = ¢2™/N is a primitive N'th root of unity. In this case the vector y of sampled values in (1) is

1

wk

E, = | v . 3)

wN-1)k



SAMPLING AND ALIASING 2

Notice that By ny = Ej, since w/F+N) = 7%V = 3% (wN)7 = wI*, Thus the functions e>™** and
e?m(k+N)z yield the same vector in CV when sampled at rate N. This phenomenon is called aliasing. On
the other hand, if 0 < |k — p| < N, then w*~P # 1 and hence w* # w?. Thus E;, # E, in this case and the
functions e*>™* and e?™'P* give different vectors in C"V when sampled at rate N (no aliasing). [ ]

Proposition 1.2. Let the vectors E;, € CV be defined by (3) with w = e*™/N. These vectors have the
following properties:

1. (Ex,E;) =N .
2. (Ep,E) = 0ifk and p are integers with0 < |k —p| < N .
3. For any integer p the set {E, , E, .1, ..., By ny_1} is an orthogonal basis for CchN .

4. If y € CN then for any integer p
1
y=&E, +dp 1 Epi1 + - +dprn1BEpin—1, where d = N<Ek , ). )

H

Here (u,v) = ulv is the standard inner product on CN.

Proof. Since W = w™!, the inner product between E,, and E, is
(Ep)"Ep = 1+ 0P 4 (wFP)? 4o ()N L %)
Set W = w*~P = cos(2n(k — p)/N) + isin(27(k — p)/N). Then the right side of (5) is
U=1+W+W? 4.+ WV

If k = p,then W =1and U = N, proving (1). If 0 < |k — p| < N, then 0 < |27(k — p)/N| < 2, so
W # 1. But
WU=W+W? 4.+ WV 14+ WV =U,

since W = (w™)* —p = 1. Hence (W — 1)U = 0, which forces U = 0. This proves (2). Now (3) follows
from (1) and (2), since a set of nonzero mutually orthogonal vectors is always linearly independent. Formula
(4) follows from (1) and (3). |

Example 1.3. Suppose that that time ¢ is measured in seconds and the signal is a superposition of a fun-
damental low-frequency oscillation 2sin(67t) with frequency 3 Hertz (cycles per second) and maximum
amplitude 2, together with a weaker high-frequency oscillation 0.5 sin(187¢) with frequency 9 Hertz (which
is three times the fundamental frequency) and maximum amplitude 0.5:

s(t) = 2sin(67t) + 0.5sin(18xt) .

If we want to record the signal over the time interval 0 < ¢ < 2, then we can rescale the interval to0 < z <1
by setting = = t/2 and

f() = 2sin(12mz) + 0.5 sin(36ma) = —i (€127 — 7127 4 0250707 — 0,250~
In the second equation we have used the formula sin(z) = (e!* — e~*)/2i. On the left side of Figure 1 we
have plotted f(z) for 0 < x < 1: notice the modulation of the low-frequency wave by the high-frequency

wave.
If we sample f(x) on the interval 0 < x < 1 at rate N, we get the vector

—i(EG —E_¢+025E — 0.25E,18) ech.
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Figure 1: Analog Signal with Low/High Frequencies and Digital Sample (N = 48)

If N > 18 — (—18) = 36, then by Proposition 1.2 all the terms in this sum are mutually orthogonal vectors,
and hence there is no aliasing. For example, if we sample at rate N = 48, we get the vector on the right

side of Figure 1 (plotted as a stem graph). Notice that the modulation of the low-frequency wave by the
high-frequency is evident.

If we use a smaller value of N, say N = 24, then E1g§ = E15_ 9y = E_gand E_13 = E_15,94 = Eg.
Thus the the sampled vector becomes

%(EG - E_ﬁ) e,

This is the same vector that we would get by sampling the function g(x) = 1.5sin(127z) at this rate (see

Figure 2, where we have plotted g(z) as a dashed line). Thus the high frequency component in the signal
disappears, while the amplitude of the low frequency component is increased.
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Figure 2: Undersampled Digital Signal with Aliasing (N = 24)

In Example 1.3 the highest frequency was 18 cycles (when the time interval was rescaled tobe 0 < z <

1). Sampling without aliasing required a sample rate N > 36, larger than twice the highest frequency present
in the signal. This illustrates the
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Nyquist sampling criterion: If a digital sample is to reproduce frequencies up to some level w
without aliasing, then the sampling rate N must be greater than 2w.

