r—— AN4990
” augmented Application note

Getting started with sigma-delta digital interface
on applicable STM32 microcontrollers

Introduction

The DFSDM (digital filter for sigma-delta modulators) is an innovative embedded peripheral
available in a selection of STM32 microcontrollers (see Table 1: Applicable products), and is
of particular interest for applications that process external analog signals.

Although the DFSDM is a pure digital peripheral, it is designed to support a wide range of
external analog front ends. By keeping the analog front-end part (sigma-delta modulator)
outside of the microcontroller, the user has total flexibility to select the analog properties
according to the application requirements (analog range, noise, sampling speed).

The raw converted digital data from the sigma-delta modulator is then processed by the
DFSDM peripheral (digital filtering). The DFSDM configuration is flexible enough to support
a wide range of converted data properties: output data width, output data rate, output
frequency range.

From an application point of view, the DFSDM with its external analog front-end behaves
like an ADC converter. Additional functions typical of an ADC are also available within the
DFSDM such as analog watchdog, extremes detector and offset correction.

Reference:

[TUTORIAL] Inthis document, [TUTORIAL] refers to a DFSDM simulator available in the
form of a Microsoft® Excel® workbook, that can be downloaded from
www.st.com, using home page search engine with keyword
“DFSDM_tutorial”.

Table 1. Applicable products

Applicable

perimeter Series, lines, references

Type

Complete Series | STM32L4 Series, STM32L4+ Series, STM32H7 Series
Complete Line STM32F412 line, STM32F413/423 line

STM32F765BG, STM32F765BI, STM32F765IG, STM32F 7651,
STM32F765NG, STM32F765NI, STM32F765VG,
STM32F765VI, STM32F765ZG, STM32F765ZI,
STM32F767BG, STM32F767BI, STM32F767IG, STM32F767Il,
Microcontrollers | STM32F76xxx | STM32F767NG, STM32F767NI, STM32F767VG,
STM32F767VI, STM32F767ZG, STM32F767ZI, STM32F768Al,
STM32F769AG, STM32F769Al, STM32F769BG,
STM32F769BI, STM32F769IG, STM32F769Il, STM32F769NG,
STM32F769NI, STM32F769SL

STM32F777BI, STM32F77711, STM32F777NI, STM32F777VI,
STM32F77xxx | STM32F777Z1, STM32F778Al, STM32F779Al, STM32F7798BI,
STM32F779l1l, STM32F779NI

March 2018 AN4990 Rev 1 1/56

www.st.com



http://www.st.com

Contents AN4990

Contents
1 Overview of A/D conversion principle using DFSDM .............. 6
1.1 Fundamental concept of A/D conversion using DFSDM . ............. 6
1.2 Sigma-delta modulator . ........... ... 6
1.3 Digital filter . .. ... . 8
2 Sigma-delta modulation principle (external analog
front-end functioning, simulations) ....................... ... ... 9
2.1 Principle of sigma-delta modulation .............................. 9
2.2  Advantages of sigma-delta modulation .................... ... .... 11
221 Noise shaping ... ... 11
222 Linearity of A/D conversion .. ....... ... ..., 12
223 Scalable ADCresolution . ......... ... .. ... 12
2.3 Disadvantages of sigma-delta modulation ........................ 13
2.3.1 Offsetand gainerror ....... ... ... .. . . 13
2.3.2 Lowerdatarate ...... ... . ... . . ... 13
2.4 Simulation of sigma-delta modulation ........................... 14
241 Simulation with [TUTORIAL] . ... ... e 14
3 Digital filtering - principle and design .. ........................ 15
3.1 Functiondescription . .......... . ... . . . . . . 15
3.2 Example of Sinc filter function - resolution increase . . . .............. 15
3.3 Hardware design of Sincfilter ......... ... ... ... ... ... ... .. ... 17
4 DFSDM peripheral operation ................ ... .. .. iiiiinnn. 22
4.1 Block diagram . . ... .. .. . e 22
4.2 DFSDM components . ......... ... 22
421 Serial transceivers . . ... ... 22
422 Parallel transceivers ... ...... ... . e 23
423 Digital filter . .. ... ... 23
424 Integrator .. ... ... . . .. 23
425 Outputdataunit ........ ... . ... . 23
4.2.6 Analogwatchdog . ... ... e 24
427 Short circuitdetector .. ... ... ... .. 24

2/56 AN4990 Rev 1 ‘Yl




AN4990 Contents
428 Extremes detector ......... .. . . . . 25

4.3 DFSDM simulation . . ... ... . 25

4.3.1 Sigma-delta modulator principle .. ........... ... L. 25

432 DFSDM filtering simulation (filter and integrator) . . ................ 26

4.3.3 Frequency characteristics for Sincfilter .. ....................... 27

4.3.4 Noise shaping of sigma-delta modulation ....................... 28

4.3.5 High order filters operation .. ...... .. ... .. ... ... .. . .. ... . ... 31

4.3.6 Delta-sigma DAC simulation . ............ ... ... ... .. .. ...... 33

4.3.7 High pass filter simulation ....... ... . ... . ... . ... . L. 34

4.4  Additional functionsinDFSDM . . . ... ... ... 35

441 Digital microphones (MEMS) support ......... ... ... . .......... 35

4.4.2 Beamforming support . .......... . ... 37

443 Audio clock support — independent clock operation ............... 39

4.5 DFSDM power consumption optimization ........................ 40

451 Power optimizationin Sleepmode ............. ... ... ... ..... 40

5 DFSDM peripheral configurationtutorial ....................... 42
5.1 Configuration introduction .................. ... ... ... .. ... .... 42

5.2 Clocks configuration . .. ... . .. . 42

5.3 TranSCeIVEIS . . . . o e 43

5.3.1 Serial transceivers configuration . ......... ... .. ... ... ... 43

5.3.2 Parallel transceivers .. ... ... . . .. . . 46

54 Fiter . 47

5.4.1 Sincfilter ... 47

54.2 Integrator . . ... ... 49

5.5 Analogwatchdog .. ... ... .. .. 50

5.6 Short circuitdetector . ........ .. ... 50

5.7 Pulse skipper . ........ .. 51

5.8 Configuration using [TUTORIAL] . ... ... e 52

6 Conclusion . ... .. i e 54
7 Revision history ........... ... i i eans 55
‘W AN4990 Rev 1 3/56




AN4990

Table 1.
Table 2.
Table 3.
Table 4.

