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Abstract: The paper deals with pre and post �ltering with sampling pro-

cesses discussion and modeling to determine the aliasing in a second genera-

tion CCD camera. A general explanation is followed by the practical exam-

ples. A new measure for aliasing contribution to signal is also derived, and

signal to aliasing noise ratio is determined.
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1. Introduction

Generation of digital video signal in a modern TV camera requires A/D

conversion of light excitation, which is always analog. CCD sensor is three-

dimensional sampler of input optical signal. If sampling frequency is not

chosen according to the Nyquist theorem, overlapping of upper bands with

base band signal is the consequence. Therefore the useful signal will be mixed

with false one that is not present in the original image. Implementation of

optical lowpass �lter in front of the CCD sensor signi�cantly reduces aliasing

but does not eliminate it.

The paper deals with sampling processes discussion and aliasing prob-

lem solution and determination. Pre�ltering process for aliasing suppression

and post�ltering process for signal reconstruction are discussed too.

Using the model aliasing signal evaluation and measurement can be

done.
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2. CCD Sensor Sampling Processes

Although CCD sensor is the �rst step of the light signal digitalization, its

output can not be inputted to the digital coder directly. Direct digitalization

of CCD output is not possible because of: aliasing, noise and wide dynamic

range which is still a problem even for the latest quantizers which are 12

bits.

Therefore, before digitalization, CCD output signal has to be processed

in an analog block. For all new cameras it is usually said "full digital"

but the word "full" relates to full digital processing excluding digital signal

generation. As the digital processing block has to be preceded by A/D

converter, another sampling process is implemented. Its sampling frequency

is determined by previous block characteristics e.g. CCD sensor sampling

structure.

CCD sensor used in a modern TV camera is a block with two main

functions:

- three-dimensional sampling of optical input signal

- optoelectrical conversion CCD sampling process is divided in two steps:

(a) Optical sampling lattice - exact sampling

(b) electrical sampling lattice - square topped sampling for signal recon-

struction and post�ltering

The sampling processes are based on aperture windows which are

aligned with some pixel pitch (Fig. 1). Pixel dimensions (�x � �y) and

the pixel pitch values (px � py) are determined by CCD sensor dimensions

(X � Y ) and the total pixel number (Nx �Ny).

(a) (b)

Fig. 1. (a) CCD sensor picture element - pixel.

(b) Picture element in time domain.
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2.2 Optical sampling lattice - exact scanning

In the process of exact scanning, by de�nition, the modulated pulses

follow the sampling function during the scanning interval.

Supposing pixel width, �x, and sampling interval, px, frequency spec-

trum of the sampled signal is expressed by

Fsop(j!) = �sop

n=1X
n=�1

sin(n��sop)

n��sop
fF [j(! � n!sop]g; (1)

where �sop = �x=px is the optical sampling aperture ratio.

The e�ect of exact (optical) sampling is equivalent to multiplying the

output spectrum F [j(! � n!sop)] by a constant scale factor

�sop sin(n��sop)=(n��sop).

As an example we consider a cosine wave signal of period 2�=�:

f(x) = 1 +m cos�x; (2)

with a frequency spectrum consisting of two spectral lines at ! � � and an

impulse function at the origin

F (j!) = 2�Æ(!) +m�Æ(! � �) +m�Æ(! + �): (3)

So the frequency spectrum of the sampled signal is:

Fsop(j!) =�sop

n=1X
n=�1

sin(n��sop)

n��sop
f2�Æ(! � n!sop)

+m�[Æ(! � �� n!sop) +m�[Æ(! � �� n!sop)]g

(4)

or

Fsop(j!) = S(j!) +m�sop�

n=1X
n=�1

sin(n��sop)

n��sop
Æ[! � (n!sop � �)]; (5)

where S(j!) represents spectrum of the scanning pulses and the remain-

ing terms represent the sidebands about the harmonics of the scanning fre-

quency.

Second example is test chart that is used for TV resolution measure-

ment. It is made of black and white stripes of di�erent width i.e. di�erent
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(a) (b)

Fig. 2. (a) Test chart for TV resolution measurement.
(b) Frequency spectrum for test chart..

frequencies (Fig. 2). One black and one white stripe represent one line pair

and, by convention, 80 line pairs per picture width (lp/ppw) correspond to

frequency of 1 MHz.

