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• This conference «fringe» presentation explains an implementation which 
reads from a MEMS microphone and writes to a headset DAC 

• To avoid using an external PLL chip, clock output pulses rather unusually 
vary some in time 

• The timing of these «staccato» pulses is taken from a software table with 10 
ns tick resolution (100 MHz) 

• The pattern thus generated repeats exactly every 62.5 µs, giving a stereo 
frame rate of 16,000 Hz 

• The table contains 128 elements; 
two edges per pulse * 32 bits * two channels,  
each representing the number of ticks to the next clock signal edge output 

• The presentation shows that this controlled unevenness correctly picks up 
the data bits from the microphone chip or delivers the data bits to the 
headset chip 

• A processor from XMOS (UK) is used for this

Abstract
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I2S Data Format; L-channel = LOW, R-channel = HIGH

Figure 14. I2S Audio Data Format

9.3.2.3 Zero Data Detect

The PCM510xA has a zero-data detect function. When the device detects continuous zero data, it enters a full
analog mute condition. The PCM510xA counts zero data over 1024 LRCKs (21ms @ 48kHz) before setting
analog mute.

In Hardware mode, the device uses default values. By default, Both L-ch and R-ch have to be zero data for zero
data detection to begin the muting process etc.

9.3.3 XSMT Pin (Soft Mute / Soft Un-Mute)

An external digital host controls the PCM510xA soft mute function by driving the XSMT pin with a specific
minimum rise time (tr) and fall time (tf) for soft mute and soft un-mute. The PCM510xA requires tr and tf times of
less than 20ns. In the majority of applications, this is no problem, however, traces with high capacitance may
have issues.

When the XSMT pin is shifted from high to low (3.3 V to 0 V), a soft digital attenuation ramp begins. –1-dB
attenuation is then applied every sample time from 0 dBFS to –∞. The soft attenuation ramp takes 104 samples.

When the XSMT pin is shifted from low to high (0 V to 3.3 V), a soft digital “un-mute” is started. 1-dB gain steps
are applied every sample time from –∞ to 0 dBFS. The un-mute takes 104 samples.

In systems where XSMT is not required, it can be directly connected to AVDD.
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16.0 kHz = 62.5 μs = 6250 ticks

• Mic-in & headset-out (monitor) clock edges 
@2.048 MHz max 

• Precise average per 16 kHz frame 
• But table driven skewed timing of «staccato» 

clock pulses ? ? ?  
• Coded in (somewhat) obsoleted XC 
• New paradigm from XMOS is C plus lib_xcore

? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ? ?



• Application listens for recorded «alarm» sounds 
• Alarms hearing deficient people 
• Fully implemented since I retired 
• Industrialisation of the product not yet conceived 
• Could Apple iOS AI-based «Sound recognition» possibly do the same?

TDM BUF PCM

DSP

«Beep-BRRR» 
hobby project

Application

https://www.teigfam.net/oyvind/home/my-beep-brrr-pages/

https://www.teigfam.net/oyvind/home/my-beep-brrr-pages/


16 kHz stereo @ 32 bits each = 64 bits = 128 edges

1 / 16000 Hz = 0.000062500 s = 62.5 μs = 6250 ticks of 10 ns 

6250 ticks to deliver 128 edges =
6250 / 128 = 48.828125 ticks between each edge 

Integer ticks! GREAT!

Decimal ticks! Needing extern PLL?

Problem statement

Processor task 
timer @100 MHz

Also task timer 
resolution

128 edges * 16000 = 2.048 MHz
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6250 ticks to deliver 128 edges =
6250 / 128 = 48.828125 ticks between each edge 

Decimal ticks! Needing extern PLL?

Problem solution?

Not if BCK duty cycle requirement is «fair» so 
that we can tabulate uneven timing, and sum 
up 128 uneven edges to exactly 6250 ticks
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Mark 1: using audio-ready board
XMOS xCore Microphone array evaluation board

On-board microphones

On-board headset amplifier
On-board PLL clock

XMOS libraries

Obsoleted, but used in my BEEP-
BRRR mark 1 (one built)
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1 Features

The xCORE Microphone Array block diagram is shown below. It includes:

∑ xCORE-200 (XUF216-512-TQ128) multicore microcontroller device

∑ Seven INFINEON IM69D130 MEMS microphones

∑ A micro-USB connector for USB2.0 device connectivity and power

∑ An RJ45 connector for 10/100Mbps Ethernet connectivity

∑ An expansion header for I2S, I2C and/or other connectivity and control solutions