4/56

Applicable products

....................................................... 1
DFSDM application examples . . ........... . 44
DFSDM analog watchdog parameters . .. ... ... ... 50
Document revision history . .. ... .. .. e 55

AN4990 Rev 1

3




AN4990

List of figures

List of figures

Figure 1.
Figure 2.
Figure 3.
Figure 4.
Figure 5.
Figure 6.
Figure 7.
Figure 8.
Figure 9.

Figure 10.
Figure 11.
Figure 12.
Figure 13.
Figure 14.
Figure 15.
Figure 16.
Figure 17.
Figure 18.
Figure 19.
Figure 20.

Figure 21.
Figure 22.

Figure 23.
Figure 24.
Figure 25.
Figure 26.
Figure 27.
Figure 28.
Figure 29.
Figure 30.
Figure 31.
Figure 32.
Figure 33.

3

A/D conversion block diagram usingthe DFSDM. . . .. ... ... ... .. .. . ... 6
PWM modulation example . . . ... e 7
Sigma-delta modulation example . . . .. ... .. 8
Sigma-delta modulation principle . .. ... ... .. . 9
Sigma-delta modulator voltages timing diagram. . . ........... .. ... ... .. ... ..., 10
Spectrum of PWM and sigma-delta modulation . . ............................... 12
Simulation of sigma-delta modulator . ............... ... .. . . . . . 14
Example of 3rd order filter outputs with one bit perfilterlength . ... ................. 16
Example of 3rd order filter outputs with higher density of input pulses. . .............. 17
Basic schematic for simple moving average implementation. . ..................... 18
Simplification of Sinc filter design-step 1 .. ... ... .. . . . . .. 18
Simplification of Sinc filter design-step 2 . ....... ... ... . . . . ... 19
Simplification of Sinc filter design-step 3 .. ... ... ... . . . ... 20
Simplification of Sinc filter design-step 4 . ... ... ... . . . ... 20
Higher order Sinc filter implementation. . . ........... .. ... ... .. . . . . . ... ... 21
Block diagram of DFSDM peripheral .. ......... ... ... . . . . . 22
Sigma-delta modulator simulation .. ........ ... . ... . . 26
Filtering simulation . . ... ... . . 27
Filter frequency characteristics. . . . ... ... ... . . . . . 28
Sigma-delta and PWM modulated signals (for frequency spectrum
COMPANISON) &+ ottt ittt e e et e e e e e e e e e 29
Spectrum of sigma-delta signaland PWM signal . . ............... ... ... ......... 30
Spectrum of sigma-delta signal and PWM signal
with signal amplitude reduced to 10% of fullscale . . .............. ... .. ... ...... 31
High order filters - multiple averaging principle. . .. ............. ... .. ... .. ....... 32
First order delta-sigma DAC principle. . . ... ... . . e 33
Delta-sigma DAC simulation. . . .......... . . . . . 34
HP filter simulation . . .. ... .. . e 35
MEMS microphone outputs (Land Rchannel). ................ ... .. .. .......... 36
MEMS microphone connection to DFSDM (stereo support). . ...................... 36
Beamforming prinCiple . ... ... . . 37
Pulse skipping implementation for beamforming ... ............ ... ... ... ... .... 38
Pulse skipping example (FOSR=8). . . ... .. ... .. . e 39
Sinc filter frequency characteristicshape . . . .......... ... ... . . ... 48
DFSDM configuration in [TUTORIAL]. . . . .. .. i 53
AN4990 Rev 1 5/56




Overview of A/D conversion principle using DFSDM AN4990

1.1

1.2

6/56

Overview of A/D conversion principle using DFSDM

This document supports Arm®@)-pased devices.

arm

Fundamental concept of A/D conversion using DFSDM

The basic block diagram of analog-to-digital conversion using DFSDM is provided in
Figure 1.

Figure 1. A/D conversion block diagram using the DFSDM

Sigma-Delta modulator STM32 microcontroller
(ZA) .
Serial line
Analog - ————DATA
input Analog Digitizer CLK DFSDM
1-bit data
stream MSv43870V1

The external analog signal is processed by an external sigma-delta modulator which
converts the analog signal into a digital 1-bit stream (DATA and CLK signals). The 1-bit
stream is a fast serial line stream of logical ones and zeros: the DATA signal is sampled by
CLK (clock signal). The average value of these logical ones and zeros, computed during a
long enough time duration, represents the analog input value. The duration of the averaging
period determine the precision of the analog input signal capture.

The averaging of the 1-bit stream is performed by the STM32 microcontroller DFSDM
peripheral (DFSDM = digital filter for sigma-delta modulators). The DFSDM acquires and
processes the 1-bit data stream (digital filtering, averaging). The DFSDM outputs data
samples at a slower data rate than the input 1-bit stream but with a higher resolution. The
DFSDM digital filter settings define the output resolution and data rate.

Sigma-delta modulator

The DFSDM peripheral requires an external analog front-end that performs the A/D
conversion of the analog source. This external analog to digital conversion is performed in a
sigma-delta modulator.