Suppose that in front of the camera is the chart consisting of black

and white stripes of frequency fm. As the input excitation is equivalent to

rectangular pulse of duration �m, and period Tm = 1=fm, it can be expressed

by

f(t) =
�m

Tm

h
1 + 2

1X
k=1

sin
k!m�m

2
k!m�m

2

cos(k!mt)
i
; (6)

where Tm is period and !m = 2�fm = 2�=Tm is the fundamental angle

frequency of the signal.

The frequency spectrum of the input signal displayed on Fig. 2(b), can

be expressed by the following equation

F (j!) = �
n
Æ(!) +

1X
k=1

sin
k�

2
k�

2

[Æ(! � k!m) + Æ(! + k!m)]
o
: (7)
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It follows that frequency spectrum of the sampled signal is:

Fsop(j!) =��sop

1X
n=�1

sin(n��sop)

n��sop

n
Æ(! � n!sop)

+

1X
k=1

sin
k�

2
k�

2

[Æ(! � k!m � n!sop) + Æ(! + k!m � n!sop)]
o
:

(8)

The frequency spectrum of input excitation is almost in�nite, so over-

lapping of sidebands is unavoidable and aliasing is evident. Implementation

of optical low pass �lter in front of the CCD sensor signi�cantly reduces

aliasing but does not eliminate it. Supposing that cuto� frequency of the

low pass �lter is fg, aliasing causes the k-th input signal component in n-th

sideband given by the following expressions

nfs � kfm � fg;

k �
nfs � fg

fm
;

(9)

where fm is the input signal base frequency, fs is sampling frequency, fg is

low pass �lter cuto� frequency.

2.3 Electrical sampling lattice - square topped scanning

In the process of electrical sampling for signal reconstruction, the sam-

pled signal pulses do not follow the sampled time function f(t) during the

scanning interval. The value of f(t) which corresponds to the center, or

any other �xed reference position of the pulse, is e�ective in the sampling

process.

The sampled signal is expressed by

fs(t) =

n=1X
n=�1

f(nT )s(t� nT ); (10)

where

s(t) =

(
1; �

�sel

2
< t <

�sel

2
0; elsewere:

(11)
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The resulting frequency spectrum of sampled signal is

Fsel(j!) =
�sel

Tsel

sin
!�se

2
!�sel

2

1X
n=�1

F [j(! � n!sel] (12)

As we can see, the amplitude of the resulting frequency spectrum is

not constant in the signal band. So, we conclude that electrical sampling

introduces frequency dependent distortion.

We can compare Eq. (12) with the spectrum of the exact sampling

signal. The spectrum of optically sampled signal consists of sidebands ob-

tained by frequency translation of original signal. Translation is done for

all multiple of sampling frequency. For electrical sampling there are such

translations, but the MTF of each sideband located at 0, !sel, 2!sel, 3!sel
is modi�ed by factor sin(!�sel=2)=!�sel=2.

that is dependent on frequency, what was not the case for optical sam-

pling. Low pass �lter performs signal reconstruction, but the obtained signal

will be distorted. The use of an equalizer after the low pass �lter can reduce

the distortion.

2.4 Practical realization

Practical realization of optical sampling is represented by integration

process (Fig. 3). For the case of cosine input excitation sampled signal is

fl(lpxop) =
1

�xop

lpxop+
�xop

2Z
lpxop�

�xop

2

[1 + cos(�x)]dx

=1 +
sin

��xop

2
��xop

2

cos(�lpxop);

(13)

where �xop is optical aperture size, pxop is optical pixel pitch and l is an

integer number, �N � l � N .

In the process of electrical sampling in sample and hold block for signal

reconstruction, pulse widening is done. So pixel size becomes equal to pixel

pitch (pxel = pxop).
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Fig. 3. Integration process.

In the reconstruction process signal component fl(lpxop) is multiplied by

sample and hold pulse s(x), and summing process is done. So reconstructed

signal is

f(x) =

NX
l=�N

h
1 +

sin
��xop

2
��xop

2

cos(�lpxop)
i
s(x� lpxel); (14)

where 2N + 1 is the total pixel number.

