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Abstract. In the paper, the embedded system for real-time acquisition and processing audio
data has been developed using the STM32F407G-DISC1 Discovery kit with the STM32F407VGT6
ARM Cortex-M4 32-bit MCU. The basic modules of the STM32F4DISCOVERY kit are used for its
operation. The STM32F407VGT6 MCU 12S2 peripheral module has been configured in half-duplex
master mode to acquire PDM data from the MP45DT02 microphone. The STM32 USB peripheral
module is configured in host mode and the MSC protocol is implemented for transmitting and
receiving audio data to/from USB flash drive. The 12S3 peripheral module of the STM32F407VGT6
MCU is configured in master transmitter mode for transmitting audio data to the CS43L22 DAC.
The 1252 DMA of the STM32F407VGT6 MCU is used to transfer data from the microphone to the
RAM buffer, which significantly relieves the CPU. The user buttons on the STM32F407G-DISC1
board are used for application control (playback or recording). The real-time audio acquisition and
processing software for STM32 MCU has been developed in C using the BSP audio driver and
PDM2PCM library.

Keywords: real-time embedded system, audio acquisition and processing, STM32F407G-
DISC1 Discovery kit, STM32F407VGT6, MP45DT02 ST-MEMS microphone, CS43L22 audio
DAC, LCD WH1602B-NYG-CT, I2S, SPI, PDM, PCM, WAV audio file format.

Introduction

The modern market of electronic components offers powerful 32-bit MCUs with ARM Cortex-M4
core and digital MEMS microphones, which allow us to create various embedded audio systems for
industrial and household applications for high-quality sound recording and playback, speech recognition,
human-machine voice interaction in real time.

Microphones have been around for decades in embedded systems, and the advent of MEMS
microphones has rapidly expanded their use. This allows us to add voice functions to various projects —
smart home, cars, mobile terminals, laptops, portable media players, VoIP, speech recognition systems,
A/V e-learning devices, gaming devices and VR devices, digital photo and video cameras, wearable
gadgets. In addition to significantly smaller dimensions, lower power requirements, and greater
suppression of electrical noise, one of the main advantages of MEMS microphones is the increase in output
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options, which provides more flexibility for engineers. Although, there are still analog MEMS
microphones, the most popular one is a digital version with PDM audio output.

Each of these options has its own distinctive characteristics, advantages and disadvantages, which
must be taken into account when implementing the project.

Digital MEMS microphones can be used in audio projects where small size, high sound quality,
reliability and affordability are key requirements. A digital MEMS microphone converts sound waves into
a PDM signal, which is a stream of high-frequency 1-bit digital samples. This output signal is received in
blocks using the synchronous serial interface (SP1/12S) for processing and conversion to standard audio
data in PCM format.

The purpose of the work is to develop the embedded system that acquires PDM data from a digital
MEMS microphone in real time, filters and processes them, stores the processed audio data in PCM format
on a USB flash drive or SD memory card for the further targeted application. For the development of the
embedded system for real-time audio acquisition and processing, it is proposed to use the STM32F4-
DISCOVERY board with the STM32F407VGT6 MCU, MP45DT02 ST-MEMS microphone, CS43L22
audio DAC, USB flash drive/SD memory card [1].

Study object — process of real-time audio data acquisition and processing.

Scope of research — methods and tools for real-time audio data acquisition and processing.

Goal of research — development of the STM32-based embedded system that in real time acquires
audio data in PDM format from the MEMS microphone, processes and converts them into PCM sound
format using the PDM2PCM library.

Main Material Presentation

Overview of existing technologies for audio acquisition. There are two different technologies for
audio acqusition: traditional ECM (Electret Condenser) and MEMS. The ECM microphones are composed
of dicrete components, and usually include variable capacitance based on permanent electret component, a
transistor is used to amplify and buffer variations in capacitance voltage. The ECM microphones output

analog signal which must be further processed and filtered.
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Fig.1. ECM microphone circuit

The MEMS microhone is a dual-die device consisting of membrane based on silicon processes,
embedded ASIC, analog or digital output [2].
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Fig.2. Components of digital MEMS microphone
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The MCU-based embedded system receives raw data from the microphone in PDM format,
processes and converts them into audio data in standard PCM format.

