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Digital assistance is used to expand the performance envelope of analog circuits by taking advantage of the fast
growing performance of digital circuits resulting from the
technology scaling [1]. Among the existing digital assistance
techniques, a promising approach is to adapt the circuit
operation dynamically according to the characteristics of its
input signal, for example, in order to reduce the overall energy
consumption. Several applications using this approach can be
found in the design of ADCs for high-efﬁciency, low-power
applications [2]–[5]. Typically, this approach is carried out
by using application-dependent signal characteristics, such
as periodical changes in the input signal rate or the input
signal expected shape. For this reason, these techniques lack
generality and can only be used in speciﬁc applications. In
this work, a digital assistance technique for energy reduction
in general-purpose ADCs is presented.
When specifying an ADC for a custom IC, the maximum
rate of change of the ADC input signal can be determined from
the slew rate or the frequency bandwidth of the stage preceding
the ADC, typically a signal-conditioning stage. Using this
parameter and the ADC sampling frequency, an expression for
the maximum variation between samples of the ADC output
can be computed. If the maximum possible change of the input
signal between samples is limited, some of the most signiﬁcant
bits (MSBs) of the ADC output will remain constant between
two consecutive samples, and for the next conversion, a part
of the resulting bits are known already. Skipping the MSBs
that remain constant, the ADC only needs to compute the bits
that are subject to change, thus reducing the mean energy
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II. M AXIMUM VARIATION OF THE ADC OUTPUT
The maximum variation between consecutive samples of the
ADC input voltage, Δvin,max , can be calculated considering
that vin is maintained at its maximum possible rate of change
for a complete sampling period, as illustrated in Fig. 1.
Mathematically, Δvin,max can be written as


 dvin 
1
(t)
·
(1)
Δvin,max = 
dt
f
s
max
where |dvin /dt (t)|max is the maximum rate of change of
vin and fs is the ADC sampling frequency. The maximum
variation of the ADC output between consecutive samples,
N , can be written as a function of Δvin,max as follows


Δvin,max
N=
(2)
LSB
where LSB = FSR/2B is the code length, FSR is the ADC
full scale range, B is the ADC stated resolution in bits, and
· is the ceiling function.
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I. I NTRODUCTION

consumption per conversion. For instance, in ﬂash ADCs,
for each MSB that remains constant this technique allows to
turn off half the comparators, whereas in bit-at-a-time ADCs,
this technique allows a higher sampling rate when operating
asynchronously, resulting in an energy saving proportional to
the mean number of bits that remain constant between two
conversions.
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Illustration of the maximum voltage variation at the ADC input.

For illustration purposes, let us suppose that the bandwidth
of vin is limited by a brick-wall ﬁlter with a cut-off frequency
of f = BW . Considering this, for the worst-case scenario, the
maximum rate of change of vin is given by the maximum slope
of a sine wave of frequency BW and peak amplitude FSR/2.
Therefore, (2) can be written as a function of the ADC input
voltage bandwidth as

N=

π · BW · FSR 1
·
LSB
fs




=

2B−1 · π
OSR


(3)

where OSR = fs / (2 · BW ) is the oversampling ratio. In a
practical design, N must be calculated considering the actual
frequency response of the stage preceding the ADC.
III. A LGORITHM
Considering that the maximum variation of the ADC output
between two consecutive samples is ±N , the proposed algorithm works as follows: once the current digital output L is
obtained, a possible input range of ±N around L is compared.
The results given by min(L + N, 2B − 1) and max(L − N, 0)
are bitwise compared to L in order to determine Bc , which
is the number of MSBs that will remain constant in the next
conversion. Fig. 2 shows a pseudo code implementation for
the proposed algorithm, which has been formulated to be
written in a hardware description language to synthesize a
combinational digital circuit.
a = max ( L − N, 0 ) ⊕ L
b = min ( L + N, 2 ˆB − 1 ) ⊕ L
c = a ⊕ b
Bc = clz ( c )
Fig. 2. Pseudo code for the proposed algorithm. The operand ⊕ is the bitwise
exclusive OR operator and clz is the count leading zeroes function.

Using this algorithm, the operation of an ADC can be
dynamically adapted considering that the Bc MSBs of the
following conversion are already known, so there is no need
to compute them again and the mean energy consumption per
conversion can be reduced.
In order to compute the mean number of bits that remain
constant between two consecutive conversions, Bc , an expression for the number of codes whose i MSBs remain constant
after a variation of ±N LSBs, Ci , should be computed ﬁrst
as follows

where x = log2 (N + 1). Assuming an uniformly distributed
input, Bc can be calculated as
Bc =

1
2B

B−x

i · Ci .

