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Summary: This paper presents a software based sigma-delta converter. The proposed A/D converter represents a low-
cost and flexible digitalization solution that can be used in a large number of applications. The proposed discrete A/D
converter tasks, that are performed by a microcontroller, include: digital filtering, oversampling, noise shaping and
decimation. A simple implementation of the digital filtering is easily implemented by counting the number of high and low
pulses contained in the feedback bit stream generated by the microcontroller.

The first part of the paper contains an overview of the main characteristics of sigma-delta converters, the second part
includes a brief description of the proposed sigma-delta converter, hardware, software and implementation details, and the
last part will include simulation and experimental results.

Keywords: discrete A/D conversion, sigma-delta converter, digital filtering, oversampling, noise shaping, decimation, auto-

calibration.

1. Introduction

This paper presents a new and simple method that
can be used to perform measurements’ errors
compensation, namely: offset, gain and non-linearity
errors compensation. Autocalibration is performed, in
a digital way using a software based sigma-delta
converter architecture [1] that includes a
microcontroller device and a set of reference signals
with amplitudes equal to 10%, 50% and 90% of the
full-scale range of the A/D converter. The digital
codes associated with each of the input reference
signals are used to set the correction coeffients that
compensate the errors previously referred. Besides
the accuracy improvement that is achieved, self-
testing capabilities of the A/D converter can also be
implemented. This paper is organized as follows:
section 2 includes a review of the main principles that
are associated with the sigma-delta converter; section
3 presents system description; section 4 presents the
software routine that was implemented to compensate
offset, gain and first order non linearity errors; section
5 presents the simulink model that was used to
perform simulation tests and includes some
simulation and experimental results and the last
section, section 6, draws conclusions.

2.  Sigma-Delta  Converters
Principle: an overview

Working

Sigma-delta A/D converters are specially known
by their accuracy, resolution, low conversion

bandwidth and digital implementation. The fast
development of very large scale integration (VLSI)
techniques, verified during last years, enabled an
increasing selection of sigma-delta converters in
different application domains.

For example, in smart sensing measurement
systems [2] besides the advantages previously
referred, it is possible to obtain a flexible A/D
conversion solution [3], since the conversion rate,
resolution and energy consumption can be
dynamically adjusted according to the digitalization
requirements of each measuring channel. These
characteristics are easily implemented in hybrid
sigma-delta converter solutions since the analog part
of the converter enables a simple interface between
conditioning circuits and converter input, and the
software part enables a flexible and dynamic
adjustment of converters’ characteristics, namely, a
variable conversion rate and resolution, and the
implementation of oversampling, noise shaping,
digital filtering and decimation [4], to name a few.

2.1 Oversampling

When the conveter’s input signal is sampled at a
much higher ratio than its bandwidth (Nyquist
frequency), the converter’s errors, namely
quantization error, is spread over a large frequency
range, from DC till one-half the sampling ratio. The
oversampling ratio (OSR) of these converters are
generally defined by,
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OSR= fsn
fuy (1)
where fgg represents the signal’s sampling rate and

fyy represents the input signal Nyquist frequency.

Using the relationship that gives the signal-to-
noise ratio of an ADC (S/N=6.02-n+1.76 dB, where n
represents the converter’s number of bits) it is easy to
conclude that each time the oversampling rate is
increased by a factor of 4 the converter’s ENOB
(effective number of bits) is increased by one.
Usually an external dither component, or more
frequently the noise contained in the input signal
(self-dithering), is used to smooth the noise amplitude
over the oversampling frequency range (0-fsg) and to

avoid limit cycle oscillations [5].

2.2 Noise Shaping

This peculiar characteristic of any sigma-delta
converter, derived from its feedback working
principle, is associated with its capability to remove
the conversion noise from signal bandwidth to higher
frequencies. It is possible to deduce that the ENOB
gain (ENOBy), for a first order sigma-delta converter
is given by [4],

=
ENOBq = 2. log,o| - L—isin[ 2n j
6.02 2'(0SR 2z \OSR @

2.3 Digital Filtering

Digital  filtering  basically removes the
quantization noise from signal’s bandwidth. It can be
implemented using a finite impulse response filter or
more frequently by using a “comb” filter [6] whose
implementation does not require multiplications or
usage of filter coefficients.

2.4 Decimation

Decimation reduces the bit stream rate to a lower
value without loosing information as long as the
Nyquist criterion is verified. In our implementation
the decimation factor (M) is given by the inverse of

the oversampling ratio,
1

M=——
OSR 3)

Figure 1 represents, in a graphical way, the joint
effect of the four digital signal processing techniques
previously referred (oversampling, noise shaping,
digital filtering and decimation).
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Fig. 1. PSD- power spectral density, S- signal PSD, N-
noise PSD, OSR- oversampling factor.

3. System Description

Figure 2 represents the circuit block diagram used
for experimental tests. The analog part of the
modified sigma-delta A/D converter is implemented
by an external integrator (O.A.) and a set of four
passive components. For a fixed reference voltage
(Vref) the ratio between resistors (R2/R1) can be used
to set up the convert’s full scale range. Since the
integrator contains a single capacitor for charging and
discharging phases, the conversion result is not
affected by its accuracy. The analog comparator is
implemented by the internal comparator of the
microcontroller device (PIC10F204) [7] and the
digital filtering and decimation is performed by a
microcontroller’s internal counter that is reset after
each digitalization. The integrator circuit can also be
initialized with the input voltage (Vin) before each
conversion cycle in order to improve A/D conversion
rate.