∑ Four general purpose push-button switches

∑ 12 user-controlled LEDs

∑ Low-jitter clock source

∑ An xSYS connector for an xTAG debug adapter
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1 Features

The xCORE Microphone Array block diagram is shown below. It includes:

∑ xCORE-200 (XUF216-512-TQ128) multicore microcontroller device

∑ Seven INFINEON IM69D130 MEMS microphones

∑ A micro-USB connector for USB2.0 device connectivity and power

∑ An RJ45 connector for 10/100Mbps Ethernet connectivity

∑ An expansion header for I2S, I2C and/or other connectivity and control solutions

∑ Four general purpose push-button switches

∑ 12 user-controlled LEDs

∑ Low-jitter clock source

∑ An xSYS connector for an xTAG debug adapter
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16 32-bit logical 
processing cores that 

deliver up to 2000 MIPS 

Low jitter clock source - 
24.576MHz oscillator, used 
as reference clock to the 
CS2100-CP (CirrusLogic) 
Fractional-N PLL

The CS2100 generates a low-jitter output signal 
that is distributed to the xCORE- 200 device 
(Tile1 & MCLK) and DAC (MIC-CLK). The CS2100 
device is configured using the I2C interface 

Seven INFINEON 
IM69D130 MEMS 

microphones

Headset

This board is 
obsoleted for other 
microphone boards

..and I broke my 
board #2

Mark 1: using audio-ready board



Mark 2 (next page)

USED_MODULES += lib_mic_array_board_support 
PDM interface 

Four channel decimators 

High resolution delay block (since 7 mics)

USED_MODULES += lib_mic_array 
Configure the PLL for the specified board 

The i2c bus used to configure the audio codec

XMOS libraries 

Try no external PLL

Try to «bit bang» this myself..
Try to find a mic that 

contains decimation SW

I only need one mic

..from basically 100 MHz XC task 
timer tick resolution (10 ns)

Find a more general 
board and not need to 

use these

The xCORE-200 
explorer board

Updated 4.24

Mark 1: using audio-ready board



Mark 2: using a general board
XMOS xCore-200 explorer evaluation board

External microphone

External headset amplifier

Try NOT to use any external 
PLL (there is no on-board PLL)

Using this in my BEEP-BRRR 
mark 2 (two built)

2015 
(Mine) 2024

10/26



• EV_ICS-52000-FX AN-000001 single MEMS microphone 
from TDK InvenSense (evaluation board)


• Clocked as TDM by 1024 kHz pulses it delivers 16 kHz 
mono (+ ghost channel) 


• Fully processed as decimated signed 2’s complement 
values


• Obsoleted 🧐

External microphone

Mark 2: using a general board



• Pimoroni Pico Audio Pack (Line-Out and Headphone Amp) PIM544

• Contains a Texas Instruments PCM5100 DAC ← signed 32 bits

• 2’s complement @1024 kHz for 16 kHz stereo into the headset

• I2S and left-justified input data formats

• Integrated PLL for no external system master clock input

• Internal filters

External headset amp (monitor)

Mark 2: using a general board
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GENERAL DESCRIPTION 
The ICS-52000 is a digital TDM output bottom port microphone. 
The complete ICS-52000 solution consists of a MEMS sensor, signal 
conditioning, an analog-to-digital converter, decimation and anti-
aliasing filters, power management, and an industry standard 24-
bit TDM interface. The TDM interface allows an array of up to 16 of 
the ICS-52000 microphones to connect directly to digital 
processors, such as DSPs and microcontrollers, without the need 
for an audio codec in the system. All microphones in an array 
sample their acoustic signals synchronously, enabling precise array 
processing. 

The ICS-52000 has a high SNR of 65 dBA and a wideband frequency 
response. The sensitivity tolerance of the ICS-52000 is ±1 dB, 
which enables high-performance microphone arrays without 
the need for system calibration. 

The ICS-52000 is available in a small 4 mm × 3 mm × 1 mm 
surface-mount package. 