A sigma-delta modulator consists in a 1-bit®) A/D converter which digitizes the input analog
data into a serial digital data stream. The analog input is sampled and converted into a 1-bit
digital data stream with alternating zeros and ones. The mean value of the digital stream

a. Armis a registered trademark of Arm Limited (or its subsidiaries) in the US and/or elsewhere.

b. Ingeneral the output of a sigma-delta modulator can be multi-bit however in this document the focusison a 1-
bit A/D converter (which is the most frequent case).
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3

computed during a given time interval represents the average value of the input analog
signal during the same time interval. The sigma-delta modulation principle could be
presented as a special PWM modulation where both the period and the duty cycle would be
modulated (whereas the period is fixed and only the duty cycle is modulated in a typical
PWM modulation). See Figure 2 and Figure 3 for comparison between PWM and sigma-
delta modulation.

The digital data stream outputting the sigma-delta modulator is then processed by the
STM32 microcontroller DFSDM peripheral. The DFSDM performs a digital filtering using
parameters that need to be configured according the application requirements.

For analysis, the digital stream is usually “converted” from binary 0 and binary 1 weights into
+1 and -1 weights for comparison with input voltages cleared of any DC component. The
zero input voltage generates duty cycle 50:50 (first order sigma-delta modulator is used).

Figure 2. PWM modulation example

~original  =—PWM modulated

MSv43871V1
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Figure 3. Sigma-delta modulation example

original === Sigma-delta modulated

MSv43872V1

Digital filter

The DFSDM peripheral (digital filter for sigma-delta modulators) processes the digital part of
the A/D conversion. The digital data stream is provided by an external sigma-delta
modulator. The basic functionality of the DFSDM is to implement a digital filter. The DFSDM
processing consists in averaging a fast rate input serial stream and producing a parallel,
lower rate, data output with higher resolution. The DFSDM embedded filter features a set of
configurable parameters that allow to tune the output resolution and data rate and meet the
application requirements.

The DFSDM features additional ADC-related functionalities including:

¢ Independent fast watchdog on each channel with programmable speed and resolution
to detect input signals exceeding minimal or maximal allowed voltage levels.

e Break signal generation used to instantaneously report events like analog watchdog or
short circuit detection to other peripherals (timers).

e  Short circuit detector on each channel for very fast detection of signal clamping: when
input voltage reaches one of the analog range limits and stays steady in excess of a
given time duration (independent from the main conversion).

e  Extreme detector to record minimal and maximal input voltage excursion.

3
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Sigma-delta modulation principle (external analog front-end functioning, simulations)

2 Sigma-delta modulation principle (external analog
front-end functioning, simulations)
2.1 Principle of sigma-delta modulation
The basic functional block diagram of a sigma-delta modulator is presented on Figure 4.
Figure 4. Sigma-delta modulation principle
Difference Integrator Comparator Latch Bitstream
Analog output
input D Q >
>
1-bit DAC
(+Vref/-
Vref)
Clock
() 2
MSv36525V2
1. The references [1] to [5] present in the above figure are used in the following paragraphs.
IS73
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Figure 5 provides an example of the signals available at the different stages of the analog to
digital conversion.

Figure 5. Sigma-delta modulator voltages timing diagram

Analogue input [1]
Difference [2]
= Integrator [3]
Comparator [4]
— Latch [5]

0.5 & =

05 HI B0 JHHHH Hiie, 5 | | S S | S S .

MSv43873V1

1. The references [1] to [5] present in the above figure are used in the following paragraph.

The below description of sigma-delta modulation uses references present in Figure 4 and
Figure 5:

The analog input signal [1] is added to the 1-bit DAC output feedback from the comparator
(+Vref or -Vref voltage) and the result [2] goes to the integrator. The integrator cumulates the
difference between the analog input signal [1] and the 1-bit DAC output feedback (+Vref or -
Vref voltage). The integrator output [3] is then compared with the zero voltage reference by
the comparator. The comparator output [4] is latched periodically at the clock frequency by
the D-latch to propagate the comparator result to the modulator output in quantized time
steps (clock ticks). The D-latch output [5] is the digital 1-bit output from the sigma-delta
modulator. The output is fed back to the 1-bit D/A converter which outputs only 2 possible
analog voltages (usually implemented as a switch between +Vref and -Vref reference
voltages). The data rate of the 1-bit output data stream is defined by the modulator clock
frequency.

The output of the sigma-delta modulation is a digital data stream (black curve on Figure 5)
that is clocked by the modulator clock. The average value of this output (computed in the
digital domain) represents the input analog voltage. This digital average should be
computed as the ratio between the number of ones versus the number of zeros observed
during a given number of clock periods within the sigma delta output stream.

This digital data stream constitutes the input of the STM32 microcontroller DFSDM
peripheral where it can be filtered. DFSDM configurable parameters need to be set
according the application requirements.

3
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2.2 Advantages of sigma-delta modulation
2.21 Noise shaping

3

The output signal from the sigma-delta modulation must be filtered to remove the high
frequency content (the quantization noise) and retain only the useful frequency band. In
order to properly design such filter, some understanding of the sigma-delta modulated signal
spectrum is required. The sigma-delta modulated signal spectrum is different from the PWM
modulation spectrum.

The PWM modulation signal is characterized by a fixed period and a variable duty cycle.
Due to the fixed modulation period (or frequency), the PWM spectrum exhibits typical peaks
of energy corresponding to the modulation base frequency and its harmonics. The removal
of these harmonic peaks is more difficult by analog filtering (RC or LC filter).

The sigma-delta modulation uses both variable duty cycle and variable frequency. As a
result, the energy on the sigma-delta spectrum is spread more evenly and is not
concentrated on regularly spaced peaks like for the PWM (there is no fixed modulation
frequency). Furthermore, there is usually more energy at higher frequencies for sigma-delta
modulations than for PWM (due to higher modulation frequencies). The noise content of
sigma-delta modulation can be easily removed by analog filtering (RC or LC filter).