(5)

i=1

Replacing (4) in (5), it can be seen that Bc only depends on
the OSR, and not on the stated resolution of the ADC.
A variation of the proposed algorithm can be formulated for
asynchronous bit-at-a-time ADCs. In these ADCs, the conversion time depends on Bc . Therefore, N is not constant and
can be recalculated at the end of each conversion. Assuming
that the reset of the ADC takes one clock period, at the i-th
conversion, Ni can be computed dynamically as
 B−1

· π B − Bc,i−1 + 1
2
·
.
(6)
Ni =
OSR
B+1
It can be seen that under this variation, the number of bits
that remain constant between two consecutive conversions depends on the signal shape and not on the signal statistics, thus,
Bc cannot be calculated reliably for asynchronous operation.
IV. BEHAVIORAL SIMULATION RESULTS
The proposed algorithm and its variation with dynamic
calculation of N for asynchronous operation were simulated
for a 10-bit ADC. Both algorithms were tested using an
input ramp spanning the full scale range, and using an input
sine wave with a peak amplitude of FSR/2 and frequency
f = BW .
Table I shows Bc for different values of OSR. As mentioned
earlier, Bc does not depend on B, so the results shown in
Table I are also valid for a generic B-bit converter. Using
these results and considering the ADC architecture, the mean
saved energy consumption per conversion can be estimated.
For instance, in a Flash ADC each bit that remains constant
between two consecutive conversions allows to turn off 50 %
of the comparators, thus, a mean energy reduction of 18.37 %
can be reached for OSR = 4, whereas a mean energy
reduction of 45.32 % can be reached for OSR = 81 .
OSR
Bc from (5)
FSR ramp, static N
FSR ramp, dynamic N
FSR sin(2 · π · BW )/2, static N
FSR sin(2 · π · BW )/2, dynamic N

2

4

8

16

0.00
0.00
0.00
0.00
0.00

0.29
0.21
0.27
0.25
0.47

0.87
0.71
0.84
1.13
1.11

1.56
1.27
1.49
1.63
1.86

TABLE I
S IMULATED Bc

AS A FUNCTION OF

OSR.

Ci =
⎧ x
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i = B−x
As previously mentioned, the computation of N was
⎪
⎪
⎪
⎪
B−x
based
on the worst-case scenario, which considers that the
⎨ B−i
2(2
−N ) + (2i − 2)(2B−i−2N ) − Cj i = 2 . . . B−x−1 maximum rate of change of the input signal v is given
in
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· sin (2 · π · BW · t). Nontheless, this upper
by max  dt
⎪ B
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(4)

1 This

values were computed by using Bc from (5).

limit is too high considering a more general input signal with
a wider frequency spectrum as the following
M

Ai · sin (2 · π · fi · t + φi )

vi (t) =

(7)

i=1

where fi are the frequencies of the M tones that comprise
vi (t), Ai = 0 are their amplitudes and φi are their phases.
Additionally, max {vi (t)} − min {vi (t)} = FSR, and fi <
fi+1 , ∀i, thus the bandwidth of vi (t) is given by fM . For
instance, let us consider a signal v1 (t) with the following
characteristics:
• M = 3,
• [A1 , A2 , A3 , ] = [0.2217, 0.2056, 0.0936],
• [f1 , f2 , f3 , ] = [6k, 8k, 13k], and
π π π
• [φ1 , φ2 , φ3 ] = 3 , 4 , 7 ,
thus max {v1 (t)} − min {v1 (t)} = 1 and the bandwidth is given by 13 kHz. For this signal, the computed maximum rate of change is given by Δv1 ,max =
previously used is given
23667/fs V, whereas the upper limit

d 1
 = 40841/fs V. Table II
·
sin
(2
·
π
·
f
·
t)
by max  dt
3
2
shows the simulated results obtained for the computation of
Δv1 ,max
and N from (3).
Bc (OSR) for v1 (t) using N1 =
LSB
OSR
v1 (t),
v1 (t),
v1 (t),
v1 (t),

static N
dynamic N
static Nreal
dynamic Nreal

2
0.00
0.00
0.06
0.06

4
0.08
0.08
0.39
0.45

8
0.46
0.55
0.82
0.97

16
0.97
1.15
1.47
1.89

TABLE II
S IMULATED Bc

AS A FUNCTION OF

OSR FOR v1 (t) USING Nreal
(3).
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As expected, when considering more complex signal spectra
and the actual maximum rate of change is used for the
computation of N instead of (3), the number of saved bits
increases considerably. According to Table II, when using N1 ,
the value of Bc almost doubles that obtained by using N
from (3).
Generally speaking, the variation of Bc when considering
actual signals may increase or decrease depending on the
shape of the analog input signal to be converted. Speciﬁcally,
signals that do not reach the limits of the FSR too often
and remain near FSR/2 produce lower values of Bc than
signals that remain near the limits of the FSR. Moreover, if
N is unrealistically small, the ADC may deliver a sequence
of wrong outputs. In this case, depending on the shape of the
input signal, the ADC may not be able to lock back onto it.
V. C ONCLUSION
A technique to reduce the mean number of bits processed
per conversion is presented. The technique is based on estimating a range for the next ADC output and adapt the operation of
the circuit accordingly. The implementation of the technique
is based on an algorithm that can be synthesized in a simple combinational digital circuit. Additionally, the algorithm

allows an speed improvement in asynchronous bit-at-a-time
ADCs.
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