 

 

APPLICATIONS 
• Speech Recognition Arrays 
• Smart Televisions 
• Teleconferencing Systems 
• Gaming Consoles 
• Security Systems 
• Microphone Arrays 

FEATURES 
• Digital TDM Interface with High Precision 24-bit Data  
• Supports TDM arrays of up to 16 synchronously-

sampled channels 
• High 65 dBA SNR 
• −26 dB FS Sensitivity 
• ±1 dB Sensitivity Tolerance 
• Wide Frequency Response from 50 Hz to 20 kHz 
• Low Current Consumption: 1.0 mA 
• High Power Supply Rejection: −89 dB FS 
• 117 dB SPL Acoustic Overload Point 
• Small 4 mm × 3 mm × 1 mm Surface-Mount Package 
• Compatible with Sn/Pb and Pb-Free Solder Processes  
• RoHS/WEEE Compliant  
 

 
 

FUNCTIONAL BLOCK DIAGRAM 
 

 

 

ORDERING INFORMATION 
 

PART TEMP RANGE PACKAGING 
ICS-52000 −40°C to +85°C 13” Tape & Reel 
EV_ICS-52000-FX —  
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PART TEMP RANGE PACKAGING 
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• SCK (INPUT): Serial Data Clock for 
TDM Interface 

• SD (OUTPUT): Serial Data Output for 
TDM Interface 

• WS (INPUT): Serial Data-Word Select 
for TDM Interface 

• WSO (OUTPUT): Word Select Output, 
daisy-chain
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TABLE 2. TDM DIGITAL INPUT/OUTPUT 
–40°C < TA < +85°C, 1.8 V < VDD < 3.3 V, unless otherwise noted. 
 

PARAMETER CONDITIONS MIN MAX UNITS NOTES 
DIGITAL INPUT 

Voltage Input Low (VIL)  0 0.25 × VDD V  

Voltage Input High (VIH)  0.7 × VDD VDD V  

SD DIGITAL OUTPUT 

Voltage Output Low (VOL)  0 0.25 × VDD V  

Voltage Output High (VOH)  0.7 × VDD VDD V  

Maximum Load CLK = 24.576 MHz  150 pF  
 

TABLE 3. SERIAL DATA PORT TIMING SPECIFICATION 
–40°C < TA < +85°C, 1.8 V < VDD < 3.3 V, unless otherwise noted. 
 

PARAMETER CONDITIONS MIN MAX UNITS NOTES 
SCK duty cycle  48 52 %  

SCK period (tSCP)  37  ns  

SCK frequency (fSCK)  0.460 27.034 MHz  

WS setup (tWSS)  0  ns  

WS hold (tWSH)  10  ns  

WS frequency (fS)  7.19 52.8 kHz  

SD data valid (tSDV) From SCK rising to valid SD data  18 ns  

SD data disable (tSDD) From SCK rising to SD output tristated  18 ns  

WSO valid (tWSOV) 15 pF trace load  18 ns  

WSO disable (tWSOD) 15 pF trace load  18 ns  

 

TIMING DIAGRAM 

    

Figure 1. Serial Data Port Timing  
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Figure 8. System Block Diagram 

 

 
 

Figure 9. n-Channel Output TDM Timing Diagram 
 

 
Figure 10. Single TDM Slot Timing Diagram 

 
DIGITAL MICROPHONE SENSITIVITY 
The sensitivity of a digital output microphone is specified in units of dB FS (decibels relative to a full-scale digital output). A 0 dB FS 
sine wave is defined as a signal whose peak just touches the full-scale code of the digital word (see Figure 5). This measurement 
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GENERAL DESCRIPTION 
The ICS-52000 is a digital TDM output bottom port microphone. 
The complete ICS-52000 solution consists of a MEMS sensor, signal 
conditioning, an analog-to-digital converter, decimation and anti-
aliasing filters, power management, and an industry standard 24-
bit TDM interface. The TDM interface allows an array of up to 16 of 
the ICS-52000 microphones to connect directly to digital 
processors, such as DSPs and microcontrollers, without the need 
for an audio codec in the system. All microphones in an array 
sample their acoustic signals synchronously, enabling precise array 
processing. 
 
The ICS-52000 has a high SNR of 65 dBA and a wideband frequency 
response. The sensitivity tolerance of the ICS-52000 is ±1 dB, 
which enables high-performance microphone arrays without 
the need for system calibration. 
 
The ICS-52000 is available in a small 4 mm × 3 mm × 1 mm 
surface-mount package. 
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• Speech Recognition Arrays 
• Smart Televisions 
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The ICS-52000’s WS clock input is positive-edge triggered only; the falling edge 
of the clock pulse can come anywhere before the start of the next frame.