PDM is a form of modulation used to represent an analog signal in the digital domain. It is a high-
frequency stream of 1-bit digital samples. In a PDM signal, the relative pulse density corresponds to the
amplitude of the analog signal. A large cluster of ones corresponds to a high (positive) amplitude value,

while a large cluster of zeros will correspond to a low (negative) amplitude value, and alternating ones and
zeros will correspond to a zero amplitude value.

T THL_LL

— PDM signal

Fig.3. PDM signal

In PCM signal, specific amplitude values are coded into pulses. The PCM stream has two main
properties that determine the accuracy of the output analog signal stream: sampling frequency and bit rate.
The sampling rate is the number of samples of a signal taken per second to represent it digitally. The bit
depth determines the number of bits of information in each sample.
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Fig.4. PCM signal

For conversion of PDM stream to PCM samples, the PDM stream must be filtered and decimated. In
the decimation step, the sample rate of the PDM signal is reduced to the target audio sample rate (for
example, 16 kHz). By selecting 1 out of every M samples, the sample rate is reduced by a factor of M.
Thus, the PDM data rate (microphone clock rate) is M times larger than the target audio sample rate
required for the application, where M is the decimation factor.

PDM frequency = audio sampling frequency * decimation factor.

For example, PDM frequency = 16 kHz x 64 = 1024 kHz. The decimation factor is usually in the
range from 48 to 128. The decimation step is preceded by a low-pass filter to avoid distortions due to
overlapping spectra.

Hardware interface for audio acquisition from MEMS microphones
In Fig. 5, the block diagram of digital PDM microphone is shown. The main parts of the digital
microphone are a MEMS transducer, an amplifier and a PDM modulator [2].

MEMS transducer is a variable capacitance that converts the change in air pressure, caused by sound

waves, into a voltage.

The amplifier buffers the voltage supplied by the MEMS converter and provides a sufficiently
powerful signal for the PDM modulator.

PDM modulator converts a buffered analog signal into a serial PDM signal. The clock input (CLK)
is used to control the PDM modulator.
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Fig. 5. Block diagram of digital microphone with PDM output

The clock frequency range of ST digital microphones is from 1 MHz to 3.25 MHz. This frequency
defines the sampling rate at which the amplifier analog output signal is sampled to create a discrete time
representation (PDM bitstream).

The microphone output goes to the appropriate level on the selected timing (clock) edge and then
goes to a high impedance state for the other half of the clock cycle. Channel selection determines the
timing edge at which the digital microphone outputs valid data. The LR pin must be connected to VVdd or
GND.

Table. 1.
Channel selection for outputting a PDM signal at the DOUT output of the microphone
LR DOUT
CLK low CLK high
GND Valid data High impedance
Vdd High impedance Valid data

The Vdd and GND pins provide power to the various components of the digital microphone. The
power supply must be correctly connected to the microphone, as any ripples can generate noise at the
output.

Table. 2.
Pin description of MP45DT02 MEMS microphone
Pin name Function Description
Vdd 3.3 V power supply Input
GND oV Input
LR Left/right (L/R) selection Input
CLK Synchronization clock Input
DOUT L/R PDM data output Output

In the mono mode, the LR pin can be connected either to VVdd or to GND. In the Fig. 6, the LR pin is
connected to Vdd — data generation on right channel.

STM32 Vdd
R+—T

DATA INPUT DATA POUT,

CLK

CLOCK OUTPUT

Fig. 6. Mono mode configuration — data generation on right channel

On the rising clock edge, the microphone generates valid data for the half of the clock period, and
then goes to a high impedance state for the other half.