For example, in audio recording the frequency of 20,000 Hertz (cycles per second) is taken as an upper
limit of human hearing. The commercial compact disk (CD) digital recording standard with a sampling rate
N = 44,100 Hertz, which replaced the long-playing (LP) analog recording technology in the 1980’s, satisfies
the Nyquist criterion.

2 Fourier Matrix and Discrete Fourier Transform

Consider the expansion of y € CV in (4) in terms of the orthogonal basis E;,. If we take p = 0, then this
formula can be written as

1
y = N(dOEO +d By 4 dN_lEN_l) where dj, = Elly . 6)

This motivates the following definition (see Strang, §3.5).

Definition 2.1. The Fourier matrix Fy is the N x N matrix columns are Eo, ..., Ey_;. Thus the (4, k)
entry of Fiy is wU=DE=1 for j k =1,..., N, where w = ¢2™/N

The matrix F'y is symmetric and the entries in the first column (or row) are all 1. The second column (or row)
consists of the powers of w from 0 to N — 1, the third column (or row) consists of the powers of w? from 0
to N — 1, and so on.

For N = 2 the Fourier matrix is

Py = [ L } . (7)
since €2™/2 = —1. For N = 4 we have w = €?>™/4 = jand w~' = —i. Hence the 4 x 4 Fourier matrix is
1 1 1 1
T N
Fa= 1 i2 it if 11 L =11 ®)
LB B 1 —-i -1 i

Definition 2.2. Giveny € CV,wesetY = F ]Iéy, and call Y the discrete Fourier transform (DFT) of y.

Since the rows of Fly are Eg, Ef ..., E%_l, the entries of Y are
E%J{y do
El d
v=| " =", ©)
E%_ﬂ’ dn—1
where dj, = Y[k] is the same as in (6). Thus
N-1 .
Yk = wty[j]. (10)
j=0

Here we are using the indexing convention for the components of a vector as in formula (1).
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In particular,

FYE, = Ney,, fork=0,1,...,N—1, (11)
where eq, . .., e are the standard basis vectors for C.
From (9) we also see that
INY =doEog +diEy +---+dy_1Ex_1 = Ny (12)

for all vectors y € CV, where we have used (6) for the last equality.

Theorem 2.3. The inverse of the Fourier matrix is (1/N)F1L. Furthermore, the normalized matrix (1/v/N)Fy
is unitary.

Proof. The first assertion follows from (12). By Proposition 1.2 the columns of (1/+/N)Fy are an orthonor-
mal set. This proves the second assertion. ]

Corollary 2.4.

(a) Let {ey,...,ex} be the standard basis for CN. Set u; = (1/v/N)Fye;. Then {uy,...,uy} is an
orthonormal basis for CN, called the Fourier basis.

(b) Lety € CN and set Y = Fyy. Then |ly|? = %[ Y|

Proof. (a): Note that u; is the jth column of the unitary matrix (1/v/N)Fly.

(b): Write y = (1/v/N)Fxu, where u = (1/v/N)Y. Since (1/v/N)Fy is a unitary matrix, the vectors
u and y have the same norm. But |[u| = (1/vV/N)| Y. [ |

Remark 2.5. If we think of the standard basis e; as a sampled version of a signal, then this signal is localized
in time, since only one component of e; is nonzero. The discrete Fourier transform of e; is the vector E;
with all entries nonzero. Thus the discrete Fourier transform removes the time localization. In the opposite
direction, the vector E is the sample of a wave having only one frequency. This digital signal is completely
spread out in time, since all the entries have absolute value one. The discrete Fourier transform of Ey, is the
standard basis vector e 1, which has only one nonzero component and hence is localized in frequency.