WS (MASTER)


WSO(1), WS(2)
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SCK


SD

"2023 07 08 ICS-52000 FULL DATASHEET detail.pdf"

Øyvind Teig (8.7.23)


Red and blue stuff added by me

There must be 64, 128, 256 or 512 SCK cycles in each WS stereo frame (depending on sampling 
frequency)


The receiver (DSP, codec, microcontroller) should still sample the data on the rising edge of SCK.


The output data pin (SD) is tri-stated when it is not actively driving TDM output data. SD will 
immediately tri-state after the LSB is output so that another microphone can drive the common data 
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Figure 8. System Block Diagram 
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TABLE 2. TDM DIGITAL INPUT/OUTPUT 
–40°C < TA < +85°C, 1.8 V < VDD < 3.3 V, unless otherwise noted. 
 

PARAMETER CONDITIONS MIN MAX UNITS NOTES 
DIGITAL INPUT 
Voltage Input Low (VIL)  0 0.25 × VDD V  

Voltage Input High (VIH)  0.7 × VDD VDD V  

SD DIGITAL OUTPUT 
Voltage Output Low (VOL)  0 0.25 × VDD V  

Voltage Output High (VOH)  0.7 × VDD VDD V  

Maximum Load CLK = 24.576 MHz  150 pF  
 
TABLE 3. SERIAL DATA PORT TIMING SPECIFICATION 
–40°C < TA < +85°C, 1.8 V < VDD < 3.3 V, unless otherwise noted. 
 

PARAMETER CONDITIONS MIN MAX UNITS NOTES 
SCK duty cycle  48 52 %  

SCK period (tSCP)  37  ns  

SCK frequency (fSCK)  0.460 27.034 MHz  

WS setup (tWSS)  0  ns  

WS hold (tWSH)  20  ns  

WS frequency (fS)  7.19 52.8 kHz  

SD Data Valid (tSDV) From SCK falling to valid SD data  18 ns  

SD Data Disable (tSDD) From SCK falling to SD output tristated  18 ns  

WSO setup (tWSOS)  0  ns  

WSO hold (tWSOH)  5  ns  
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8.6 Timing Requirements

Figure 1 shows the timing requirements for the system clock input. For optimal performance, use a clock source with low
phase jitter and noise.

MIN TYP MAX UNIT

tSCY System clock pulse cycle time 20 1000 ns
DVDD = 1.8 V 8

tSCKH System clock pulse width, High ns
DVDD = 3.3 V 9
DVDD = 1.8 V 8

tSCKL System clock pulse width, Low ns
DVDD = 3.3 V 9

Figure 1. Timing Requirements for SCK Input

8.7 Timing Requirements, XSMT
MIN TYP MAX UNIT

tr Rise time 20 ns
tf Fall time 20 ns

Figure 2. XSMT Timing for Soft Mute and Soft Un-Mute
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9.3.2.3 Zero Data Detect

The PCM510xA has a zero-data detect function. When the device detects continuous zero data, it enters a full
analog mute condition. The PCM510xA counts zero data over 1024 LRCKs (21ms @ 48kHz) before setting
analog mute.

In Hardware mode, the device uses default values. By default, Both L-ch and R-ch have to be zero data for zero
data detection to begin the muting process etc.

9.3.3 XSMT Pin (Soft Mute / Soft Un-Mute)

An external digital host controls the PCM510xA soft mute function by driving the XSMT pin with a specific
minimum rise time (tr) and fall time (tf) for soft mute and soft un-mute. The PCM510xA requires tr and tf times of
less than 20ns. In the majority of applications, this is no problem, however, traces with high capacitance may
have issues.

When the XSMT pin is shifted from high to low (3.3 V to 0 V), a soft digital attenuation ramp begins. –1-dB
attenuation is then applied every sample time from 0 dBFS to –∞. The soft attenuation ramp takes 104 samples.

When the XSMT pin is shifted from low to high (0 V to 3.3 V), a soft digital “un-mute” is started. 1-dB gain steps
are applied every sample time from –∞ to 0 dBFS. The un-mute takes 104 samples.

In systems where XSMT is not required, it can be directly connected to AVDD.
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9.3.2.3 Zero Data Detect

The PCM510xA has a zero-data detect function. When the device detects continuous zero data, it enters a full
analog mute condition. The PCM510xA counts zero data over 1024 LRCKs (21ms @ 48kHz) before setting
analog mute.