Spectral distribution of reconstructed signal is obtained by Furrier

transformation

F (!x) =

1Z
�1

f(x)e�j!xxdx

=

NX
l=�N

"
1 +

sin
��xop

2
��xop

2

cos(�lpxop)

#
1Z

�1

s(x� lpxel)e
�j!xxdx:

(15)

As
1Z

�1

s(x� lpxel)e
�j!xxdx = pxel

sin
!xpxel

2
!xpxel

2

e�jlpxel!x (16)
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and geometric series sum is

NX
l=�N

e�jlpx!x = (2N + 1)
sin

(2N + 1)!xpx

2
(2N + 1)!xpx

2

"
sin

!xpx

2
!xpx

2

#
�1

; (17)

then in the reconstruction process pulse widening is done, and pxop is equal

to pxel so the frequency spectrum of the reconstructed signal is

F (!x) = px

sin
!xpx

2
!xpx

2

(
NX

l=�N

e�jlpx!x

+
sin

��x

2
��x

2

"
NX

l=�N

e�jlpx(!x��) +

NX
l=�N

e�jlpx(!x+�)

#) (18)

And �naly

F (!x) =px

sin
!xpx

2
!xpx

2

(
(2N + 1)

sin
(2N + 1)!xpx

2
(2N + 1)!xpx

2

"
sin

!xpx

2
!xpx

2

#
�1

+
sin

��x

2
��x

2

"
(2N + 1)

sin
(2N + 1)(!x � �)px

2
(2N + 1)(!x � �)px

2

"
sin

(!x � �)px

2
(!x � �)px

2

#
�1

+ (2N + 1)
sin

(2N + 1)(!x + �)px

2
(2N + 1)(!x + �)px

2

"
sin

(!x + �)px

2
(!x + �)px

2

#
�1#)

(19)

Graph of the obtained result for px = 72 ns, �x = 24 ns, N = 360 and

� = 2�250 rad/s, is shown in Fig. 4.

3. Low Pass Filter

It has been already noted that optical low pass �lter, implemented in

front of the CCD sensor, reduces side bands overlapping.
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Fig. 4. Graph of the function obtained by Equation (19).

The optical pre�lter consisting of one or more quartz crystal plates

(Savart's plate), utilizes double refraction characteristic of Savart's plate

(Fig. 5(a)). Incident beam is separated at two or more points with the same

luminous intensity. Point spread function and modulation transfer function)

of the �lter are determined by crystal plates number (n), plate thickness (th)

and angle between crystal axes (�).

The choice of �lter structure depends on CCD sensor type and camera

quality. Very high studio quality cameras have complex �lters with good

characteristics in horizontal, vertical and diagonal direction. Fig. 5(b) show

some special �lter structure used in higher quality cameras.

Impulse response of �lter that is shown in Fig. 5(b) can be expressed

by the following equation

h(x; y) =
1

2
Æ(x�

dx

2
; y �

dy

2
) +

1

2
Æ(x+

dx

2
; y �

dy

2
) +

1

2
Æ(x � dx; y �

dy

2
)

+Æ(x; y �
dy

2
) +

1

2
Æ(x+ dx; y �

dy

2
) +

1

2
Æ(x�

dx

2
; y) + Æ(x+

dx

2
; y)

+
1

2
Æ(x� dx; y �

dy

2
) + Æ(x; y +

dy

2
) +

1

2
Æ(x+ dx; y +

dy

2
)

+
1

2
Æ(x�

dx

2
; y +

dy

2
) +

1

2
Æ(x+

dx

2
; y +

dy

2
)

(20)
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(c)

Fig.5. (a) Crystal plate (simple �lter).
(b) Orthogonal �lter structure.
(c) Modulation transfer function in horizontal direction.

Frequency response of the �lter is

H(!x; !y) = 8 cos
!xdx

2
cos

!ydy

2
cos

!xdx + !ydy

4
cos

!xdx � !ydy

4
(21)

Modulation transfer function in horizontal direction is

MTFh = jH(!x; 0)j = 8
��� cos !xdx

2
cos2

!xdx

4

��� (22)

Plot of modulation transfer function is shown in Fig. 5(c).

3.2 Aliasing

Using the previous discussion and the proposed models, aliasing noise

can be determined. The analysis is done using the Fig. 6.
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Fig. 6. Aliasing noise model.