1
Example 2.6. Suppose N =4andy = _21 . Then
0
1 1 1 1 1 2
_ |1 i -1 =i 21 | 2+2i
Y=Fhy=11 1 1 1 -1 —2
1 —i -1 i 0 2-2i

In this case [|y|* = 1+ 22 + (—1)% = 6, while we have

i||Y||2 = 3[22 4+ (2 = 2i)(2 4 2i) + (=2) + (2 +2i)(2 — 2i)] = i[4+8+4+8] =6,

as predicted by Corollary 2.4. |
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Figure 3: Discrete Fourier Transform in Example 2.7

Example 2.7. Suppose we sample the signal f(z) = 2sin(127z) + 0.5sin(3672) in Example 1.3 at a rate
satisfying the Nyquist criterion, say N = 48. Since —6 = 42 mod (48) and —18 = 30 mod (48), the
sampled vector is

v = fi(EG 40.25E 5 — 0.25E3 — E42) e,

By (11) we see that
Y = —481(e7 + 0.25e19 — 0.25e31 — 643) S (C48 . (13)

In Figure 3 we have plotted the signal vector y (which has real components y[k] for k = 0,...,47) and the
imaginary part of its discrete Fourier transform vector Y = Fygy (which has purely imaginary components
Y|[k] for k = 0,...,47). The horizontal axis in the left graph represents fime, whereas the horizontal axis
in the right graph represents frequency. The vector y is spread out in time. By contrast, the only nonzero
entries in Y are Y[6], Y[18], Y[30] and Y [42]. Figure 3 shows the two frequencies present in the original
signal, with the values Y[6], Y[42] corresponding to the low frequency sine wave and the values Y[18],
Y [30] corresponding to the high frequency sine wave. ]

Remark 2.8. The graph in Figure 3 is skew-symmetric around the midpoint N/2 = 24 of the frequency range
(this is called the Nyquist point). To understand this symmetry, assume that N is even. Then w\/? = ™ = —1
and w/™/2 = (—1)7. Hence by (10)

N—
Y[k + N/2] = Z wry[i],
v °1 .
Y-k +N/2 =) (-1)wy[j],
=0

for any vector y € CV. If y € R¥ is a vector with real components, then these formulas show that
Y[k+ N/2]=Y[-k+ N/2],

where the bar denotes complex conjugation (since w—7/k = w7*). Hence the graph of the real part of Y is
symmetric about the Nyquist point kK = N/2, whereas the graph of the imaginary part of Y is skew symmetric
about the Nyquist point. For the real signal in Example 2.7, the real part of Y is zero, and we have explained
the skew-symmetry of the graph in Figure 3.
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3 Shift-Invariant Transformations and Circulant Matrices

Consider a finite digital signal y with N values, say y[0],y[1],...,¥[/N — 1]. As in Section 1, we can view
y either as a column vector
y[0]
y[1]
, ecV (14)
y[N —1]

or as a function of a discrete time variable. A basic operation in signal processing is to take a moving average
of the signal. For example, we can replace each value y|[j] by the average of the values y[j — 1] and y[j + 1].
This gives a new signal z with

zljl =yl - +yli+1])/2. (15)
There is a bug in formula (15), however. To calculate z[0] or z[/N — 1] we need the values y[—1] and y[NV],
which aren’t available. We will solve this problem by using the periodic extension of y:

y[j+kN]=y[j] forj=0,1,...,N —1and all integers % . (16)

Thus we set y[—1] = y[IN — 1] and y[N] = y[0], since =1 = N — 14+ N and N = 0 4+ N. In terms of
modular arithmetic, we have y[m] = y[j] when m = j (mod N). With this adjustment formula (15) makes
sense. It can be written in a case-by-case way as

([N —1]+y[1])/2 forj =0,
z2ljl=1 (yj—-1+ylj+1])/2 forj=1,...,.N—2,
(y[N — 2] +y[0])/2 forj=N—1.

For example, if y = [1, 2, —1, 0] as in Example 2.6, then
z[0)=(0+2)/2, z[1]=01-1)/2, z[2]=(2+0)/2, z[3]=(-1+1)/2.
Define the shift operator S on periodic signals y of period IV by
Syljl=ylj—1 forj=0,1,...,N—1.
Here Sy[0] = y[N — 1], since y is periodic. It is clear from the definition that S is linear and invertible:
Syl =yli+1].
We can write formula (15) as
z:%(S—i—S_l)y. (17)
It follows that formula (15) has the following properties:
(linearity) The output signal z depends linearly on the input signal y.
(shift invariance) If the input signal y is replaced by Sy, then the output signal z is also replaced by Sz.

