EXPERIMENT 13: Sampling with Sample and Hold

New Modules: INTEGRATE & DUMP

Pre-Lab: 

1) Advanced Modules Manual pages: 67-70.

2) Student Text Vol-D1 pages: 89-92.

Background:

· A/D conversion: Before it is possible to transmit analog information via a digital system the analog signal must first be transformed into a digital format. The first step in such a transformation typically involves a sampling process

· Natural sampling: Natural sampling of analog waveform is examined in the experiment entitled The sampling theorem. Natural sampling takes a slice of the waveform, and the top of the slice preserves the shape of the waveform.

· Flat top sampling: A very common and easily implemented method of sampling of an analog signal uses the sample and hold operation. Flat top sampling takes a slice of the waveform, but cuts off the top of the slice horizontally. The top of the slice does not preserve the shape of the waveform.

In-Lab:

(1)  Build the model in Figure 1. Set the on-board switch SW1 of the INTEGRATE & DUMP module to the S&H 1 (‘0’) position. Analog signals connected to the input I&D 1 will now undergo a sample-and-hold operation, the result appearing at the I&D 1 output. 

[image: image1.png]D1.pdf - Adobe Acrobat Pro
Fle Edt View Doament Comments Foms Took Advanced Window Hep

5o ) ot + ) cobori () seore - P 5~ (3] rorm + [ e 5 omer-
D8 EUID #eE=ng & oo H

MASTER INTEGRATE
SIGHALS and DUMP

100Kz sn(8)

100KkHz cos(®) @

® @
<) @
® ®
® ©®

ext. trig.

Figure 3: the TIMS model

For a stable view of both input and output it is convenient to use a message which is
a submultiple of the sample clock frequency. Thus use the 2.03 kHz message
(sinewave) from the MASTER SIGNALS module. together with the 8.333 kHz TTL
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Figure 1

If you look at CH1A and CH2A you should see the waveforms as seen in Figure 2 (Save figure). 
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Figure 2

(2)     (a) How many samples per period are there? (b) What determines this number in your experimental setup?  (c) In theory, are there enough samples per period to perfectly reconstruct the original waveform?  (d) Can the original signal be perfectly reconstructed from the sample & hold signal shown here?  (e) Why or why not?
(3) Use a TUNEABLE LPF module to reconstruct the message. Adjust the cutoff frequency to get the maximum output amplitude without noticeable distortion. Determine and record the cutoff frequency at this setting by using the CLK output and the scale factor given in the documentation (TIMS User Guide – pg. 20). Save screen shots of the input message and the reconstructed message figure. 
(4) Save a screen shot showing the input and output when the filter cutoff is set too high. Explain what is occurring at this setting.