DATA {Valid Data } Valid Data
HoHZ “——~7  HIGHZ HIGH Z

Fig. 7. Right channel data pattern
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In the Fig. 8, the LR pin is connected to GND — data generation on left channel.
STM32

DATA INPUT

DATA DOUT

CLK LRp—
CLOCK OUTPUT -— ! GND

Fig. 8. Mono mode configuration - data generation on left channel

On the falling edge of the clock, the microphone generates valid data for the half of the clock period
and then goes into a high impedance state for the other half
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Fig. 9. Left channel data pattern
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Fig. 10. Stereo configuration: sharing one data line

Two different digital MEMS microphones are connected to the same data line. The first microphone is
configured to generate data on the rising edge of the clock signal where the the LR pin connected to Vdd,
and the second on the falling edge, where the LR microphone pin connected to GND.
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Fig. 11. Data transfer in stereo configuration

The STM32 microcontrollers offer extensive audio processing capabilities with rich connectivity
options, including serial and enhanced voice capture interfaces, allowing a user to easily create
applications using microphones [3].

Data acquisition and processing . Voice recognition
STM32 MCU 9

Sound wave
Audio o High quality
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L |
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Sound acquisition

D . :
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Fig. 12. Audio data acquisition and processing using a MEMS microphone and STM32 MCU

Digital MEMS microphones can be connected to SPI/I12S, SAl and DFSDM (Digital Filter for Sigma
Delta Modulators) peripherals of the STM32 MCU in both mono and stereo configurations [3].
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The MP45DT02 ST-MEMS microphone outputs a PDM signal, which is a high-frequency stream (1
to 3.25 MHz) of 1-bit digital samples. This output signal is received in blocks of 8 samples using the
STM32 12S synchronous serial interface. The PDM output of the microphone is synchronized with its
input clock signal, so the STM32 SPI/12S peripheral device generates a clock signal for the microphone
(Fig. 13).

STM32
Internal
Flash
[y
Microphone | 125 clk to MIC clk > USB key
MEMS

>

MIC Data to 12S SD | 128 ‘—II PDM Lib ‘

Fig. 13. Block diagram of the microphone connection to the STM32 MCU via 12S

The PDM data are captured via the STM32 12S serial interface. The data are transferred using DMA
to the RAM buffer for processing. After conversion, the PCM data can be processed depending on the
application implementation (saving as wave/compressed data on the data storage, transfering to an external
DAC).

STM32
DMA SPI/I2S/SAI] | N PDM Microphone
Y
RAM CPU

Memory/
Peripheral

<~ Clock Signal

Fig. 14. Block diagram of embedded system for real-time audio acquisition and processing

The project is based on the STM32F407G-DISC1 Discovery kit with the STM32F407VGT6 MCU
and uses a digital ST-MEMS microphone MP45DTO02, which is connected via the 12S interface. The
MP45DT02 microphone is designed to capture stereo sound. Two microphones can operate simultaneously
on the same common bus. If the LR pin is connected to GND, the MP45DTO02 is put into left channel
mode.

On the STM32F407G-DISC1 board, the LR pin of the MP45DT02 microphone is connected to
GND, so the device is always in the left channel mode. The data is valid when the clock is low. Thus, the
MP45DT02 microphone expects samples between clock transitions when the data line is stable. In 12S,
data is loaded on the falling edge of the clock signal to be valid for sampling on the rising edge of the clock
signal.

According to the timing information on the MP45DT02 microphone, it can take up to 16 ns to clear
the data from the PDM pin on the 12S bus on the rising clock edge. The STM32F407 clock rise time varies
with load capacitance, but is rated at 4 ns at 30 pF. Using 12S works because, in the vast majority of cases,
the MP45DT02 takes more than 4 ns to respond to a rising clock, allowing the STM32F4 to sample data
before it is flushed.

The connection between the STM32F407 MCU and the MP45DT02 PDM microphone is as follows:
the GPIOB10 pin is connected to the CLK pin of the microphone, and the GPIOCO03 pin is connected to the
DOUT pin of the microphone. The used pins are controlled by the 1252 hardware interface.

To receive the PCM data with a sample rate of 16 kHz, the microphone clock frequency generated
by the interface should be 1.024 MHz for mono mode and 2.048 MHz for stereo mode. To receive the
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PCM data at a sampling rate of 48 kHz, the microphone clock frequency generated by the interface must be
3.072 MHz for mono mode and 6.144 MHz for stereo mode.