We now show that every shift-invariant linear transformation C' can be expressed as a linear combination
of powers of the shift operator .S. We first observe that the property of shift-invariance for C' is the same as
the commutativity relation

csS=5C. (Shift Invariance)

In particular, any linear combination of powers of S is shift invariant, since C'S* = S*C for all integers
k > 0. To prove the converse, we identify the periodic signals of period N with C¥ by (14). Then S becomes
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a linear transformation of C". We calculate its matrix relative to the standard basis of C* as follows: Suppose
the signal y corresponds to the standard basis vector ej. Then y[j] = 1if j + 1 = k, and otherwise y[j] = 0
(note the index shift by one). Since Sy|[j] = y[j — 1], we see that Sy[j] = 1 if j = k and Sy[j] = 0if j # k.
This shows that

Se, =epy1 fork=1,2,...,N

(for this formula to be valid we must label the basis vectors circularly modulo N: exy; = €1, eny2 = €2
and so on). We see that S acts as a circular permutation of the standard basis vectors.

Example 3.1. Suppose N = 3. Then Se; = e, Se; = e3, and Se3 = eq, so the matrix of the shift operator
S relative to the standard basis for C3 is

0 0 1
S=1]11 0 0
01 0
Notice that S%e; = es, S%ey = ey, and S%e5 = e5. Also S® = I. Thus

0
St=85"=10
1

o O

0
1| =s5"T.
0

We have S—1 = ST since {Sey, Sez, Se3} is an orthonormal basis for C3. |

The general features of Example 3.1 are valid for the shift operator for any value of N. Namely, SV = Iy
and S—! = SN~ The matrix of S relative to the standard basis for C¥ is real and orthogonal, so in matrix
form S~ = ST,

Theorem 3.2. Let S be the shift operator, viewed as an N x N matrix relative to the standard basis for CN .
Suppose C' is any shift-invariant linear transformation of N -periodic signals. View C' as an N x N matrix
relative to the standard basis for CN and let the first column of C be [co, c1, . .. ,cn_1]T. Then

C=col +c18+c8% 4 +env_1 SV, (18)

where I denotes the N x N identity matrix.
Proof. The first column of C' is the vector C'eq, so this vector can be written in terms of the standard basis as
Ce; = cper +c1e2 + - +cy_1en. (19)

Now we calculate the columns Cey, of C for k = 2,..., N. Since C is shift-invariant we have S*~1C =
CS*~1. Thus if we multiply both sides of (19) by S*~! and use the property S*~'e; = e}, we obtain

Cep = CSFle, =Sk 1Ce
= oS ler + 1S ey + oS ey + - +eno1S e
= coep +c1Sep +coS%p + - +en_1SV ey

This calculation shows that the kth column of the matrix C is the same as the kth column of the matrix
col +c1S + ¢S24+ +eny_1SVfork =1,...,N.Hence the matrices are the same. [ |

Example 3.3. Suppose N = 3 and C = col + 1.5 + ¢2.52 is a 3 x 3 shift-invariant matrix. From Example
3.1 we have

1 0 0 0 0 1 01 0 Cop C2 (1
C=c| 0 1 0|4+c |1 0 0 |4c| 0 0 1 ]|=1|c co c
0 0 1 01 0 1 0 0 cy €1 ¢
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Hence the successive columns of C' are obtained by circular permutation of the first column. Matrices of this
form are called circulant matrices. For example, when N = 4 the averaging operation from (15) is given by
the circulant matrix

_1 1y 1
C=5(5+5") =3

O = O
O = O =
= O = O
O = O

We now obtain the connection between shift-invariant linear transformations and the Fourier matrix.
Recall the vector

E; = w2k (where w = e2™/N and k = 0,1,2,...,N — 1)

| -k |

obtained in Section 1 by sampling the frequency-k analogue signal f(z) = e>™** at N equally-spaced times
x=0,1/N,...,(N —1)/N in the interval 0 < x < 1. Since S shifts the entries in E; down one place, with
the last entry moved to the top, we have

