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Zero-order hold (ZOH)

שחזור מסדר אפס

השיחזור לפי שנון דורש אינסוף  •
ולכן , אחורה וקדימהדגימות 

.שיחוזר שנון אינו מעשי

:סיבתייהיה –משחזר מעשי •

𝑥(𝑡)דומה ל ො𝑥(t)במשחזר טוב •

ZOH: משחזר פשוט•

ො𝑥 𝑡 = ෍

𝑛=−∞

t/T

𝑥 𝑛𝑇 ℎ 𝑡 − 𝑛𝑇

ො𝑥 𝑡 = 𝑥 𝑛 , 𝑛𝑇 ≤ 𝑡 < 𝑛 + 1 𝑇, 𝑛 ∈ ℤ

due to causality

n≠0 ∀ nT≤ 𝑡
n≤t/T

ො𝑥 𝑡 = 𝑥𝑠 𝑡 ∗ ℎ(𝑡)

Question: what is the frequency 

response of the H{hZOH(t)}?
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𝐻(𝑗𝜔)  =   
𝑇

0

 1 ⋅ 𝑒−𝑗𝜔𝑡  d𝑡 =
1− 𝑒−𝑗𝜔𝑇

𝑗𝜔
= 𝑇 ⋅ 𝑒−𝑗0.5𝜔𝑇 ⋅

𝑒𝑗0.5𝜔𝑇 ⋅ 𝑒−𝑗0.5𝜔𝑇

𝑗𝜔𝑇

 = 𝑇 ⋅ sinc(𝜔
𝜔𝑠

) ⋅ 𝑒−𝑗0.5𝜔𝑇

 

-

2∙0.5
=T 𝑒−𝑗0.5𝜔𝑇

sin(0.5𝜔𝑇)

0.5𝜔𝑇
=

Euler=sin(z)=
𝑒𝑗𝑧−𝑒−𝑗𝑧

2𝑗

= T 𝑠𝑖𝑛𝑐(
𝜔𝑇

2𝜋
)𝑒−𝑗0.5𝜔𝑇

𝜔𝑠=
2𝜋

𝑇

=T 𝑒−𝑗0.5𝜔𝑇
sin( ൗ𝜋𝜔𝑇

𝜋2)

ൗ𝜋𝜔𝑇
𝜋2

The frequency response of the H{hZOH(t)}

ො𝑥 𝑡 = 𝑥𝑠 𝑡 ∗ ℎ 𝑡 ෠𝑋 𝑗𝜔 = 𝑋𝑠 𝑗𝜔 ⋅ 𝐻 𝑗𝜔
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Euler

https://en.wikipedia.org/wiki/Leonhard_Euler#Saint_Petersburg
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|𝜔|בתחום • ≤ 𝜔𝑠/2 הגבר קטן או שווה לT

𝜔בתחום • > 𝜔𝑠/2 0הגבר שונה מ

(מדרגות)שינוי חד בזמן –תדרים גבוהים •
רק מונחתים–שכפולים לא מתאפסים : משמעות•

1±סינק ב –פאזה •

𝑒−𝑗0.5𝜔𝑇
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▪ Is it possible to reconstruct the 𝑋 𝑗𝜔 from ෠𝑋 𝑗𝜔 ?

▪ From ideal sampling and reconstruction by sinc we will request

we found before that 

and will obtain 𝐺(𝑗𝜔) =
Π

𝜔

𝜔𝑠

sinc 𝜔

𝜔𝑠

𝑒𝑗0.5𝜔𝑇
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෠𝑋 𝑗𝜔 = 𝑋𝑠 𝑗𝜔 ⋅ 𝐻 𝑗𝜔 ⋅ 𝐺 𝑗𝜔
?

𝐺 𝑗𝜔 ⋅ 𝐻 𝑗𝜔 = 𝑇 ⋅ Π
𝜔

𝜔𝑠

𝐻 𝑗𝜔 = 𝑇sinc
𝜔𝑇

2𝜋
𝑒−𝑗0.5𝜔𝑇

1/𝜔𝑠

sin 𝑥

𝑥
𝑐𝑜𝑟𝑟𝑒𝑐𝑡𝑖𝑜𝑛 not causal
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LPF
Sample and

Hold, Quantizer

LPF

𝑥𝑓(𝑡)
xf(nT) ෥𝑥f (nT)

Computer

Computer

ො𝑦(t)
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LPF
Sample and

Hold, Quantizer

LPF

𝑥𝑓(𝑡)
xf(nT) ෥𝑥f (nT)

Computer

Computer

ො𝑦(t)

sampling

reconstruction

sin 𝑥

𝑥
𝑐𝑜𝑟𝑟𝑒𝑐𝑡𝑖𝑜𝑛
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▪ EasyPolls:

39

https://vote.easypolls.net/62409296c10276005f3d3029
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כלומר  , 0תדרDCללא אנרגיה סביב , הוא אות מוגבל סרט(bandpass signal)אות חסום סרט ▪