Input signal is the test chart shown in Fig. 5 with the frequency spec-

trum determined by the base frequency fm and amplitude response jFnj.
The signal is passed through low pass �lter with modulation transfer func-

tion MTFLPF so the signal in point a is jFnaj = jMTFLPF (nfm). For the

case of the chart the value of Fn is given by Eq. (7).

Then signal passes optical sampling block in CCD sensor with the re-

sponse determined by aperture ratio �sop. Signal at point B is optically

sampled signal so it consists of useful signal (base band) and undesirable

components caused by mirroring of higher order harmonics into base band

(aliasing ).

Signal at point b is:

� Base band signal jFnbj = jFnb(nfm)j = jFnajMTF 0
sop

� 1-st harmonic of CCD out signal (aliasing source) jFnb1 j = jFna(fsop �
nfm)jMTF 1

sop.
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� 2-nd harmonic of CCD out signal (aliasing source) jFnb2 j = jFnb(2fsop�
nfm)jMTF 2

sop.

Then signal passes to electrical sampling block represented by sample

and hold circuit that resamples signal. It samples base band signal jFnbj,
but it also samples the higher order harmonics what gives new aliasing com-

ponents which are not present at Optical sampler out.

The sample and hold block out signal at point c is base band signal

jFncj = Fnc(nfm)j = jFnbj = jFnb(nfm)jMTFsel(nfm).

Electrical sampling of higher order harmonics at optical block output,

in
uences new aliasing components:

� Resampling of optical sampler out 1-st harmonic jFnc1 j = jFnb1 j �
MTFsel(fsop � nfm)

� Resampling of optical sampler out 2-nd harmonic jFnc2 j = jFnb2 j �
MTFsel(2fsop � nfm)

� Resampling of optical sampler out 3-rd harmonic jFnc3 j = jFnb3 j �
MTFsel(3fsop � nfm), where jFnci j, i = 1; 2; 3, means i-th harmonic

of optical sampler out is electrically sampled and gives components in

base band signal.

Higher order harmonics of electrical sampler out signal cause new alias-

ing components:

jF I
ncj =jFnbjMTFel(fsel � nfm)

jF I
nc1

j =jFnb1 jMTFel(fsel � nfm)

jF I
nc2

j =jFnb2 jMTFel(fsel � nfm)

...

jF I
ncN

j =jFnbN jMTFel(fsel � nfm);

where jFnbij is i-th harmonic of CCD out signal and jF k
nc1j is k-th harmonic

of sample and hold block out obtained by sampling of 1-st harmonic of CCD

out.

Similarly, 2-nd harmonic of sample and hold circuit out contains the

following aliasing components:

jF II
nc j =jFnbjMTFel(2fsel � nfm)

jF II
nc1

j =jFnb1 jMTFel(2fsel � nfm)

jF II
nc2

j =jFnb2 jMTFel(2fsel � nfm)
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Base band signal and higher order harmonics at the sample and hold

circuit output are shown in Fig. 6. From sample and hold block signal

passes to Ampli�er and CDS block. Magnitude transfer function of CDS

(Correlated Double Sampling) and ampli�er is

MTFCDSMTFAMP =
�
1� cos

�f

fse

��
1 +

f

fAMP

�
(23)

where fAMP is 3dB cuto� frequency of ampli�er.

If point d is output at CDS (Correlated Double Sampling) and PA

(Preampi�er) blok then signal at point d is

jFndj = jFncjMTFCDSMTFAMP :

By the Parselval's theorem power spectrum of the useful output signal is

S11(n!0) =
X

jFndj
2

Power spectrum of aliasing components is

Sal(n!0) =
X

jFndij
2 +

X
jF I
ndij

2 +
X

jF II
ndij

2

We de�ne Signal to Aliasing Ratio ( SAR), as a measure for aliasing contri-

bution to signal

SAR = 10 log
S11(n!0)

Sal(n!0)
:

4. Conclusion

In the study the analysis of CCD camera optical block and sampling

process modeling has been presented. Sampling process introduces aliasing

that causes serious problems in a modern digital cameras. It is visible in the

picture as a moir�e and as bit patterning on high frequencies. It is also an im-

portant noise source that in
uences problems in the following digitalization

circuit.

Optical low pass �lters are discussed and some �lter characteristics are

given. Their in
uence on camera quality is shown.

The model and the proposed sampling process analysis can be developed

for new camera measurement and camera aliasing evaluation.
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