A typical spectrum for a PWM and for a sigma-delta modulation are provided on Figure 6
(corresponding respectively to signals presented in Figure 2: PWM modulation example and
Figure 3: Sigma-delta modulation example). The PWM modulation produces higher peaks
at lower frequencies, therefore the PWM processing requires a filter of higher order in order
to properly reject the first peak of energy corresponding to the PWM modulation base
frequency. In the sigma-delta modulation spectrum the energy is less present at lower
frequencies so the filter design can be simpler. The filtering capabilities must be adapted to
the order of the sigma-delta modulator. For example, digital microphones typically have a
4th order sigma-delta modulator, which has a low quantization noise in the useful band, but
a very strong out-off band quantization noise. The filter order must be selected in order to
suppress this strong out-off band quantization noise without affecting the useful band.

The effect of the sigma-delta modulation to spread the quantization noise more evenly and
to higher frequencies is called "noise shaping". One can take advantage of such
characteristic to design simpler filters and benefit from less noisy baseband signals.

AN4990 Rev 1 11/56
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Figure 6. Spectrum of PWM and sigma-delta modulation

FFT of modulated signal

mamplitude FFT PWM out

mamplitude FFT Sigma-Delta out

bl

MSv43874V1

222 Linearity of A/D conversion

The output from the sigma-delta modulator is 1-bit serial data stream. The resolution of this
stream is only one bit which is usually not enough for the application. The method to
increase the signal resolution consists in averaging the 1-bit stream during a given period of
time. The averaged data stream has a wider resolution (typically 16-bit) but a slower sample
rate. The averaging (filtering) operation is based on linear mathematical operation in the

digital domain hence there is no added non-linear distortion due to filtering.

A/D converters with parallel data output usually use more analog elements than the sigma-
delta modulators. For example the SAR ADC type with N-bits resolution uses internally a R-
2R resistor network (or C-2C capacitor network) with N resistors (or capacitors). The
resistors (capacitors) used in these type of ADCs must have a precise 1:1 or 1:2 resistance
(capacitance) ratio. The linearity of the SAR ADC depends on the precision of the resistors
(capacitors). In practice the ratios are never perfect and the imprecision is at the origin of

non-linearities that impact the transfer curve.

For above mentioned reasons, the linearity of A/D conversion using sigma-delta modulation
is usually better than with other type of A/D conversion. The non-linearity in the sigma-delta
ADC conversion depends only on the sigma-delta modulator design (see Figure 4: Sigma-
delta modulation principle). Furthermore, the non-linearity depends only on the influence of

the input voltage on analog element intrinsic characteristics (capacitors/resistors in

integrator and switches which capacitance/resistance changing with input voltage) and not
on ratios between the different component nominal values. Linearity is more important for
audio applications where the non-linearity causes signal distortion (static linearity INL is

linked with dynamic linearity THD).

2.2.3 Scalable ADC resolution

The final output resolution for sigma-delta conversion is not fixed (as it is for example for a
12-bit SAR ADC). The output from a sigma-delta modulator is 1-bit resolution which can
then be increased by following digital filtering (averaging) to the required resolution.

12/56 AN4990 Rev 1
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2.3

2.3.1

2.3.2

3

The drawback of this resolution increase is the reduction of the output data rate. This data
rate decrease is predictable and must be computed for a given application requirement. For
example a digital filter can be configured for a 24-bit output @ 1 kHz output data rate, or for
a 16-bit output @ 50 kHz output data rate.

The resolution increase is theoretically unlimited but in practice one needs to take into
consideration the noise and the errors caused by the components in the conversion path
(sigma-delta modulator design, injected noise ...). Another consideration is the stability of
the signal during the sampling period that can affect the precision of the measurement, in
particular for applications with very low data rate and high resolution.

Disadvantages of sigma-delta modulation

Offset and gain error

The average of the 1-bit data stream signal from sigma-delta modulator represents the
mean value of the analog input signal. The precision of this digital output average (in the
range [0..1]) can be affected by the following sigma-delta modulator components (see
Figure 4: Sigma-delta modulation principle):

e resistors and capacitors in the integrator
e reference voltage in the 1-bit DAC (+Vref / -Vref)
o offset of the integrator

These components have tolerances: capacitor/resistor values, offset voltage, difference
between +Vref and -Vref absolute voltage.

In the ideal case, a 1-bit digital output having in average the same amount of O's and 1's
corresponds exactly to a zero volt input signal. Due to the components tolerances
(mentioned above) the input analog voltage corresponding in a same amount of 0's and 1's,
is not exactly zero volt, and represents the offset error. The offset error can be compensated
by software or by hardware (calibration process).

In the ideal case the output 1-bit digital signal with a 50:50 duty cycle (amount of 0's is equal
to the amount of 1's) should correspond exactly to the zero input analog voltage. Due to the
components tolerances (mentioned above) the input analog voltage corresponding to the
50:50 duty cycle is not exactly zero and represents the offset error. The offset error can be
compensated by software or by hardware (calibration process).

The gain coefficient that is the ratio between the output data and the input voltage is also
affected by the sigma-delta component tolerances. The difference between the theoretical
gain and the actual measured conversion gain represents the gain error. It can be also
compensated by calibration (usually in software).

Some characteristics of the sigma-delta components are also dependent on temperature,
which affects in turn the offset and gain errors. The influence of the temperature on the
integrator resistors and capacitors affects only the gain error. The offset error is less affected
by the temperature changes because the errors affecting +Vref and -Vref, due to the
symmetric nature of these references, are self compensated.

Lower data rate

With sigma-delta modulators, a way to increase the resolution is to increase the averaging
of the 1-bit data stream (longer averaging time or higher filter order). This is why the sigma-

AN4990 Rev 1 13/56
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delta converters are primarily used for lower data rate applications (usually for audio
frequency range and lower frequencies). But in special cases where the excellent linearity is
a must, the sigma-delta converters can be used for higher data rate applications.