[ W=Dk ] wlVk
1 wk
SEj, = w” =wF w2k = w FE,. (20)
| wV=2)F | | wN-DF |

This equation says that Ey, is an eigenvector for the matrix S with eigenvalue w=".
Define a diagonal matrix with the NV th roots of 1 on the diagonal, enumerated in clockwise order around

the unit circle starting at 1:

T1 0 0o .- 0
0 w?t 0 - 0

Dy=|0 0 w?2 ... 0 (21)
L0 0 0 .- w Nt

(note that every Nth root of 1 occurs exactly once, and the last diagonal entry is just w). The Fourier matrix
has columns Eg, Eq, ..., Ex_1. Using equation (20) we find that

SFy=[SEq SE; --- SEy. |=[E; w'E; --- w V'Ey |

22
=FyDn . (22)

By Theorem 2.3 we know that Fyy Fi! = N 1. Hence multiplying both sides of equation (22) on the right by
(1/N) FiL, we obtain
S = (1/N)EyDnFy = FyDNEN'. (23)

The last equation can also be written as FIQIS Fn = Dpy. We can summarize these calculations as follows:
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Theorem 3.4. The N x N shift matrix S is diagonalized by the Fourier matrix Fy. The columns Ey, Eq,
..., En_1 of Ey are eigenvectors of S. The corresponding eigenvalues are the N complex numbers w7 for
7=0,1,..., N — 1 (the Nth roots of unity), enumerated clockwise around the unit circle starting at 1.

Combining the last two theorems gives us the main result of this section:

Theorem 3.5 (Diagonalization of Circulant Matrices). Suppose that C is an N X N shift-invariant (circulant)
matrix. Write C' = col + 1S + 28 + - -+ + cn_1SV 1 and define the polynomial p(z) = co + c12 +
22+ -+ en_12N 7L Then By, is an eigenvector for C with eigenvalue p(w=*) fork =0,1,..., N — 1.
Hence C is diagonalized by the Fourier matrix:

M p(1) 0 0 0 7
0 pw™?) 0 0
Fy'CFy = p(Dy) = 0 0 p(w=32) - 0 . (24)
L 0 0 0 s plwm N

Proof. Using equation (20) repeatedly, we get STE;, = w™7*E, for all integers j. Hence
CEy, = coEyl + 1 SEx + e25Ey + - + en_1 SV T Ey,
= (co +aw w44 cN_lw*(Nfl)k)Ek
= p(w *)Ey .
This equation says that Ey, is an eigenvector for the matrix C' with eigenvalue p(w™*).

Equation (23) implies that FNSijgl = D?V for all integers k. Since C' is a linear combination of the
powers of S, it follows that C' satisfies the corresponding equation:

FNOFN' = col + 1Dy + caD% + -+ ey DN '
The right side of this equation is p(Dy ). [ |

Example 3.6. Consider the 4 x 4 circulant matrix C' = (S + S~1)/2 = (S + S3)/2 from Example 3.3
(note that S~ = §3 since S* = I). Then p(z) = (2 + 23)/2. Since the fourth roots of 1 are 1,i, —1, —i, the
eigenvalues of C are

p(1) =1, p(—i) = (-i+(-0)*)/2=0,
p(=1) = (=1+(=1)*)/2= -1, p(i) = (i+({)?*/2=0,
and C' acts on the eigenvectors by CEy = Eq, CE; = 0, CE; = —E5, CE3 = 0. Using the Fourier
matrix, we can write any vector as y = doEqg + d1E; + dsEs 4+ d3E3. Then Cy = dgEg — dyEs. |

4 Downsampling and the Fast Fourier Transform

The effectiveness of the discrete Fourier transform (DFT) as a computational tool depends on a remarkable
fast algorithm for calculating the matrix-vector product Fyv when N = 2F is a power of 2 (similar fast
algorithms exist for every highly composite number N, such as N = 2*3™). The Fast Fourier Transform
(FFT) algorithm is based on the observation that the conjugated Fourier matrix F3., that is used for the DFT
can be written as product of a permutation matrix (which has no arithmetic computational cost) and a 2 x 2
block matrix, where the blocks are F!' or a diagonal matrix multiplying F.
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Example 4.1. Consider n = 2. Recall that

1 1 1 1

. 11 . 1 —i -1 i
FQ:{l —1]’ Fi=|1 1 1 | =[ho b by hs].

