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▪ Digital Signal Processing Introduction

▪ Mathematical modeling

▪ Continuous Time Signals

▪ Discrete Time Signals

▪ Analyzing Continuous-Time Systems in the Time Domain

▪ Analyzing Discrete Systems in the Time Domain

▪ Fourier Analysis for Continuous-Time Signals and Systems

▪ Sampling and Reconstruction



Sampling

• Sampling forms the basis of digital signals we encounter everyday in our lives.

• For example, an audio signal played back from a compact disc is a signal that has

been captured and recorded at discrete time instants. When we look at the

amplitude values stored on the disc, we only see values taken at equally spaced

time instants (at a rate of 44,100 times per second) with missing amplitude values

between these instants. This is perfectly fine since all the information contained in

the original audio signal in the studio can be accounted for in these samples.

• An image captured by a digital camera is stored in the form of a dense rectangular

grid of colored dots (known as pixels). When printed and viewed from an

appropriate distance, we cannot tell the individual pixels apart. Similarly, a movie

stored on a video cassette or a disc is stored in the form of consecutive snapshots,

taken at equal time intervals. If enough snapshots are taken from the scene and are

played back in sequence with the right timing, we perceive motion.
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Sampling

The spectrum of the impulse-sampled signal is obtained by adding

frequency-shifted versions of the spectrum of the original signal and then

scaling the sum by 1/Ts. The terms of the summation in Eqn. (6.12) are

shifted by all integer multiples of the sampling rate ωs.
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Sampling

For the impulse-sampled signal to form an accurate representation of the

original signal, the sampling rate must be at least twice the highest

frequency in the spectrum of the original signal. This is known as the

Nyquist sampling criterion. It was named after Harry Nyquist (1889-1976)

who first introduced the idea in his work on telegraph transmission. Later it

was formally proven by his colleague Claude Shannon (1916-2001) in his

work that formed the foundations of information theory.

The signal is processed through an anti-aliasing filter before it is sampled,

effectively removing all frequencies that are greater than half the sampling

rate.
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Sampling

In natural sampling the tops of the pulses are not flat but are rather shaped by the

signal xa (t). This behavior is not always desired, especially when the sampling

operation is to be followed by conversion of each pulse to digital format. An

alternative is to hold the amplitude of each pulse constant, equal to the value of the

signal at the left edge of the pulse. This is referred to as zero-order hold sampling.



Reconstruction

Often the purpose of sampling an analog signal is to store, process and/or transmit it

digitally, and to later convert it back to analog format.

To that end, one question still remains: How can the original analog signal be

reconstructed from its sampled version? Given the discrete-time signal x[n] or the

impulse-sampled signal xs (t), how can we obtain a signal identical, or at least

reasonably similar, to xa (t)? Obviously we need a way to “fill the gaps” between the

impulses of the signal xs (t) in some meaningful way.

In more technical terms, signal amplitudes between sampling instants need to be

computed by some form of interpolation.
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Resampling Discrete-Time Signals
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Resampling Discrete-Time Signals


	Slide 1
	Slide 2: Outline 
	Slide 3: Sampling
	Slide 4: Sampling
	Slide 5: Sampling
	Slide 6: Sampling
	Slide 7: Sampling
	Slide 8: Sampling
	Slide 9: Sampling
	Slide 10: Sampling
	Slide 11: Sampling
	Slide 12: Sampling
	Slide 13: Sampling
	Slide 14: Sampling
	Slide 15: Sampling
	Slide 16: Sampling
	Slide 17: Sampling
	Slide 18: Sampling
	Slide 19: Sampling
	Slide 20: Sampling
	Slide 21: Sampling
	Slide 22: Sampling
	Slide 23: Sampling
	Slide 24: Sampling
	Slide 25: Sampling
	Slide 26: Sampling
	Slide 27: Reconstruction
	Slide 28: Reconstruction
	Slide 29: Reconstruction
	Slide 30: Reconstruction
	Slide 31: Reconstruction
	Slide 32: Reconstruction
	Slide 33: Reconstruction
	Slide 34: Resampling Discrete-Time Signals
	Slide 35: Resampling Discrete-Time Signals
	Slide 36: Resampling Discrete-Time Signals
	Slide 37: Resampling Discrete-Time Signals
	Slide 38: Resampling Discrete-Time Signals