For quasi static applications (temperature sensors) the data rate is not a constraint and the
sigma-delta modulator is often chosen for its scalable resolution capability (high resolution
on low data rates).

24 Simulation of sigma-delta modulation

241 Simulation with [TUTORIAL]

To help understanding the sigma-delta modulation, the sigma-delta model (as shown in
Figure 4: Sigma-delta modulation principle) has been implemented in [TUTORIAL]. The
timing diagrams are provided for each voltage signal referenced in Figure 4: Sigma-delta
modulation principle. The user can change some parameters and input voltages and see the
impact at each stage of the sigma-delta modulator. A simulation example available in
[TUTORIAL] and based on a sinewave input signal is shown on Figure 7.

Figure 7. Simulation of sigma-delta modulator
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3.1

Note:

3.2
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Digital filtering - principle and design

Function description

The digital filter performs the filtering (averaging) of the 1-bit data stream generated from the
sigma-delta modulator. The filter output is a data word with higher resolution (usually 12 -
24 bits) but reduced data rate (decimation). The digital filter function consists in removing
out-off band frequency components (quantization noise, unwanted signals...) and reducing
the data rate according to the useful bandwidth (decimation).

The design of the filter has a strong influence on the A/D conversion characteristics and is
the result of a compromise between the required parameters (sharpness of filter, filter
tuning, final resolution, ...) and the hardware implementation complexity (which leads to
cost issue). The goal is to minimize the filter design complexity while meeting the required
A/D characteristics.

Signal filtering often requires more complex processing than simply averaging the 1-bit data
stream.

Here are some elements to consider when designing a filter:
o  Filter type:

Among various types of filter, the Sinc filter presents interesting characteristics, combining a
cheap hardware implementation with acceptable level of performance. The Sinc filter has a
frequency response that can be modelized by a sinc(x) function (hence its name). The Sinc
filter is the most commonly used type in sigma-delta A/D converter implementations. It is
cheap because no multipliers are required, and the filter coefficients are integers. The Sinc
filter performs a simple “moving average” calculation over the 1-bit samples.

e  Filter length (FOSR - filter oversampling ratio):
A longer filter (averaging of more samples) generates higher resolution but decreases the

output data rate (decimation). Therefore the filter length is selected as a compromise
between required conversion rate and final data resolution.

e  Filter order (FORD):
The “moving average” calculation can be applied multiple times to already averaged
samples. The filter order defines how many time the “moving average” calculation is applied

to the same input samples. A higher order filter generates higher resolution (by adding more
averaging loops) but increases latency.

Example of Sinc filter function - resolution increase

This section focuses on showing how multiple “moving average” calculations can increase
the Sinc filter resolution.

Here is a detailed presentation of a 3" order filter (FORD=3) with length FOSR=10 (with
moving averaging at each filter stage):

e  The observation is done on 3 periods of the input stream: 3 x FOSR = 30 samples (see
Figure 8 and Figure 9).

e The input 1-bit data stream is almost always ‘0’ except for '1' pulse per averaging
period (FOSR=10) (see the "Input" curves on Figure 8 and on Figure 9). Two input
streams are tested: one stream with exactly equidistant pulses (at position 10, 20 and
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30 on horizontal axis see Figure 8) and another stream where the second pulse is
anticipated by one period to simulate a slightly higher pulse density (position 10, 19 and
29 on horizontal axis, see Figure 9).
The first order filter stage is performing moving average (see the "1t order" curves)
and the final result is sampled at each FOSR cycle and constitutes the 15 order filter
result (at 101", 20t 30! cycle). It always produces '1' as the final result on both stream
cases (Figure 8 and Figure 9) because of simple moving average in 15t filter stage
(only one '"1"in each period).
The second order filter stage is performing moving average on samples from first filter
order stage (see the "2"d order /10" curves). The final result is sampled at each FOSR
cycle and constitutes the 2" order filter result (at 20t 3ot cycle). There is a visible
difference in the final results between the two output streams (Figure 8 and Figure 9):
due to higher density of '1s' (with the higher density stream of Figure 9 it produces
higher value than with the lower density stream of Figure 8).
The third order filter stage is performing moving average on samples from the second
filter order (see the "3 order /100" curves). The final result is sampled at each FOSR
cycle and constitutes the 3" order filter result (at 3ot cycle). There is a visible
difference in the final result between the lower density stream (Figure 8) and the higher
density stream (Figure 9). Due to moving averaging the third output is smoother and
more precise.
The dynamic range of the signal at the output of the filter is FOSRFORD pyt requires
FORD x FOSR samples before obtaining the first result because every filter stage must
be filled with valid samples from previous filter stage (see Figure 8 and Figure 9). In
conclusion, higher order filters offer better resolution for a given stream duration or the
same resolution for shorter stream duration. The drawback is a more complex
hardware design and a longer initialization time for the filter.

Figure 8. Example of 3" order filter outputs with one bit per filter length
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Figure 9. Example of 3™ order filter outputs with higher density of input pulses
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3.3 Hardware design of Sinc filter

3

Sinc filters are characterized by a Sinc transfer function which equation in the digital domain
is provided below. It can be interpreted as multiple moving average of input 1-bit data. The
rest of this section focuses on finding simplifications in order to achieve an efficient and

ultimately quite simple hardware implementation.

Equation 1:
y(n) = x(n) +x(n-1)+x(n-2)+..+#x(n—-(FOSR-1))

Where:

x(n) is the input of n" sample

y(n) is the output of nth sample
Figure 10 provides the straight forward translation of the above equation into a hardware
implementation:

AN4990 Rev 1
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Figure 10. Basic schematic for simple moving average implementation

FOSR-1 flip-flops

A —

— —————
AN
Es | I‘:"W T;n—Z) o x(n-(FOSR-1))

x(n) + + + y(n)
o +é +eg T N >

~
y(n) =x(n) + x(n-1) + ... + x(n-(FOSR-1))

MSv36536V1

The above hardware implementation required (FOSR -1) adders and (FOSR-1) flip-flops.
Some simplifications can be introduced that are developed hereafter.