12S2 peripheral configuration in STM32CubeMX

From the list of MCU peripherals on the Pinout & Configuration -> Multimedia tab, we need to
select the 12S2 peripheral device and configure it to operate in Half-Duplex Master Mode. In Fig. 15, it is
shown how to enable the 1252 mterface |n Half duplex master mode.

52 Mode anfiguratior . 5 Pinout view System view

Mods Half-Duplax Mastsr

[ master Clock Dutput
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Fig. 15. Mode configuration for 12S2 peripheral

The enabled 12S2_SD, 12S2_CK and 12S2_WS pins are highlighted with green after the 12S2
peripheral GP1O configuration is correct. The clock signal for 12S2 can be configured in mono or stereo
mode for 16 kHz and 48 kHz streams. The external HSE = 8 MHz clock generator is used as a clock signal
source. In stereo mode, the timer and 12S2 have to use the same clock source, so a PLLR is chosen as the
clock source for 12S2. At the input f(VCO clock, PLLI2S) = 1 MHz, the following values for PLLN and
PLLR parameters depending on the sampling rate have to be set:
= for the sampling rate of 11 kHz, parameters PLLN 429, PLLR 4, PLLI2SCLK (MHz) 107.25.
= for the sampling frequency of 16 kHz, parameters PLLN 213, PLLR 4, PLLI2SCLK (MHz) 53.25.
= for the sampling frequency of 22 kHz, parameters PLLN 429, PLLR 4, PLLI2SCLK (MHz) 107.25.
= for the sampling frequency of 32 kHz, parameters PLLN 426, PLLR 4, PLLI2SCLK (MHz) 106.5.
= for the sampling frequency of 44 kHz, parameters PLLN 271, PLLR 6, PLLI2SCLK (MHz) 45.16.
= for the sampling frequency of 48 kHz, parameters PLLN 258, PLLR 3, PLLI2SCLK (MHz) 86.

For proper operation, the clock frequency of 12S2 must be higher than its APB frequency. In Fig. 16,
the 12S clock configuration in mono mode is shown.

lm’. C\ ! P oY) Iclocks (WA
(B Enzbla 0SS 2 VT : & APE2 peripheral clocks (WHz|
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Fig. 16. 12S2 clock configuration

(G

a) 1252 parameter settings
In the 12S2 configuration window, select the Parameter Settings tab and configure the 12S parameters as
follows:
Selected Audio Frequency = AUDIO_SAMPLING- FREQUENCY.
» Communication Standard = MSB First (Left Justified): 12S reads data on the falling edge of the
clock signal. In mono configuration, the LR (L/R) microphone pin must be connected to GND. In Fig. 17,
the 12S parameter settings for the 16 kHz audio sampling rate in mono mode is shown.
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@ DMA Settings & GPIO Settings

& Parameter Settings @ User Constants @ NVIC Settings

Configure the below parameters :

o

~ Generic Parameters
Transmission Mode Mode Master Receive
Communication Standard MSB First (Left Justified)
Data and Frame Format 16 Bits Data on 16 Bits Frame
Selected Audio Frequency 16 KHz

~ Clock Parameters

Clock Polarity Low

Fig. 17. 1252 parameter settings

b) 1252 DMA settings

In this project, DMA processes the PDM data transfer from 12S2 to the RAM buffer. In the 12S2
configuration window, select the DMA Settings tab and add DMA request. In Fig. 18, the selected 12S
DMA settings are shown.

& DMA Settings @ GPIO Settings
@ Parameter Settings @ User Constants @ NVIC Settings

DMARequest | __Stream | Direction | __Priority ]

SPI2_RX DMA1 Stream 3 Peripheral To ... Low
Fig. 18. 12S52/SP12 DMA settings

Software for real-time audio processing

In order to process audio data, the special software for the STM32F407VGT6 has been developed
using the STM32 BSP audio driver and the PDM2PCM library. The PDM2PCM library converts the PDM
bit stream from the MEMS microphone into the audio stream in PCM format. The PDM2PCM sound
decoding library is an optimized software implementation for decoding a PDM signal and reconstructing
an audio signal for digital MEMS microphones connected to the STM32 MCU. This library implements
several filters for a 1-bit high-frequency PDM signal output from a digital microphone and converts it to a
16-bit PCM signal at the appropriate sampling rate. The PDM2PCM library is a part of the
STM32CubelDE firmware package, it allows the audio data to be processed from the digital PDM
microphones on the STM32F4, STM32F7 and STM32H7 series MCUs [4, 5].