Vin‘Vrei<0
A/D Converter R.<R;
Output (parallel)
0<‘vin‘<vref

Vin o—

Error

(G

{A) Voy=0.1-F.S.
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Output Bit Stream

(serial)
-

Calibration
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Fig. 2. Electrical circuit used for experimental tests (Vin- input voltage, Vref- reference voltage, pC- microcontroller

PIC10F204, O.B.- output buffer, O.A.- operational amplifier).
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4. Auto-calibration

A continuous auto-calibration procedure [8-11]
can be implemented to compensate offset, gain and
first order non-linearity error in the middle point of
the A/D conversion range. Since it is assumed that the
input voltage range of the voltages to be converted
varies between 10% and 90% of the converter F.S.,
reference voltages of 0.1-F.S. and 0.9-F.S. are used to
compensate offset and gain errors, respectively.
Considering that Ny, N5, and Ny, are the output
codes associated with 0.1‘F.S. , 0.5-F.S. and 0.9°F.S. ,
respectively, the code for a normalized input voltage
x,=Vi/F.S., is given by:

N=Nj+K; (x,-0.1)+K;(x,-0.1)(x,-0.9)  (4)
K.= Ngo-N1¢
being: 1T o8 ®))
K= ﬁ (N10+ N%;Nm 'Nso)

From the previous relationships it is possible to
obtain the input voltage with offset, gain and first
order non-linearity errors' compensation that is
associated with an output A/D converter code equal
to N.

From (4)-(5), it is also possible to confirm that for
negligible values of mid-range non-linearity error K,

coefficient can be assumed almost null, since:
Ngp 0770 ©)

It is also obvious, but important to underline, that
the value of the midrange code (Ns,) can also be used
to implement self-testing capabilities of the A/D
converter.

As an example figure 3 represents the auto-
calibration characteristic that is obtained for a 10 bit
A/D converter (Nmax=1023) when N;y=128, N5,=400
and N90=950.
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Fig. 3. Auto-calibration characteristic for a 10 bit converter
with N10=128, N50=400 and N90=950.
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5. Simulation and experimental results

Simulation tests where performed using the
MATLAB-Simulink [12] program. The simulation
model, represented in figure 4, includes the following
main blocks: an input signal generator configured as a
ramp generator; a stochastic dither generator to
simulate self-dithering; a backlash block with zero-
crossing detection; an amplifier with gain=100; a
discrete time integrator; a relay block configured as a
null comparator; a dicrete FIR filter configured as a
moving average filter with 32 delay elements and a
polynomial evaluation block to compensate offset,
gain and first order non-linear errors. This polynomial
block is configured as a second order polynomial that
implements (4).

Ramp

Stgchastic Dither

Fig. 4. MATLAB-Simulink block diagram used for
simulation purposes.

Figures 5 and 6 represent the experimental results
that were obtained with three different values of
offset and gain errors, respectively. The set-up of the
offset and gain errors were performed by changing
the resistor values of the calibration switch in order to
obtain the V(A) and V(C) voltages associated with
the amplitude of each offset and gain error,

respectively.
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Fig. 5. Experimental results of the normalized transfer
curves of the 10 bit A/D converter simulating offset errors
with the following amplitudes: 0; 0.25-F.S. and 0.5-F.S..
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Fig. 6. Experimental results of the normalized transfer
curves of the 10 bit A/D converter simulating F.S. gain
errors with the following amplitudes: 0; -0.25-F.S. and -

0.5°F.S..

The differences that were obtained between the
normalized input voltages and the associated
normalized output codes, before compensation,
confirm the values of the offset and gain errors that
were introduced with a deviation that is lower than
0.5 %. These deviations are within the deviation of
the 1% accuracy resistors that were used to obtain the
reference voltages in the calibration switch. This
means that the proposed method compensates
successfully the offset and gain errors that were
purposely introduced

6. Conclusions

The present paper explained how microcontrollers

can be used to implement some digital blocks of a
software based sigma-delta A/D converter. The
proposed A/D converter represents a low-cost and
flexible digitalization solution that can be used in a
large number of applications with smart sensing
devices. The main disadvantages of the proposed
converter are related with its maximum conversion
rate, noise sensitivity and limitations caused by using
a microcontroller for acquisition and data processing
tasks. Several simulation and experimental results
validate the theoretical expectation about the working
principle of the proposed A/D converter.
Future work will focus on a complete metrological
characterization of the A/D converter, whose main
characteristics in terms of data conversion rate and
resolution depends on microcontroller capabilities,
and on the accuracy provided by the analog
components, mainly the relative accuracy of the
resistors that are used to generate the reference
voltages used for auto-calibration purposes. Future
implementations based onf Arduino and ESP [13-15],
to take advantage of their increased gains in the
manipulation of the resolution and frequency of
PWM signals, will also be envisaged.
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