The Equation 1: can be simplified by using previous output result y(n-1):
Equation 2:
y(n) = x(n)+y(n-1)-x(n-FOSR)

Equation 3:
y(n) = x(n)—x(n-FOSR) +y(n-1)

Figure 11 provides a simplified schematic requiring only 2 adders and FOSR+1 flip-flops.
The schematic can now be divided into two parts: comb and integrator.

Figure 11. Simplification of Sinc filter design - step 1
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A further simplification can be obtained by converting the equation to Z-domain (frequency
domain) according these correspondences:

e X(z) in the Z-domain corresponds to x(n) in the discrete time domain, where n is an
integer number of sample clock periods (sample clock period = 1/Fs; Fs = sampling
frequency)

o N, X(z) corresponds to x(n-N) that is x(n) delayed by N sample periods.
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The equation for a 18t order Sinc filter in Z-domain becomes:
Y(z) = X(2) _7 FOSRy X(2) +27 "% Y(2)
The corresponding transfer function H(z) is:
-FOSR
Hz)y = v@ _1-z
X(2) 1-z"
In Figure 11 we introduced a decomposition of the Sinc filter in two stages: "comb" and
"integrator”. The transfer function of such filter (called CIC: cascaded integrator-comb filter)
is given by:
The comb transfer function in Z-domain:
P _ -FOSR
He(z) = X2 - 1-2z
The integrator transfer function:
R
The overall transfer function is equivalent to the Sinc filter transfer function:
_P@ Y@ _ -FOSR 1 1 _ 7 TOSR _
He(2) - Hl(z)—m P - 1-z ) (1 2_1)— — = H(z)
One more filter simplification consists in permuting the comb and the integrator operation as
shown in Figure 12:
1 _
H(z) = H(2)- H(2) = ( 71)- (1-z SR,
1-z
Figure 12. Simplification of Sinc filter design - step 2
FOSR flip-flops
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— s
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p(n) = x(n) + p(n-1) : integrator y(n) = p(n) - p(n-FOSR) : comb s ToRV

3

Because the filtering limits the output signal bandwidth, it is possible to down-sample the
output y(n) by a factor FOSR. This down-sampling is achieved by taking one sample of y(n)
every FOSR clock cycles (see Figure 13).
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Figure 13. Simplification of Sinc filter design - step 3
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The down-sampled clock period is defined as:
_ FOSR _ ‘ T
T = F. = FOSR: 1 where: 1 FOSR
The equation for the down-sampled comb section can be re-written as follows:
y(n- 1) =p(n- t1)-p(n- 1-FOSR: 1)
(n- T) _ (n- T), (n~ T FOSR. T)
Y\Fosr) ~ PlFosrR/) P\FOSR ™~ “FOSR
_ . ..__.n
y(m) = p(m)-p(m-1) where: :m 53R
This operation corresponds to a down-sampling of p(n) by the factor FOSR, followed by a
first order differentiator. The series of flip-flop sampled at high frequency can be replaced by
one single flip-flop with down-sampled frequency. The final schematic is shown on
Figure 14.
An effect of down sampling is to eliminate the moving average operation (because the
output data rate is reduced).
Figure 14. Simplification of Sinc filter design - step 4
- —>
|
Fs | -
x(n) p(n) p(m) | FS/FOSR y(m)
+\V +
Fs/[FOSR J
MSv36540V1

The final schematic (Figure 14) is reduced to 2 flip-flops and 2 adders (all with FOSR-bit
width).

Higher order Sinc filters are obtained as a serial cascade of first order filter stages where
comb and integrator stages can be grouped together (Figure 15).

3
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Figure 15. Higher order Sinc filter implementation
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The transfer function of a higher order Sinc filter (with filter order = FORD) is provided by:
e  (Cascading FORD first order filters:

H(z) = [(1 1271). (172—FOSR)}_ [(1 71271). (172—FOSR):|W

e Reordering:

H(z) = K 1 1). ( 171)“] [(1_27FOSR). (1_Z—FOSR)“]

1-z 1-z

e  Final equation:

X(z) ]

_FOSR\FORD
H(z)=Y—(—E—) =[—1Z ]
1
The down-sampling is performed at the output of the final integrator stage, allowing to
replace each comb stage with a unity delay differentiator at the down-sampled rate (see
Figure 15).

Note: The Sinc filter implementation can be extended to multi-bit width input signal (for example
for parallel data input instead of serial data input). In this case the bit-width of flip flops and
adders should be extended.

3
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4 DFSDM peripheral operation

4.1 Block diagram

The block diagram of the DFSDM peripheral with all the internal functional blocks and their
internal and external connections is provided on Figure 16. The DFSDM cannot be reduced
to only a digital filter but consists in a complete digital peripheral that handles the overall A/D
conversion (when associated with an external sigma-delta modulator).

Figure 16. Block diagram of DFSDM peripheral
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4.2 DFSDM components

421 Serial transceivers

The “serial transceivers” block receives serial data from the external sigma-delta modulator.
It features SPI and Manchester serial protocol formats with configurable rising/falling
sampling clock edge in order to support most of the sigma-delta modulator types. It supports
as well the PDM signal format used by digital microphones - see Figure 28: MEMS
microphone connection to DFSDM (stereo support).

Up to two digital microphones (configured as stereo microphone) can be connected to one
DFSDM_DATINy pin. In this case, each microphone is configured to be sensitive to a
different sampling clock edge (the signals from both microphones are present on a single
DFSDM_DATIN data line). In order to distribute this composite signal to two different
channels, both channels must be configured to take their serial input from the same pins
(DFSDM_DATINy, DFSDM_CKINy) where the two microphones are physically connected
(see Figure 28: MEMS microphone connection to DFSDM (stereo support)). Each channel
is then configured to sample the data on a different sampling edge.