𝝎𝒔תנאי נייקויסט לאות זה ▪ ≥ 𝟐𝝎𝟐

𝑋 𝑗𝜔 = 0 ∀|𝜔| ≤ 𝜔1, |𝜔| ≥ 𝜔2
0 < 𝜔1 < 𝜔2

𝑋 𝑗𝜔

−𝜔1 0 𝜔2𝜔1−𝜔2 𝜔

Example: 

modulated 

communication 

signals

Nyquist condition for 

such a signal

Can be sampled for smaller than Nyquist frequency: 1) minimizing 

memory 2) simple implementation etc
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𝜔2:  נניח בשלב זה שהתדר המקסימלי הוא כפולה שלמה של רוחב הסרט▪ = 𝐿 𝜔2 − 𝜔1 , 𝐿 ∈ ℕ

נדגום בתדר כפול  ▪
𝜔s = 2 𝜔2 − 𝜔1

= 2𝜔2/𝐿

מרוחב הסרט

𝑇כלומר  =
2𝜋

𝜔𝑠
=
𝜋𝐿

𝜔2

!נמוך מתדר נייקויסט𝐿פי 

:הספקטרום של האות הדגום במיקרה זה

𝑋𝑠 𝑗𝜔 =
1

𝑇
෍

𝑘=−∞

∞

𝑋 𝑗𝜔 − 𝑗𝑘𝜔𝑠 =
1

𝑇
෍

𝑥=−∞

∞

𝑋 𝑗𝜔 − 𝑗𝑘2 𝜔2 − 𝜔1

𝜔1כאשר 0כל שיכפול שונה מ < 𝜔 − 2𝑘 𝜔2𝑛 − 𝜔1 < 𝜔2

Natural number = 

whole and positive Here instead of twice 

the maximal frequency 

we will sample the 

twice bandwidth
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:במקרה זההדגוםהספקטרום של האות 

𝑋𝑠(𝑗𝜔) =
1

𝑇
෍

𝑘=−∞

∞

𝑋 𝑗𝜔 − 𝑗𝑘𝜔𝑠 =
1

𝑇
෍

𝑥=−∞

∞

𝑋[𝑗𝜔 − 𝑗𝑘2(𝜔2 − 𝜔1)]

𝜔1כאשר 0כל שיכפול שונה מ < 𝜔 − 2𝑘 𝜔2𝑛 −𝜔1 < 𝜔2

השיכפולים לכן לא יחפפו

Even: L=4

Odd:  L=3
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:תרגיל
𝜔2מה עושים כאשר   ≠ 𝐿 ⋅ (𝜔2 −𝜔1)?

𝜔0נבחר  < 𝜔1 כך שיתקיים𝜔2 = 𝐿 ⋅ (𝜔2 −𝜔0)ונחזור על התהליך

Intervals appear
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LPF



ALIASING IN TIME SERIES ANALYSIS

46

Given a power spectrum (a plot of power vs. frequency), aliasing is a false translation of power falling in some frequency range (-fc, fc) outside the 

range. Aliasing is caused by discrete sampling below the Nyquist frequency. It can be minimized by either increasing the underlying sampling rate 

or (if that is not practical or possible) pre-filtering the signal to suppress high-frequency components.

https://demonstrations.wolfram.com/AliasingInTimeSeriesAnalysis/


INTERPOLATION FOR SIGNAL RECONSTRUCTION

47

sinc interpolation formula reconstructs a continuous signal from some of its 

samples. The formula provides exact reconstructions for signals that are 

bandlimited and whose samples were obtained using the required Nyquist 

sampling frequency, to eliminate aliasing in the reconstruction of the signal.

https://demonstrations.wolfram.com/SincInterpolationForSignalReconstruction/


▪ EasyPolls:
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https://vote.easypolls.net/6240951bc10276005f3d30e0


▪ The computer will store the data in n bits

▪ This means that we should have 2𝑛 levels of quantization 

▪ In this example we use 3 bits for 8 levels
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▪ When we encode, we remove information about where in the quantization range 
the sample fell
▪ So, encoding and quantization happen basically simultaneously

▪ Sample value is replaced by mean of quantization range
▪ This is a limit on the amount of error caused by the A/D process
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▪ 𝒔 is the width of the quantization range

▪ Average squared error due to quantization

▪ Integrate probability of each value times squared error at that value

▪ Ultimately, error depends only on quantization range
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𝐸 =  

𝑥0−
𝑆
2

𝑥0+
𝑆
2

𝑃 𝑥 𝑥 − 𝑥0
2𝑑𝑥 =  

𝑥0−
𝑆
2

𝑥0+
𝑆
2
1

𝑆
𝑥 − 𝑥0

2𝑑𝑥

= อ
𝑥 − 𝑥0

3

3𝑆
𝑥0−

𝑆
2

𝑥0+
𝑆
2

=
𝑆2

12



▪ Dynamic range, 𝐷
▪ the difference between the maximum and minimum values that can be represented by 

the converter

▪ Word length, 𝑛
▪ the number of bits used in encoding

▪ Error decreases exponentially with word length
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22 2
21

2
12 12 2 12

n

n

S D D
E − 
= = = 

 



▪ Noise
▪ Squared difference between input signal and output signal

▪ Signal: size of output
▪ For large word length, input and output size are the same

▪ 𝑃𝑠, power of the input signal

▪ Results are independent of input signal

▪ Quantizer range should be as small as possible to accommodate signal size

▪ Reduce SNR by 6dB for each bit of word length
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( )
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