1 i -1 —i

Lety € C*. By the definition of matrix-vector multiplication we can write
Fi'y = y[0]ho +y([1] hy + y[2] he + y[3] hy

as a linear combination of the columns h; of F}l. Rearrange this sum according to the even and odd column
indices:

1 1 1 1
_ | -1y I B N Y
vl ey = | 1 Ty |35 ] vmmeesime= | T YR e
1 -1 i i
Define 0 a
y|0 vyl ~ 1 0 }
even — 5 o = 5 Dy = . .
Y [ym} Yo [y[s]] ’ {0—1
Then, using block multiplication of matrices, we can write the formulas (25) as
Fi Dy}
0] h 2lhy = | 2 | Yeven » 1]h 3lhs = 272 odd -
y[0lho + y[2] hy [Fg}y ylb+yBlhe = | 5 pu | Yoad

The splitting of y into even/odd vectors of half length can be accomplished by the permutation matrix

1 0 0 0

0 0 1 0 even
Pi=[e e e e |= 010 01l° P4}’{§,dd]~

0 0 0 1

‘We can write the calculations above in block form as

F}'Yeven + D2 F3'yoaa I, Dy Fit 0
FH _ 2 JYeven 2 Yo _ 2 P .
4y |: FQHYCvcn - DQFQI_IyOdd I, —Ds 0 F2H 4y

H
This shows that F}! has the factorization { L2 D; ] [ F, 0

I, —Dy 0 Fi
matrix Ds. [ |

] Py in terms of F} and the diagonal

The same splitting into even and odd components works for the DFT of any signal

T
y=[vy0 y] ... y2n—2] yl2n—1]]
of length N = 2n. Let
T T
Yeven = [ y[0] y[2] ... y[2n—2] ] , Yodd = [ vl y[B] ... y[2n—1] ] .
Here we are using the terms even and odd because we view y as a function on {0, 1,...,2n — 1}. Thus Yeven

uses the values of y at the even integers, while y,qq uses the values of y at the odd integers.'. The splitting
of ¥ into Yeven and yoqq of half length is called downsampling.

'But in the MATLAB indexing convention the vector yeven contains components 1,3, ..., 2n — 1 of the vector y
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Write w = e2™/N = ¢™i/7 and 7 = w? = 2™/, Then

2n—1
oyl = ) wityk]
k=0
n—1 n—1
(split into even-odd) = Z wI PR y[2k] + Z wI Dy o) 4 1)
k=0 k=0
n—1 n—1
= Z Zﬁjky'even[k] + w™? Z Zﬁjkyodd [k]
k=0 k=0
forj =0,1,2,...,2n — 1. This shows that
Fayi] = Flyewenli] + w7 Flyoqalj] forj=0,1,...,n—1 . (26)
Since w™ = —1 and 2™ = 1, we have w~ (") = —~J and 2~ ("*+D*¥ = ,~3*k PFyurthermore, the functions

Flyeven and Flly,qq are periodic of period n. Thus
Foy[n+ ] = Fy'Yevenls] — w7/ Filyoaalj] forj=0,1,....,n—1. 27)

We now express these formulas in concise block-matrix form, just as in the case N = 4 that we worked
out in Example 4.1. Define the m x m diagonal matrix

M1 0 0 0 )
0 w! 0 0
D,,=120 0 w2 ... 0 (caution: w™ = —1). (28)
| 0 0 0 cee o~ (m=1) ]

Note that the diagonal of D,, only contains half of the 2mth roots of 1. Let P,,, be the permutation matrix
that splits y into its even and odd components:

yeven }

T
P2m:[el €3 ... €eyp_1 €z €4 ... eZm] ; P2my:|:}’dd
O

Since P, only rearranges the components of a vector, calculating P,y is free of computational cost. Then,
just as in the case N = 4, the equations (26) and (27) for the components of F5,,y can be written as a single
vector equation for Y = Fil y:

