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Binary Pulse Amplitude Modulation and 
Pulse Code Modulation

Introduction:
In this lab we will explore some of the elementary characteristics of binary pulse amplitude modulation signals and pulse code modulation.

References:
Sections 6.6, 7.2, 8.1-8.3 in Communication Systems Engineering, (2nd ed.)  by  J. G, Proakis and M. Saleh.
Preparation:
1.
Sketch the eye diagram of the output of an RC low-pass filter for an  input which is a nonreturn-to-zero (NRZ) binary PAM signal with levels A and –A.  Show that if T0 is the symbol period, the eye opening is given by



2A { 1 – 2 exp(–T0/RC)}


and the eye width is given by



T0 + RC ln ( 1 – exp[–T0/RC]),


provided the signalling period is greater than 1/(RC ln 2).  Find the relationship between the maximum sig​nalling rate (so that the eye is open) and the filter's 3 dB frequency.

2.
A student decides that he would like to generate experimentally the eye diagram corresponding to an NRZ binary PAM signal applied to a good lowpass filter.  To simulate an NRZ signal, the student decides to use a 50% duty cycle square wave.  He applies this signal to his filter and observes the output on an oscilloscope.  Rather than an eye diagram, he finds the response is just a sine wave.  Why does this attempt to generate an eye diagram fail?

3.
If a sinusoid of amplitude A, frequency 

and phase  is sampled at greater than the Nyquist rate using an infinite bit linear A/D converter (assume such a thing exists) and these samples are passed to a D/A con​verter, what is the spectrum of the D/A converter's output?  Sketch it.  What is the power spectrum of the D/A con​verter output.?  Sketch it.  If the sampler had only finite precision so that quantization noise was present, how would the power spectrum of the D/A converter output change? (Only a qualitative answer is required for this last question.)


Hint: Observe that if T is the sampling interval, the D/A converter output can be expressed as


,
where 

 is a rectangular pulse of duration T and height 1.

4.
If a signal has significant  frequency components only at 6 kHz, and the signal is sampled at 20 kHz, what frequency components would be expected to be observed in the signal reconstructed from the samples using a sample and hold system, and what would the relative power be of the most significant of these frequencies?

5.
If a sinusoidal signal of amplitude 1 V is sampled by an n bit PCM encoder and the samples are transmitted to a PCM decoder, determine the signal to quantization noise power ratio in the recovered signal for n=4, 5, 6, 7 and 8 assuming the analysis in Section 6.7 in the text is valid for this situation

Equipment:
1 -
dual channel oscilloscope

1 -
frequency counter (Leader LDC-823S)

1 -
Krohn-Hite 3202B variable filter unit

1 - 
Rockland 2763 filter unit (this may have to be shared with another group)

2 -
function generators (Leader LFG-1310)

1 -
HP 1645A Data Error Analyzer (or an HP 3760A Data Generator and an HP 3761A Data Error Analyzer)

1 -
true RMS voltmeter

1 -
Wavetek 185 phaselock generator (or two Wavetek 29 DDS Function Generators)

1 -
LabVolt 9401 power supply and dual audio amplifier.

1 -
LabVolt 9444 PCM Encoder unit

1 -
LabVolt 9445 PCM Decoder unit

1 -
adder unit

1 -
bit interruption cable

Procedure:
Part I: Eye Diagrams
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1.
Connect the HP 1645A Data Error Analyzer (or an HP 3760A Data Generator) as a pseudo-random binary sequence generator to produce a binary NRZ (non-return to zero) signal at approximately 10 kbits/s (use the longest sequence length, and set the clock rate to external so that the function generator determines the bit rate as measured by the fre​quency counter) in the above set-up without the filter and the noise source set to zero.  Observe the eye diagram on the oscilloscope [the oscilloscope should be externally triggered].  Change the trigger source from the external source to internal trigger​ing and observe the oscilloscope display.  Compare internal and external triggering.

2.
Construct an RC-low-pass filter where R = 2 k and C = 10 nF and use it to filter the adder output with the noise source eliminated.  Vary the data rate and observe the eye diagram at dif​ferent rates.  Measure eye openings and eye widths and com​pare with the preparation results.  Determine the rate at which the eye closes.  What happens to the oscilloscope display when internal triggering is used (vary the trigger level).  

3.
Replace the RC - low-pass filter with a Krohn-Hite filter set to be a 10 kHz filter.  Determine the eye pat​terns in this case and the data rate at which the eye closes for both RC and max. flat modes.  Which of these two filters causes less distortion to the data signals.

4.
Repeat step three using the Rockland 2763 filter (low pass channel) at 10 kHz.  Does this filter produce a better result?

Part II: PCM and SQNR
In this section we shall observe some basic attributes of Pulse Code Modulations and shall endeavour to measure the quantization noise in a PCM system whose input is a simple sinusoid.  For this, we shall employ a LabVolt PCM encoder, which has the ability to sample any signal provided at its input at rates determined by an external clock (up to a maximum frequency of 40 kHz) and represent the samples as an octet (i.e., 8 bits/sample).  In quantizing the signal samples, it can employ regular linear PCM (Direct PCM), or A-law or µ-law companding.  The encoder is set to handle inputs only from approximately -1V to +1V and so no signal should exceed these limits.  The encoder can present the samples in a serial form at the output, or in a byte form, either of which may be sent to the decoder from which to recover the analogue signal.  If the byte format is employed, we can obtain the effect of using fewer than 8 bits/sample by passing on to the decoder only the n most significant bits and setting the inputs for the others to zero.  This is the function of the switches on the "interrupter cable":  they either pass the bit from the encoder to the decoder or ground that line.  To obtain the action of a n bit quantizer, we can simply use the interrupter cable to pass the n most significant bits from the encoder to the decoder, leaving the least significant 8–n bits to be interpreted as being zero.  (This has the side effect of perhaps introducing a DC shift into the output of the PCM decoder, which is unimportant when the signals are AC coupled.)