The PDM2PCM library has functions to decimate and filter a PDM stream from a digital
microphone to convert it into an output PCM signal stream. The output PCM stream is implemented with a
resolution of 16 bits. The sampling frequency of PCM is 16 kHz. Different decimation factors can be
configured to adapt to different PDM clock frequencies. The high-pass filter and digital gain can also be
adjusted.

The PDM2PCM library accepts as input a PDM signal stream (from 768 kHz to 2.048 MHz) of 1-bit
digital samples. This signal is collected in blocks of 8 samples using the STM32 12S interface. The library
is available in different versions, for different MCU cores and development tools.

V PDM digital filtering Digital signal
and decimation 7 conditionning

Fig. 19. Digital signal processing

At the first stage, the PDM signal from the microphone is filtered and decimated to obtain the audio
signal with the required frequency and resolution. In the second stage, the digital audio signal obtained
from the filter is further processed to properly shape the signal using low-pass and high-pass filters. Both
of these filters can be turned on/off and adjusted (cutoff frequencies) using the filter initialization function.
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In the stereo configuration, if two microphones share a single data line and the PDM data are bit-by-
bit interleaved, a software deinterlacing step is necessary to separate the signal from the two microphones
before PDM to PCM signal conversion.

PDM2PCM library API calls

Step 1. Creation of a PDM2PCM handler, memory allocation for the filter configuration structure,
for the input PDM and output PCM buffers. HW CRC must be enabled to unlock the library.

Step 2. Setting the PDM filter parameters and calling the PDM_Filter_Init() function.

Step 3. Setting the required PDM filter configuration values and calling the PDM_Filter_setConfig()
function.

Step 4. Reading the input PDM bit stream from the 12S2 interface with byte packing.

Step 5. Invoking the PDM_Filter() function that executes the PDM2PCM algorithm.

Step 6. Recording the output PCM audio stream on the drive.

Step 7: User can change the configuration parameters and call the PDM_Filter_setConfig() function
to update the library configuration.

Step 8. If the application and the input PDM stream are still running, the processing cycle returns to
step 5, otherwise it terminates.

Step 9: After the processing cycle is complete, the allocated memory must be freed.

The 12S driver is configured to capture audio data from the microphone into STM32 RAM buffer
using the DMA controller. The DMA controller generates a DMAL stream3 global interrupt when the
buffer is full and calls the functions HAL_12S_TxHalfCpltCallback (the first half of the buffer is full) and
HAL_12S_TxCpltCallback when the second half is full, which notifies about the readiness to read the 12S
sample buffer.

The operation algorithm and prototype of the STM32-based embedded system for real-time audio

acquisition and processing are shown in Fig. 20, 21, respectively.

( Stat )
o 2

Audio recording initialization: 12S2

peripheral configuration at the audio

sample rate 1024 kHz for the MEMS
microphone

v

Timer configuration for setting
recording time

v

Acquiring the output PDM bitstream
from the MP45DT02 microphone in
RAM buffer, orange LED is flashing

v

Processing the acquired PDM data
and converting them into PCM
samples at the sampling rate 16 kHz

v

Saving the processed PCM data on
USB flash drive

/~ N
{ End: orange LED goes off )
AN _/

Fig. 20. Algorithm of audio data acquisition and processing
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Fig. 21. Prototype of the embedded system for real-time audio acquisition and processing

Conclusions

The prototype of the embedded system for real-time audio data acquisition and processing has been
developed. It is based on the STM32F4-DISCOVERY Discovery kit with 32-bit ARM Cortex-M4
STM32F407VGT6 microcontroller. In the embedded system, MP45DT02 ST-MEMS microphone,
CS43L22 audio DAC and LCD WH1602B-NYG-CT modules of the STM32F4-DISCOVERY Discovery
kit are used.

