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Recently, we have often heard of sigma-delta
(2A) - converters being used in various test and
measurement applications. In fact, in many imc
MelRsysteme systems and devices (imc
CRONOScompact, imc CANSAS, ...) these con-
verters come as standard hardware. How does
such a converter function, why is its im-
portance increasing so rapidly and what are
the benefits for the engineers and technicians?
The purpose of this white paper is to address
and provide answers and explanations to these
questions.

The sigma-delta converter has shown to prevail
in the audio technology applications and is
currently penetrating deeper into the field of
test and measurement. Especially for intelli-
gent measurement systems, this conversion
method is the most favored method. With it,
high resolution and excellent signal-to-noise
ratios (SNR = signal to noise ratio) can be
achieved. The main advantage from the very
beginning with these convertors in measure-
ment devices is the anti-aliasing filter (see
White Paper: "Choosing the correct sampling
rate"). They are particularly simple and inex-
pensive, so that each measurement channel
can be equipped with one. Because of the low
prices of these components, measurement
device architecture that doesn’t come pre-
equipped with an analog multi-plexer is be-
coming more and more rare.

The following figure shows a conversion from a
1-bit 2A-modulator and a digital high-order
filter. The modulator operates at a high, con-
stant switching frequency (oversampling). The
output rate of n bits after the digital filter is
lowered according to the desired measuring
rate (Decimation).
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Figure 1: >A-convertor

The basic principle of the sigma-delta modula-
tor is a loop consisting of integrator and com-
parator downstream. Because the comparator
can only read the logical values of “1” and “0”,
and, consequently, the average difference
between the 1 bit DAC signal and U, and the
input signal Uy must be exactly “0” (or else the
integrator runs away), the mean value of the
DAC signal must equal the input signal. Since
the output signal is digital in nature, a 1 bit
DAC must consequently change this signal back
to an analog signal. The input voltage range for
Uy results from —Uges € Uy € Uger. The mean
value (equivalent to Uy) can be recovered
through the digital low-pass filtering of the
comparator signal.

As will be shown later, up to half of the sam-
pling frequency results in a reduced noise
power. As is additionally shown in the above
figure, the control loop causes a shift of the
noise spectrum at high frequencies (noise-
shaping). This will also be shown in the follow-
ing.

The 1 bit ADC is followed downstream by a
low-pass digital filter. This results, on the one
hand, in the filtering of the noise in the fre-
guency range of interest, and on the other
hand, a reduction of the sampling frequency
can take place (decimation). With these con-
vertors, resolutions between 16 and 24 bits are
possible to achieve.

Quantization noise

First, some concepts should be clarified that
are necessary for the understanding of the
converter. This includes the concept of quanti-
zation noise. The quantization noise Uygise is
understood here as the difference between the
voltage staircase and an ideal straight line. The
higher the resolution of the converter is, the
smaller the steps will be, and consequently, the
guantization noise.



For a sinusoidal input signal with the peak
value Uy it is true for the RMS:

USignaI = up /\/5

This expression, considering that 1LSB =2 U,
/2" is true, can be stated as such:

U, =1LSB2"/4/2

Signal

The RMS value of the quantization noise corre-
sponds to the following diagram:
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Figure 2: RMS value of the quantization noise

In general, it holds true that for the RMS value
of the signal Uygise:
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Thus, the signal-to-noise ratio (SNR) can be
stated as such:
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Expressing this ratio in dB:

SNR =Ug,... /U

Signal

SNR =20log2"y15 =20 (nlog2 +log1,225)

it follows:
SNR,, =6,02n+1,76

According to this equation, the SNR is for a 1-
bit ADC results in only 7.78 dB. But for a 16 bit
ADC, 98 dB must be achieved. This can be
achieved with oversampling and noise shaping.
It should be noted that the SNRy; of the noise
to the sampling frequency f+:

SNR,; =SNR|,

Oversampling

According to the sampling theorem, it must be
that in the measurement signal Uy may contain
only relevant frequency components to f; /2. If
the highest relevant frequency of Uy is charac-
terized as f,,, then the minimum holds true:

f, = of

m

If the measurement signal Uy is oversampled
(over-sampling) by a factor k (usually 32, 64),
so that the measurement noise is distributed
over a wide frequency range, it then results in
a k-times oversampling:

f. =k-2f
From the RMS noise voltage:
Upee =1LSB/412

results in the noise power:

P.