A.
Basics
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1.
Set up the system shown above, leaving out the Krohn-Hite filter, with the input to the encoder set to a 500 Hz, 2.0V p-p sinusoidal signal;  the clock input to the encoder should be a TTL pulse train at a rate of 40 kHz.  The PCM encoder should be operating in "DIR" mode with the PCM decoder in OFFSET mode.  The interrupter cable should be set to pass all bits from the encoder to the decoder.  Adjust the gain on the PCM decoder so that the output is a 2 V p-p signal.  Observe the different levels for the PCM decoder output.  Vary the level of the PCM encoder input and observe the PCM decoder's output, noting at what input level the system seems to be “clipping” signals sent through the system.  Observe the PCM decoder output when only the most significant 7, 6, 5, 4, 3, 2, and 1 bits are passed to the decoder.  Observe the decoder output both for a AC and DC coupled input to the oscilloscope and measure the DC content in the PCM decoder output from the level shift (taking note of the step size in the encoder output as well).

2.
Change the input to be a 1.5 V p-p sinusoid at 6 kHz, and the clock input to a frequency of 20 kHz. Carefully observe the power spectrum of the input and output signals, noting any harmonics of the fundamental frequency present in the input due to distortion in the sinusoidal output of the function generator.  Do you observe the presence of aliasing in the PCM decoder output?  Filter the input signal using the Khrone-Hite filter (you may substitute a Rockland filter for even better performance) set to be a 10 kHz lowpass filter to remove any aliasing possibilities.  Do you notice any distortion in the output apart from quantization noise (distortion would manifest itself as frequency components  in the output which are at multiples of 6 kHz which are not aliased versions of the input. calculated in the preparation)?  Do you see any quantization noise (manifest by signal present at frequencies other than due to harmonics or distortion)?  

B.
SQNR measurement

To measure the SQNR, we would like to apply a pure sinusoid to the PCM encoder and decoder system, and then add a sinusoid to the out of the encoder (after the encoder output has passed through a reconstruction filter consisting here of a low pass filter with a bandwidth of half the sampling rate) with the correct amplitude and phase to cancel the sinusoid present in the filtered encoder output leaving just the quantization noise (and any distortion that the encoder nonlinearity may introduce, but hopefully that will be sufficiently small to be negligible).  To generate the input sinusoid, we shall use the function generator sinusoidal input filtered to suppress the harmonics present in its output, and use a filtered sinusoidal output from the Wavetek phase-lock generator locked to the first sinusoid's frequency to generate the sinusoid of required amplitude and phase to cancel the one present in the encoder output.  Alternatively, two Wavetek Model 29 DDS Function generators can be connected together an operated in a synchronized fashion to generate the sinusoid input to the PCM encoder and the amplitude and phase changed version of this sinusoid to cancel the one present in the PCM decoder's output.  The entire system we need to make this measurement is that shown below:
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1.
Set up the system shown above with the input to the encoder set to a 500 Hz, 1.0V p-p sinusoidal signal,  the PCM encoder clock input set to a rate of 20 kHz, the Krohn-Hite filters set to be low pass filters with cutoff at 450 Hz, the Rockland filter set to be a 10 kHz low pass filter with input range of 3.16 V, and the Wavetek set to produce a sinusoidal input locked to the 500 Hz input.  The PCM encoder should be operating in "DIR" mode with the PCM decoder in OFFSET mode.  The interrupter cable should be set to pass all bits from the encoder to the decoder.  Set the gain on the PCM decoder to maximum, and adjust the phase-lock generator to produce at its filter output a sinusoid with the same amplitude as that coming from the PCM decoder but 180 degrees out of phase as observed on an oscilloscope.  Observe the output of the adder on the oscilloscope and AC coupled true rms voltmeter, and very carefully adjust the Wavetek generator's output phase and amplitude to best cancel the sinusoid (the power at the adder output will generally be the sum of three separate components: the power in quantization noise plus the power in the uncancelled signal at 500 Hz plus the power in any distortion that is also uncancelled; we get a minimal power output when the sinusoidal signal is best cancelled).  This adjustment is very sensitive so be careful.  Note the power measured at the adder's output [the minimum] and the voltage level of the  signal from the Wavetek at the adder's input.  With the decoder's output then disconnected from the input to the reconstruction filter measure the output power of the sinusoid that was present in the filtered encoder's output.  Compute the apparent SQNR in dB (assuming the minimum power measurement represented the quantization noise power).

2.
Repeat the above procedure with the interrupter cable set in turn to pass only the most significant 7 bits.  Repeat this again for fewer and fewer bits.  Plot the apparent SQNR (in dB) vs. the number of bits.  Is it in accord with the approximate theory from class where quantization noise should rise and SQNR drop by a factor of 4 (i.e., 6 dB) for each bit dropped?
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