The STM32F407VGT6 MCU 12S2 peripheral has been configured in Half-Duplex Master Mode to
acquire PDM data from the MP45DT02 microphone. It also generates the input clock signal for the MEMS
microphone. The 1252 DMA transfers PDM data from the microphone to the RAM buffer independently of
the CPU. The STM32 USB peripheral is configured as a host and MSC (Mass Storage Class) protocol has
been implemented for transmitting and receiving audio data from/to USB flash drive. The STM32 12S3
peripheral is configured in master transmitter mode for transmitting audio data to the CS43L22 DAC. The
CS43L22 DAC is used for the recorded audio playback. The embedded software for real-time audio
acquisition and processing has been developed in C using the STM32 BSP audio driver and the
PDM2PCM library.
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PO3POBKA BEYJIOBAHOI CUCTEMH 350PY TA OBPOBKH 3BYKY B PEAJIbHOMY YACI HA BA3I
MIKPOKOHTPOJIEPA STM32

Otpumano:JIucromnazn 03, 2024/ Iepernsauyto:JIucronan 20, 2024 / Tpuiiusto: Jluctoman 25, 2024
© lonosamuit A., Jlykawesiu A., I'onosama C., Knum H., Konecnux K., 2024

AnoTanis. BOymoBana cuctema mius 300py Ta OOpoOKM aymiofaHUX y peaJlbHOMY dYaci Oyia
po3pobiiena 3 BukopuctaHasM Ha6opy STM32F407G-DISCI1 Discovery 3 32-po3psiHUM MiKPOKOHTPOJIEPOM
STM32F407VGT6 ARM Cortex-M4. Jlns iioro poOOTH BHKOPHUCTOBYIOTHCS 0a30Bi MOJYJi KOMILIEKTY
STM32F4ADISCOVERY. Ilepudepiiinnii moayns STM32F407VGT6 MCU 1252 OyB HamamroBaHuid y
HAaIiBJYIUVIEKCHOMY TOJIOBHOMY pEeXHMi Ui oOTpuMmaHHs nanux PDM  Big wmikpodona MP45DTO02.
[Mepudepivinnii USB-mMonynp STM32 HanamtoBanuil y pexxumi xocTa, a npotokon MSC peanizoBanuid ajist
nepenadi Ta OTpUMaHHs aynionanux Ha/3 USB-nakonmuyBau. [lepudepiiinuii Moaysb 12S3 MikpokoHTposepa
STM32F407VGT6 nHanamroBaHWii y pexHMi TOJOBHOTO IepelaBava Juisi nepenadi aymiomaHux Ha LIATI
CS43L.22. 12S2 DMA STM32F407VGT6 MCU BHKOpUCTOBYETBCSI 171l Iepeadi JaHux 3 MikpodoHa B Oydep
OrepaTHBHOI MaM'aTi, 110 3HAYHO pO3BaHTaxye mpoiecop. KHomku kopuctyBaua Ha miati STM32F407G-
DISC1 BHKOpPHCTOBYIOTHCS ISl YIIPABJIIHHS JoAaTkaMu (BinTBopeHHs abo 3amuc). [Iporpamue 3abe3nedeHHs
Uit 300py Ta 00poOkM 3BYKY B pexumi peanpHoro uacy st STM32 MCU Oyno pospobieno na C 3
BUKOpHCTaHHsM ayniozpaiisepa BSP ta 6i6miorexku PDM2PCM.2

KawuoBi cioBa: BOyjgoBaHa cucTeMa pealibHOrO dacy, 30ip 1 00poOka aynio, KOMIUIEKT
STM32F407G-DISC1 Discovery, STM32F407VGT6, wmikpodpon MP45DT02 ST-MEMS, aymio IAIL
CS43L22, LCD WH1602B-NYG-CT, 128, SPI, PDM, PCM, dopmar aymiodaitny WAV.
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