An external clock signal can be connected to DFSDM_CKINy pin (assuming sigma-delta
modulator provides this clock signal) or the clock signal can be taken from the internal clock
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generator (assuming sigma-delta modulator needs external clock signal). The internal clock
generator drives the sigma-delta modulator through DFSDM_CKOUT pin. The Manchester
format protocol does not require external clock signal because this protocol is single-wire
(on DFSDM_DATINy pin) and clock signal is reconstructed from Manchester coded stream.
There is a clock signal presence detector that can be used in case of missing clock (external
hardware failure) to trigger an interrupt.

The serial transceiver provides also a "Pulse skipper". The Pulse skipper allows to pause
the output of the serial transceivers during a given number of sampling clock pulses (given
count of 1-bit data samples are discarded). In practice, the "Pulse skipper" is used in
beamforming applications in order to delay one channel data with respect to another
channel data. Beamforming is a technique that consists in sensing signals (sounds) from a
preferred direction by using an array of detectors (microphones). A delay is injected to each
microphone signal relative to the previous microphone signal. The delay defines the
preferred sensing angle.

Parallel transceivers

The parallel transceiver is an internal 16-bit parallel input register which can be accessed
through the APB bus by the CPU, the DMA, or directly by the internal ADC. Its function is to
allow post processing (filtering) of internal signals. Examples of usage:

e  Filtering data captured by internal ADC
e  Filtering data captured by SPI peripheral (through memory buffer)

e  Filtering any 16-bit data stored in memory buffer (DMA transfer to DFSDM parallel
transceiver).

Digital filter

The digital filter is a key component that processes the input data. The digital filter is
configurable to support final application needs (speed, resolution). The following parameters
can be configured:

e  Filter order: Sinc1 ... Sinc5, FastSinc
e  Oversampling ratio:
— FOSR =1 ... 1024 (for Sinc1 ... Sinc3, FastSinc)
— FOSR=1... 215 (for Sinc4)
— FOSR =1 ... 73 (for Sincb5)
The FOSR ranges provided above take into account the filter order and the filter internal

resolution (32-bit width) in order to avoid overflow (case of a 1-bit input signal, for multi-bit
parallel input signal the ranges are reduced).

Integrator

The optional integrator works as a simple adder. It sums up a given number of samples
provided by the filter output. The number of filter output samples that are summed to provide
the single integrator output is configurable in the range IOSR = 1 ... 256. The integrator
works like a Sinc1 filter (it is performing the average of a given number of samples).

Output data unit

The output data unit performs a final correction that consists in shifting the bits to the right
and applying an offset correction on the data coming from the integrator.
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Shifting bits to the right is used to:
o fit the 32-bit internal output into the final 24-bit register
e limit even more the final resolution (to 16-bit for instance in case of audio data)

The offset correction allows to calibrate the external sigma-delta modulator offset error. The
user configures the offset register with a signed 24-bit correction, and this register is
automatically added to the output result. The offset correction value is usually the result of a
calibration routine embedded within the microcontroller software that performs the offset
calibration calculation and stores the correction into the offset register.

All operations in the DFSDM peripheral are in signed format (filtering, integration, offset
correction, right bit shift).

Analog watchdog

The analog watchdog function is the same as in the ADC peripheral. Its purpose is to control
that the ADC data excursion stays within given limits by triggering the microcontroller CPU
(interrupt) or other peripherals (break signal) when the signal exceeds predefined
thresholds.

Not only the DFSDM output data but also the raw data from the sigma-delta modulator
(serial transceiver output) can be monitored.

The analog watchdog can monitor serial data directly from the serial transceiver through a
dedicated configurable digital filter (FOSR = 1...32, FORD = 1...3). This gives the user the
ability to find the best compromise between monitoring speed and monitoring resolution,
independently from the main data conversion speed. Some applications require that the
reaction time to an input signal exceeding the thresholds, be faster than the main
conversion speed. The monitoring of the thresholds for the main conversion itself is usually
more precise but slower.

Short circuit detector

The short circuit detector is designed for very fast detection of sudden analog input signal
saturation, when the signal is over or under the maximum allowed range. In normal situation
the analog input signal gain is controlled (current or voltage sensing loop) in order to never
reach such saturation levels. In some extreme situations (like a short circuit) the sensed
signal measurements can exceed the operating range limits. In this case the reaction time
must be as fast as possible (to switch off the supply for instance).

This very fast detection is implemented in the short circuit detector. The detection of signal
saturation is based on the analysis of the 1-bit data stream coming from the serial
transceiver. A typical sigma-delta modulator outputs a 1-bit signal with frequent transitions
between ‘0’ and ‘1’ (to reproduce the analog signal fluctuations). When a saturation of the
input signal occurs the output from the sigma-delta modulator gets stuck with either long
series of logical ‘0’ (signal under negative threshold) or long series of logical ‘1’ (signal
above positive threshold). If this situation exceeds a certain duration the short circuit
detector triggers a "short circuit" event. The duration threshold to trigger a detection can be
set in the DFSDM short circuit detector threshold setting (SCDT) in the range 1 to 256 input
sample counts. For example if SCDT=100 the short circuit detector event is triggered as
soon as at least 100 consecutive ‘0’ or ‘1’ are detected in the input 1-bit data stream. The
short circuit detector can trigger an interrupt (software intervention) or activate a break
signal (fast hardware intervention).
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This type of short-circuit detection is much faster than the detection based on analog
watchdog involving digital filtering over longer series of 1-bit input samples.

Extremes detector

The extremes detector simply analyzes the final output data samples and stores the
minimum and maximum values into extremes registers. By reading those extremes
registers it is possible to monitor the maximum and minimum level of the converted signal
during a period of time. Those levels are useful inputs for software post processing, for
example for signal normalization or for automatic gain control. Each time the extremes
registers are read, they are re-initialized with their reset values and the extremes detection
is restarted.