In Hardware mode, the device uses default values. By default, Both L-ch and R-ch have to be zero data for zero
data detection to begin the muting process etc.

9.3.3 XSMT Pin (Soft Mute / Soft Un-Mute)

An external digital host controls the PCM510xA soft mute function by driving the XSMT pin with a specific
minimum rise time (tr) and fall time (tf) for soft mute and soft un-mute. The PCM510xA requires tr and tf times of
less than 20ns. In the majority of applications, this is no problem, however, traces with high capacitance may
have issues.

When the XSMT pin is shifted from high to low (3.3 V to 0 V), a soft digital attenuation ramp begins. –1-dB
attenuation is then applied every sample time from 0 dBFS to –∞. The soft attenuation ramp takes 104 samples.

When the XSMT pin is shifted from low to high (0 V to 3.3 V), a soft digital “un-mute” is started. 1-dB gain steps
are applied every sample time from –∞ to 0 dBFS. The un-mute takes 104 samples.

In systems where XSMT is not required, it can be directly connected to AVDD.
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9.3.2.3 Zero Data Detect

The PCM510xA has a zero-data detect function. When the device detects continuous zero data, it enters a full
analog mute condition. The PCM510xA counts zero data over 1024 LRCKs (21ms @ 48kHz) before setting
analog mute.

In Hardware mode, the device uses default values. By default, Both L-ch and R-ch have to be zero data for zero
data detection to begin the muting process etc.

9.3.3 XSMT Pin (Soft Mute / Soft Un-Mute)

An external digital host controls the PCM510xA soft mute function by driving the XSMT pin with a specific
minimum rise time (tr) and fall time (tf) for soft mute and soft un-mute. The PCM510xA requires tr and tf times of
less than 20ns. In the majority of applications, this is no problem, however, traces with high capacitance may
have issues.

When the XSMT pin is shifted from high to low (3.3 V to 0 V), a soft digital attenuation ramp begins. –1-dB
attenuation is then applied every sample time from 0 dBFS to –∞. The soft attenuation ramp takes 104 samples.

When the XSMT pin is shifted from low to high (0 V to 3.3 V), a soft digital “un-mute” is started. 1-dB gain steps
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9.3.2.3 Zero Data Detect

The PCM510xA has a zero-data detect function. When the device detects continuous zero data, it enters a full
analog mute condition. The PCM510xA counts zero data over 1024 LRCKs (21ms @ 48kHz) before setting
analog mute.

In Hardware mode, the device uses default values. By default, Both L-ch and R-ch have to be zero data for zero
data detection to begin the muting process etc.
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An external digital host controls the PCM510xA soft mute function by driving the XSMT pin with a specific
minimum rise time (tr) and fall time (tf) for soft mute and soft un-mute. The PCM510xA requires tr and tf times of
less than 20ns. In the majority of applications, this is no problem, however, traces with high capacitance may
have issues.

When the XSMT pin is shifted from high to low (3.3 V to 0 V), a soft digital attenuation ramp begins. –1-dB
attenuation is then applied every sample time from 0 dBFS to –∞. The soft attenuation ramp takes 104 samples.

When the XSMT pin is shifted from low to high (0 V to 3.3 V), a soft digital “un-mute” is started. 1-dB gain steps
are applied every sample time from –∞ to 0 dBFS. The un-mute takes 104 samples.

In systems where XSMT is not required, it can be directly connected to AVDD.
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9.3.2.3 Zero Data Detect

The PCM510xA has a zero-data detect function. When the device detects continuous zero data, it enters a full
analog mute condition. The PCM510xA counts zero data over 1024 LRCKs (21ms @ 48kHz) before setting
analog mute.

In Hardware mode, the device uses default values. By default, Both L-ch and R-ch have to be zero data for zero
data detection to begin the muting process etc.
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less than 20ns. In the majority of applications, this is no problem, however, traces with high capacitance may
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When the XSMT pin is shifted from low to high (0 V to 3.3 V), a soft digital “un-mute” is started. 1-dB gain steps
are applied every sample time from –∞ to 0 dBFS. The un-mute takes 104 samples.
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9.3.2.3 Zero Data Detect

The PCM510xA has a zero-data detect function. When the device detects continuous zero data, it enters a full
analog mute condition. The PCM510xA counts zero data over 1024 LRCKs (21ms @ 48kHz) before setting
analog mute.