Y = woo R = G m m P mdy s 29
I S o b g | Py )

IT", Dm
I, —Dp,
diagonal matrix, applying the matrix Go,, to a vector only requires m scalar multiplications (on the last m
components of a vector with 2m components) followed by 2m scalar additions, rather than the (2m)? scalar
multiplications and 2m/(2m — 1) scalar additions that are necessary for a general 2m x 2m matrix.> The fast
Fourier transform (FFT) algorithm calculates Fiy when NNV is a power of 2 by iterating formula (29).

where Go,, = ] The key point in the matrix factorization (29) is that because D,, is a

2Multiplying a row vector and column vector, each with 2m components, requires 2m scalar multiplications followed by 2m — 1
scalar additions.
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Example 4.2. Take N = 1024 = 20, Then by the factorization (29)

H Fii, 0
Fio24Y = G1o24 0 FH, Pioosy .

The product with G124 needs 512 scalar multiplications. We can use the factorization (29) again, but now
with m = 256, to express each copy of FX, in terms of G515 and Fi; applied to signals with 256 compo-
nents. But now we have two copies of G512, so we need 2 - 256 = 512 more scalar multiplications. At the
next stage, there are four copies of G256, requiring 4 - 128 = 512 more scalar multiplications. Thus at each
stage of the factorization, the number of scalar multiplications remains 512 = 2%, and there are 10 stages to
get down to Fy. So the total scalar multiplication count to calculate Fil,,y by this factorization method is
10-2°. By contrast, direct evaluation of F}J,, y as a matrix-vector product requires 22° scalar multiplications,
so the FFT method gives a speedup for multiplications by a factor of 2! /10 = 204.8. |

In general, the factorization argument given in Example 4.2 shows that to calculate Fyy by the FFT
matrix factorization method when N = 2* needs at most

1
k2k—1 = 5Nlog2 N (30)

scalar multiplications. The speedup compared to the N? scalar multiplications needed in a direct matrix-
vector product is by a factor of 2N/ log, N. For example, when N = 220 this speedup factor is more than
100, 000. The same sort of counting of the number of scalar addition operations needed in the FFT gives
an upper bound of N log, IN. Thus the total number of scalar arithmetic operations in the FFT algorithm is
bounded by (3/2) N log, N, yielding a comparable speedup factor. Without the FFT algorithm digital signal
processing would be impractical.

Exercises
0 0 1
I.LetS=| 1 0 0 | bethematrix for the shift operator relative to the standard basis for C3. Suppose
0 1 0
4 % %
thematrix C = | 7 = x | satisfies CS = SC.
5 *x %

(a) Write C as a polynomial in S and fill in the entries * in C'.

(b) Let F be the 3 x 3 Fourier matrix, and let w = €2™/3, Find complex numbers Ao, A1, and A5 so that

A 0 0
F7'CF=1] 0 A 0 |.Expressyouranswer in terms of w and w? (no complex arithmetic is
0 0 X

needed).
2. Let C'be an N x N circulant matrix.
(a) Show that CH is also a circulant matrix.
(b) If the first column of C'is [¢g ¢1 c2 ... cn—_1]%, show that the first column of CH is
[0 eovor ... @ ooln

3. Let n = 2*. Define (k) to be the number of scalar additions needed to calculate Flc by the Fast
Fourier Transform (FFT) algorithm (ignore the computational cost of sign changes and sorting a vector
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into even and odd components). Note that the product of a row vector and a column vector, each with
n components, needs n — 1 additions.

(a) Show that ¢(1) = 2 and that ¥(k + 1) = 2u(k) + 2(2F — 1).
(b) Use the recursion in (a) to calculate (k) for k = 2,3, 4.
(¢) Prove by induction that ¢(k) < k2F for all positive integers k.

(d) Use the result in Section 4 and (c¢) to show that the total number of scalar arithmetic operations
(multiplications and additions) required for the FFT on vectors of size 2* is less than (3/2)k2*. (Ignore
the operations of changing sign and sorting into even and odd components.)