DFSDM simulation

The sigma-delta modulator and the DFSDM internal blocks behavior are modeled within
[TUTORIAL]. The incidence of the input signal and the influence of the DFSDM parameters
can be simulated and both the internal and output signals can be observed and analyzed.
The proposed simulations cover:

e  Sigma-delta modulator (principle of operation demonstration)

e  Sinc filter + integrator (digital filter functionality demonstration)

e  Frequency characteristics of Sinc filters (LP filters shape demonstration)

e FFT of PWM and sigma-delta signals (noise shaping demonstration)

e High order filters operation (demonstration of resolution increase by multiple signal
average)

e Delta-sigma modulator (DAC converter)

Sigma-delta modulator principle
This simulation is provided in the first worksheet of [TUTORIAL].

The simulation of the first order sigma-delta principle is based on the schematic provided in
Figure 4: Sigma-delta modulation principle where each block has been modeled. The input
signal to the modulator corresponds to one period of a sinewave signal. For each
observation point (as referenced on Figure 4) corresponds a curve in the chart provided in
Figure 17.

The user can modify the input signal shape or modify some parameters of the modulator
(integrator gain, V¢ level) and visualize the impact on the digital output of the sigma-delta
modulator.

This simulation illustrates the principle of the sigma-delta modulator and allows to visualize
the internal signal at different stages of the processing.

Here the sigma-delta modulator is modeled as a first order, in order to explain the basic
principle. In practice most sigma-delta modulators are using 2" order with the exception of
digital microphones that are typically using 4" order.
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Figure 17. Sigma-delta modulator simulation
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DFSDM filtering simulation (filter and integrator)

This simulation is provided in the second worksheet of [TUTORIAL]. This part of the DFSDM
simulator corresponds to the Sinc filter and the integrator stages (see Section 4.2.3: Digital
filter and Section 4.2.4: Integrator for details).

Both the Sinc filter and the integrator models are built within [TUTORIAL] and can be
simulated. The user can change the FORD and FOSR parameters for the filter and the
IOSR parameter for the integrator. The simulation results are identical to the results
obtained with the actual DFSDM block. The user can tune in simulation the filter and the
integrator parameters according to his application and observe the impact on the output
signal shape without waiting for the actual prototypes.

This simulation requires a digital signal input (1-bit data stream) from the sigma-delta
modulator (like in real application). In this particular simulation, the input is provided by the
results of the first order sigma-delta modulator simulation also available in [TUTORIAL] (see
Section 4.3.1: Sigma-delta modulator principle). By doing so, it is possible to compare the
output digital signal (DFSDM filtering simulation curve) with the input analog signal applied
to the sigma-delta modulator. The filter parameters should then be adjusted in order to
reach the application requirements in term of acceptable error between the analog input
signal into sigma-delta modulator versus the output digitized signal from the DFSDM (final
output samples).

Figure 18 provides not only the output curve (FORD = 5) but also the internal data results at
the output of each filter order. It shows the resolution gain that is obtained by performing
more moving average loops.
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Figure 18. Filtering simulation
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3

Frequency characteristics for Sinc filter

This simulation is provided in the third worksheet of [TUTORIAL]. It allows to visualize the
frequency characteristics of the Sinc filter depending on the filter order.

The frequency characteristics of a filter can be determined by applying an impulse signal at
the input of the filter and by computing the FFT transform of the impulse response at the
output of the filter. This is how the filter characteristics have been computed in the
simulation model. The model calculates the impulse response of the filter and submit the
result to a 512-point FFT transform. The results for different filter orders are available in
[TUTORIAL] and provided in Figure 19.

The frequency response has a comb shape with periodic attenuation points (notches - also
called "zeroes") and a decreasing trend for higher frequencies (low pass filtering). The
frequency of the first notch depends on the selected FOSR and is given by fsampiing/FOSR.
In case of continuous sampling, fsampiing/FOSR is also the output data rate frequency. The
frequency components of the input signal corresponding to the notches are completely
rejected by the filter. This property can be used in some applications to remove external
noise from the input signal at predetermined frequencies. As an example, the long wires that
sometime are necessary to connect distant sensors to the microcontroller are prone to
collect noise from the power network (50/60Hz) that can be filtered according the above
property.

Another property is that the attenuation of the higher frequencies (other than notches which
frequency depends only on FOSR) is proportional to the filter order (FORD). So the higher
the filter order, the more rejection on higher frequencies. In applications which are sensing
quasi static signals (like temperature or pressure sensors) a high order filter (FORD) is
recommended as well as a high oversampling ratio (FORD) to suppress noise from AC
perturbations. A further filtering of quasi static signals can be done by using the integrator
located after the filter. Increasing the integrator oversampling ratio (IOSR) allows to
performs additional averaging of the signal. In practice, the user should first set a (high)
FORD and then set correctly the FOSR and the IOSR to suppress the noise from mains
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frequency (50/60Hz). The first notch of the overall block consisting of [Sinc filter + integrator]
is at frequency: fsampling/(FOSR*IOSR).

Figure 19. Filter frequency characteristics
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43.4 Noise shaping of sigma-delta modulation

This simulation is provided in the fourth and the fifth worksheets of [TUTORIAL]. It compares
the spectrum of a PWM modulated signal with the spectrum of a sigma-delta modulated
signal and highlights the benefits of the later with respect to noise shaping. The same input
signal (one period of a sinus wave, see Figure 20) is either sigma-delta modulated or PWM
modulated before undergoing an FFT transform. The frequency spectrum of both the PWM
modulated signal and the sigma-delta modulated signal are compared in Figure 21. The X-
axis represents the frequency in multiple of the base signal frequency (signal base
frequency and its harmonics), the Y-axis represen