In Hardware mode, the device uses default values. By default, Both L-ch and R-ch have to be zero data for zero
data detection to begin the muting process etc.

9.3.3 XSMT Pin (Soft Mute / Soft Un-Mute)

An external digital host controls the PCM510xA soft mute function by driving the XSMT pin with a specific
minimum rise time (tr) and fall time (tf) for soft mute and soft un-mute. The PCM510xA requires tr and tf times of
less than 20ns. In the majority of applications, this is no problem, however, traces with high capacitance may
have issues.

When the XSMT pin is shifted from high to low (3.3 V to 0 V), a soft digital attenuation ramp begins. –1-dB
attenuation is then applied every sample time from 0 dBFS to –∞. The soft attenuation ramp takes 104 samples.
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are applied every sample time from –∞ to 0 dBFS. The un-mute takes 104 samples.
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#define CLK_MAX_32_MONOTENOUS_HIGH_TICKS \ 
{/* COL1            COL2          */\ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS - TIME_01_TICK, \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS - TIME_01_TICK, \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS - TIME_01_TICK, \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS - TIME_01_TICK, \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS - TIME_01_TICK, \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS - TIME_01_TICK, \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS - TIME_01_TICK, \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS - TIME_01_TICK, \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS - TIME_01_TICK, \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS - TIME_01_TICK, \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS,                \ 
    TIME_50_TICKS - TIME_01_TICK, \ 
} 

#define CLK_MAX_32_MONOTENOUS_LOW_TICKS \ 
{/* COL3            COL4          */\ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
    TIME_47_TICKS + TIME_01_TICK, \ 
}

(50 * 21) +  
(49 * 11) = 
1589 ticks

(48 * 32) = 
1536 ticks

1589 + 1536 = 
3125 ticks

3125 * 2 = 
6250 ticks * 10 ns = 
62.5 μs = 
stereo @ 16 kHz 

1 tick = 10 ns

This works for both 
mic ICS-52000 and  
headset PCM5100

XC is C syntax + X

✅
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9.3.2.3 Zero Data Detect

The PCM510xA has a zero-data detect function. When the device detects continuous zero data, it enters a full
analog mute condition. The PCM510xA counts zero data over 1024 LRCKs (21ms @ 48kHz) before setting
analog mute.

In Hardware mode, the device uses default values. By default, Both L-ch and R-ch have to be zero data for zero
data detection to begin the muting process etc.

9.3.3 XSMT Pin (Soft Mute / Soft Un-Mute)

An external digital host controls the PCM510xA soft mute function by driving the XSMT pin with a specific
minimum rise time (tr) and fall time (tf) for soft mute and soft un-mute. The PCM510xA requires tr and tf times of
less than 20ns. In the majority of applications, this is no problem, however, traces with high capacitance may
have issues.

When the XSMT pin is shifted from high to low (3.3 V to 0 V), a soft digital attenuation ramp begins. –1-dB
attenuation is then applied every sample time from 0 dBFS to –∞. The soft attenuation ramp takes 104 samples.

When the XSMT pin is shifted from low to high (0 V to 3.3 V), a soft digital “un-mute” is started. 1-dB gain steps
are applied every sample time from –∞ to 0 dBFS. The un-mute takes 104 samples.

In systems where XSMT is not required, it can be directly connected to AVDD.
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9.3.2.3 Zero Data Detect

The PCM510xA has a zero-data detect function. When the device detects continuous zero data, it enters a full
analog mute condition. The PCM510xA counts zero data over 1024 LRCKs (21ms @ 48kHz) before setting
analog mute.

In Hardware mode, the device uses default values. By default, Both L-ch and R-ch have to be zero data for zero
data detection to begin the muting process etc.

9.3.3 XSMT Pin (Soft Mute / Soft Un-Mute)

An external digital host controls the PCM510xA soft mute function by driving the XSMT pin with a specific
minimum rise time (tr) and fall time (tf) for soft mute and soft un-mute. The PCM510xA requires tr and tf times of
less than 20ns. In the majority of applications, this is no problem, however, traces with high capacitance may
have issues.

When the XSMT pin is shifted from high to low (3.3 V to 0 V), a soft digital attenuation ramp begins. –1-dB
attenuation is then applied every sample time from 0 dBFS to –∞. The soft attenuation ramp takes 104 samples.