Noise

~(1LSBY /12

Since the noise extends over the frequency
range from —f;/2 to f;/2, the result for the noise
power density is then:
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Figure 3: Noise power density from oversampling

If the sampling frequency f; increases by a
factor of k, then the noise power density must
decrease by the same noise power by a factor
of k.
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Figure 4: Reduced noise power density by a factor of
k

This is the noise voltage in the frequency range

of interest from 0 to +f/2 with the sampling
frequency f;:
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Noise

and with the sampling frequency k f;:
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This means that through an oversampling of k
times, the noise voltage is thus reduced by a
factor of k times.

The signal-to-noise ratio results in taking into
account the oversampling of k times.

Noise
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This means that for a 1-bit converter with 64-
times oversampling , an SNR is obtained of only
7,78dB + 18,06dB = 25,84dB. What is still
completely inadequate is that for a 16-bit
system at least 98dB must be achieved. Each
doubling of the sampling frequency only results
in an increase in the SNR by 3 dB.

A huge advantage of oversampling, however, is
the fact that the anti-aliasing filter can easily be
omitted (1st or 2nd order). This is because the
sampling rate of the ADCs is very high and thus,
no great challenges are placed on the steep-
ness of the filter to avoid aliasing effects.
Moreover, the oversampling frequency kf; is
kept constant, whereby the anti-aliasing filter
does not have to be switchable. This repre-
sents a considerable cost reduction compared
with conventional AD converters.
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Figure 5: Avoidance of aliasing effects due to over-
sampling

Noise shaping

As will be shown in the following figure, the 1
bit modulator with the sampling frequency
synchronized with the working comparator can
be considered as a noise source Uygise With the
1 bit noise. The downstream comparator of the
1-bit ADC just switches between the thresholds
Uger and -Uges and can therefore only be re-
garded as a level adjustment of the comparator
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output signal. Thus, the modulator can be
described by the following block diagram in
which the noise spectrum can be moved.
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Figure 6: Block diagram of a modulator

The output signal U, is given with the equa-
tion:

u

Aus

= UNoise +-i(Ux - UAus)
Jo

In accordance with U,,, the results can be
separated into:

U.. U
Uiw= =2+
141 1+io
]{;_.‘ Toatnmmy

As can be seen from this equation, one obtains
a low-pass filtered measured voltage Uy and a
high-pass noise voltage Uygise. As the following
figure shows, only a small part of the noise will
remain in the frequency range of interest due
to the high pass.

Figure 7: Noise after noise shaping

From these results, very high SNR values arise,
so that one can achieve after the digital filter
from bit numbers n between 16 to 24. In
practice, sigma-delta modulators of higher
order are used, so that the corresponding high-
pass is also higher order and the noise is fur-
ther reduced up to half of the sampling fre-
quency.

After all the advantages that this conversion
technology can have, of course you may won-
der where the weaknesses of this AD converter
are. A disadvantage may be that it takes a
relatively long time (about 100 ... 200ps) until a
value at the output of the converter (digital
filter) is available. If you have multiple meas-
urement channels that are delayed in the same
way, for measurement purposes this doesn’t
necessarily represent a disadvantage, since all
channels are delayed in this manner. If one
wants to look at all the open- and closed-loop
control tasks as a whole, then this delay is
considered very fast for certain applications.
Overall, however, the benefits of the converter
with high resolution at relatively high sampling
rates and the very simple anti-aliasing filter
outweigh the disadvantages by far.



Additional information:

imc Test & Measurement GmbH
Voltastr. 5
13355 Berlin, Germany

Telephone: +49 (0)30-46 7090-0
Fax: +49 (0)30-46 31576
E-mail: hotline@imc-tm.de
Internet: http://www.imc-tm.com

imc Test & Measurement GmbH is a manufacturer
and solution provider of productive test and meas-
urement systems. imc implements metrological
solutions for research, development, service and
production. imc has particular expertise in the
design and production of turnkey electric motor
test benches. Precisely outfitted sensor and telem-
etry systems complement our customer applica-
tions.

Our customers from the fields of automotive engi-
neering, mechanical engineering, railway, aero-
space and energy use imc measurement devices,
software solutions and test stands to validate pro-
totypes, optimize products, monitor processes and
gain insights from measurement data. As a solution
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provider, imc offers their customers an attractive
and comprehensive range of services. These in-
clude project consulting, contracted measure-
ments, data evaluation, specialist deployment,
customer-specific software development and sys-
tem integration. imc consistently pursues its claim
of providing services for “productive testing”.

If you would like to find out more specific infor-
mation about imc products or services in your
particular location, or if you are interested in be-
coming an imc distributor yourself, please go to
our website where you will find both a world-wide
distributor list and more details about becoming an
imc distributor yourself:

http://www.imc-tm.com/our-partners/
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