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16.1 Outline

These notes cover the following topics:

• Oversampling and A/D Conversion

• Error Considerations

16.2 A/D Conversion

The dynamic range of the digitized signal xd[n] is effectively [0 : 2k
− 1]. How do we go from

a real-valued signal to one of the 2k values?

16.2.1 Flash Conversion

Flash conversion is one way to digitize a signal. This method relies on the primitive element
called a ”comparator.” A comparator takes an input and compares it to a base level. It
outputs a 1 if the input is greater than the base level and a 0 if it the input is greater. By
cascading comparators set to increasing base levels, a string of binary digits is produced that
give an approximate range of the input value.
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16.2.2 Error Considerations

The loss due to finite can be quantified as e[n] = x[n]−xd[n]. Or a better metric is looking at
the average power E[(x − xd)

2]. A natural perspective on average power is that we assume
lots of bits of precision. So when we look at fine grain of signal representation the true
movements of the real-valued signal are coarser. We assume e[n] to be uniformly distributed
in the range of 2−k

→ [−1
2
2−k : 1

2
2−k].

What does bit length do to the e[n]? Adding 1 extra bit of precision results in a drop in
error range by a factor of 2 and the error power drops by a factor of 4. Therefore there is a
decrease in error at the cost of doubling complexity (and number of comparators.)

16.2.3 Addressing the Error Power

By refining the estimate, we can reduce the error. The following schematic is another way
to digitize the signal:

This method is the gold standard for digitization. It keeps whittling down the signal
until you get k bits out. The drawbacks of this method are that it is computationally hard
to realize and each additional comparator adds noise to the estimate.
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A way to reduce error power is to increase the number of samples, which can be done
by oversampling the signal. Then the signal will be averaged (by use of a digital LPF) and
downsampled.

16.3 Frequency Domain Model of e[n]

16.3.1 Approach 1

One question that arises is, ”How do we get the signal to land in the middle of the quan-
tization range so that we can get the correct average?” The answer lies in a practice called
”dithering,” which adds wiggle-room to the references of the comparators and enforces un-
formity.

If the spectrum of the noise is flat over [−π : π] it is said to be ”white.” When we
upsample the signal by an integer factor, M, we shrink the spectrum of the signal by a
factor of 1

M
. The LPF needed has a cutoff of [− π

M
: π

M
]. But the error power is uniformly

distributed over [−π : π], so we reject M−1
M

of the error power, and only 1
M

reamins. So
the upsampling (followed by downsampling) reduces the error power. If we could only steer
most or all of the noise out of the passband of the LPF then the error reduction would be
even better.

16.3.2 Approach 2

”Noise shaping” is the technique that can steer the density of the noise spectrum out of the
passband of the LPF. The goal is to model the system output (Y) as Y = X + E, where X
is the input spectrum and E is the spectrum of the error. By LTI linearity property we can
solve for the response to x[n] and e[n] separately. Setting e[n] = 0 we get that H(z) = 1

1−z−1)
.

And then setting x[n] = 0 leads to an overall system where E
′ = (1− z

−1)E. Consequently,
we get that the equivalent system is:

So e[n] is filtered by 1 − z
−1. This is equivalent to

P (z) = 1 − z
−1
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This is a highpass filter, with magnitude plot below:
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Note that the bulk of the noise could be forced outside the passband of the LPF.
Bits bought by noise shaping:

M Direct Noise-shaping
4 1 2.2
8 1.5 3.7
16 2 5.1
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