When the XSMT pin is shifted from low to high (0 V to 3.3 V), a soft digital “un-mute” is started. 1-dB gain steps
are applied every sample time from –∞ to 0 dBFS. The un-mute takes 104 samples.

In systems where XSMT is not required, it can be directly connected to AVDD.
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9.3.2.3 Zero Data Detect

The PCM510xA has a zero-data detect function. When the device detects continuous zero data, it enters a full
analog mute condition. The PCM510xA counts zero data over 1024 LRCKs (21ms @ 48kHz) before setting
analog mute.

In Hardware mode, the device uses default values. By default, Both L-ch and R-ch have to be zero data for zero
data detection to begin the muting process etc.

9.3.3 XSMT Pin (Soft Mute / Soft Un-Mute)

An external digital host controls the PCM510xA soft mute function by driving the XSMT pin with a specific
minimum rise time (tr) and fall time (tf) for soft mute and soft un-mute. The PCM510xA requires tr and tf times of
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void mic_ics52000_stereo_in_16kHz_task_m ( // ICS-52000. USING THIS 
        out port          po_WS_mic,  
        in port           pi_SD_mic,  
        out port          po_SCK_mic,      
        streaming chanend sch_ma,  // 16 kHz knock! 
        chanend           ch_ama)  // 16 kHz come! data! = bidirectional 
{                                                      
    SCK_ticks_t            timeout_next_edge_ticks_128arr [NUM_EDGES_STEREO_128]; 
    unsigned               ibits_stereo_decs_128arr       [NUM_EDGES_STEREO_128]; 
    unsigned               imic_128arr                    [NUM_EDGES_STEREO_128]; 
    port_val_e             port_WS_128arr                 [NUM_EDGES_STEREO_128];  
    audio_sampling_state_e audio_sampling_state_128arr    [NUM_EDGES_STEREO_128]; 
    audio_t                SD_in_bit0; 

    make_2048kHz_edges_for_16kHz_stereo_ticks ( 
        timeout_next_edge_ticks_128arr); // 128: SCK_ticks_t audio, 6250 ticks (62.5 us) 

    make_ics52000_stereo_bitbanged_params ( 
        ibits_stereo_decs_128arr,     // 128: [31,31..  0,0][31,31..  0,0] 
        imic_128arr,                  // 128: [0.. 1] 64 of each 
        port_WS_128arr,               // 128: [PORT_HIGH,PORT_HIGH, then 126 PORT_LOW] 
        audio_sampling_state_128arr); // 128: audio_sampling_state_e as pairs of 64 

    // More init 

    // while (true) // next page 

} // mic_ics52000_stereo_in_16kHz_task_m

XC code compiled with XMOS xTIMEcomposer 14.4.1 (Dec2019). Now C + lib_xcore new choice for new products

 mic_ics52000_stereo_in_16kHz_task_m 

Microphone

{
«All» is table 
driven to avoid 
unnecessary if-

tests 



    [[ordered]] 
    select {

 mic_ics52000_stereo_in_16kHz_task_m (cont.)

        case ch_ama :> knock_come_frame_number_expected : {  
            audio_send_actions = asa_got_come_send; 
        } break;

while (true) {

        case tmr_SCK when timerafter (tmr_SCK_timeout_ticks) :> void: { 
            const audio_sampling_state_e audio_sampling_state = audio_sampling_state_128arr [iedge_incs]; 
                 
            // Do all port outputs immediately to get the least SCK duty cycle variations:  
            po_WS_mic  <: po_WS_val;       // BIT0 
            po_SCK_mic <: po_SCK_bit0_val; // BIT0 

            if (audio_sampling_state == ass_in_bit) { 
                pi_SD_mic :> SD_in_bit0;  
            } else {} 
              
            switch (audio_send_actions) { // HANDLE SEND STATE MACHINE 
                // State and table driven code           
            } 
                 
            switch (audio_sampling_state) { // HANDLE ICS-52000 STATES 
               // State and table driven code               
            }  

            po_SCK_bit0_val = iedge_incs;  

            iedge_incs = (iedge_incs + 1) % NUM_EDGES_STEREO_128; 
            po_WS_val  = port_WS_128arr[iedge_incs]; // For next port output 
                
            tmr_SCK_timeout_ticks += timeout_next_edge_ticks_128arr [iedge_incs]; 
        } break;  
    } // select 
} // while ✅
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Message sequence diagram (MSG)

mics_in_headset_out_c_task_a logger_task_l2

sample + dim = data_sch_phase1_t
select 2

data_ch_phase2_t = dim + UIselect 1:
512 samples frame buffer 

data output @ 32 ms samples[dim] = data_ch_phase3_t

mic_samples_info

frame

get_next_mic_frameselect 1

if dim > NUM_000

sample and dim

(dim>NUM_000)->samples[dim] 
clone

FFT, calcs

(not wait_for_task_b) &  
select 3 timerafterselect 3 timerafter

dark display? etc.

[[ordered]]
select 1-5

Before while(1)

[[ordered]]
select
1:COME

2:timerafter

[[ordered]]
select 1-3

Send
full

buffer

select 1-2

next_curve_ok
select 1

or in timerafter  
(loop_send_to_logger)

select 2

(do_curve) &  
select 1 timerafter

select 1

data_ack_ui

4 results 
(no knock, ack, nack scheme)

select 2

receive_twice_in_y
send_twice_in_x

knock_reason:
in_ui_in_ack

select 1
Data from user in menu select 2, then

none, 1 or 3 extra inputs

select 2: data input

FRAM_meta
Before while(1)

HANDLE_SEND_RESULT_
TO_TASK_B

HANDLE_RESPONSE_
FROM_TASK_B (1)

HANDLE_RESPONSE_
FROM_TASK_B (2)

in_ui_then_next

"next" none, 1 or 3 extra values

knock_reason:
out_dsp_result_after_ack

task_ab_sync

handle_Beep_BRRR_c_appl_task_b buffer_A_task_x1 dsp_task_y

data_ack_ui

task_ab_sync

spectrum

clone
"NUM_000"

if dim = NUM_000

buffer_B_task_x2
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Øyvind Teig

phase1_sch_mic_sample

ch_bx_ack

Immediately get 
rid of sample by 
sample

i2c_client_task_i i2c_master

I2C commands

lib_i2c

Display
Display commands

FRAM memoryFRAM memory commands

i2c_master_single_port

lib_i2c

spectrum

pwm_task_wheadset_pcm5100_stereo_out_16kHz_task_h mic_ics52000_stereo_in_16kHz_task_mbuttons_demux_task_d
button_task_e

button_task_e

1..4

KNOCK in timerafter:
frame_number

COME: frame_number

synch

sch_ma
(streaming chan
= synch buffered)

ch_ama

ch_ama
Before while(1)

DATA atomic in timerafter: 
mono_sample

ch_ama

[[ordered]]
select

1:stereo_sample_in
2:timerafter

ch_ahstereo_sample_in Scaled
@ 16 kHz

synchch_ah

Possibly new AGC 
(Automatic Gain 
Control) for each 
frame buffer

@16kHz

@16kHz

First collecting 
512 16kHz samples 

Then scaling and 
sending off 512 
samples buffer

if_button[4]

if_pin[4]

Out 2 single bits ports

In 1 single bit port

Out 3 
single

bit ports

In one 4 
bits port

if_pwm
Out 1 single bit port

PWM for microampmeter
to observe clean vs. noisy

power of signal

Display
FRAM memory

tile[1]

tile[1]
4-chan 
DAC4_mcp4728
spectrum
to scope
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1: Starting to 
get rid of mic 

bits by 
«KNOCK» when 
bit23-bit0 have 
been read @24 
bits into each 
64 bits frame 

(mono)

Headset out Mic in Buffer, router, gain, framer

2:

3:
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Why this works
1. Tolerant mic input and headset output chips!


2. Pins (I/O) are treated directly in XC, talking with I/O HW units


3. No interrupt handlers of any sort, ie. no priority or any nested such


4. XMOS xCore «logical core» tasks do not interfere with each other.  
8 cores per tile. Two tiles


5. (HW scheduler and round robin cycles sharing.  
Broadly speaking 1/8 of cycles per core per tile)


6. The three tasks shown here run on tile[0] and a core[n] each


7. My 10 ns timer ticks resolution is only up to «this» task,..


8. provided communication is instant (here using chan and streaming chan)


9. For the mic this means the code will have to do the next edge within some 470 ns sharp


10.Using my «knock-come» deadlock free pattern then «disturbance» from communication  
is well within this
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Thank you!

✅
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Øyvind Teig, Trondheim, Norway

This presentation also published at  

https://www.teigfam.net/oyvind/home/technology/266-ieee-copa-2025-fringe/
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