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1 Introduction

The i.MX RT595 is a dual-core microcontroller featuring an Arm Cortex-M33
core combined with a Cadence Tensilica Fusion F1 Audio DSP core. Both
processors are running at frequencies of up to 200 MHz. It offers an audio
subsystem supporting up to eight DMIC channels. The subsystem includes the
dual-channel Digital PDM Microphone Interfacev(DMIC) and Hardware Voice
Activity Detector (HWVAD).

The purpose of this document is to provide a method of voice wake-up and
recognition using i.MX RT595. In this method, the application works in two
states, listening state and processing state. This document introduces the
operating mechanism, conversion conditions, and power consumption of each
state. Both CM33 and DSP are involved in this application.

2 System architecture

In this document, the acquisition of voice data is done by a single-channel
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digital microphone. Figure 1 shows the timing diagram of the entire application. In combination with the HWVAD, it provides lowest
power consumption in listening mode. Except for the short periods with DMA activities, the MCU can remain in Deep-sleep mode
until the wave envelope detector of the HWVAD identifies an energy change event and issues an interrupt.

In fact, the system is in the listening state most of the time to save power consumption. It enters the processing state only when

it detects that there is sound around or the voice band energy.

The following sections describe each state in blocks.
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Figure 1. Application timing diagram

» TIMEO -> Initializing

This process is mainly for the initialization of various peripherals, clocks, and memory. The specific work is as follows. In

particular, to save power consumption, the DSP does not run.
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1. Pin and clock initialization

DSP does NOT start

Init DMIC, DMA, HWVAD, LPOSC, No PLL
FRO trimmed at 96 MHz

CM33 = FRO/2 = 48 MHz, VDD Core =0.75V
SRAM 5 MB array and peripheral

* TIME1 -> Listening

S

Listening mode follows initialization. In this state, the CM33 enters deep-sleep mode and DSP does not run. The DMIC clock
source is set to LPOSC to ensure that all components in system are in low-power mode (both i.MXRT595 and DMIC).

Set DMIC DMA FIFO depth to 16 and PCM sample rate to 16 kHz. Set register so that DMIC DMA can also work in deep-sleep
mode. For details, see Work process.

1. DMIC DMA wakes up every 1 ms use for DMIC data acquisition.
2. CM33 wakes up every 10 ms to store audio history data.
3. Keep storing latest data, discarding oldest data.

When HWVAD detects a sound around or the voice band energy, the listening state is terminated and the system enters the
next state.

* TIMEZ2 -> Processing

In the processing state, the CM33 is awakened and the DSP starts to run. The CM33 continues to control DMIC DMA to get
data and store it in ringbuf. DSP reads data from ringbuf then transmits it to VIT for recognition.

Semaphores2 (SEMA42) is used for SRAM access mutual exclusion.
Check whether there is new sound every 3 seconds. If no, enter the next state.
* TIME3 -> Re-enter Listening

Once no sound is detected within 3 seconds for a certain time, re-enter the listening state. The situation in this state is the
same as TIME1.

3 Peripheral configuration

3.1 DMIC subsystem module

In DMIC audio acquisition, audio quality and power consumption are related to different PDM clock. Higher clock makes better
audio quality and higher power consumption.

The DMIC subsystem includes digital PDM microphone interface and Hardware Voice Activity Detector (HWVAD). To balance
power consumption and voice quality, two clock configurations are used for the subsystem. In addition, the function of HWVAD
is to convert the application from the listening state to the processing state. After the conversion, the HWVAD ISR can be turned
off and wait for the next listening state to arrive.

3.1.1 Clock configuration

3.1.1.1 PCM sample rate
The filter block for PDM to PCM conversion consists of four stages, as shown in Figure 2.
1. Cascaded-Integrator Comb (CIC) filter
Convert the PDM stream from the digital microphone into PCM data with a given OverSampling Rate (OSR).

2. Decimate
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Decimate by 2 and compensate for a roll-off at the upper limit of the audio band.
3. Decimate again

Decimate the signal again by half, resulting in a PCM signal with the desired sample rate.
4. DC filter

Remove any unwanted DC component in the audio signal.

- -2 PCM
—_— —— » samplerate
ciciter] sén [ g [Haffband [ oz | 380 [ g THalfband | Aéw
PDM — * silter decimator filter * silter decimator >
- OSR "2 -2 b%%k e
| filter
2 FS PCM "

Figure 2. Principle structure of the PDM to PCM conversion

After the above four stages, the PCM sample rate can be obtained as follows.

DMIC clock rate

PCM sample rate = > X OSR ,2 Fsused
Equation 1.
_ DMIC clock rate
PCM sample rate = T 4A%O0SR ,1 Fsused
Equation 2.

3.1.1.2 Change clock during acquisition

To balance power consumption and voice quality, there are different clock configurations for listening state and processing state.
This section discusses how to change the DMIC operating clock during acquisition. It is expected that PCM sample rate keeps
same while PDM clock change.

2FS 1FS
Half band |_| FIR | PCM Half band | PCM DC
decimator| " [filter decimator Bus
block FIFO= .
filter interface

1
© useors DCCTRL

PDM PDM
data -'capture
G
(o=
w
O:
&

to 125 of
Flexcomm Interface 0
(channels 0 and 1 only)

PDMSRCCFG —»

PREAC4FRSCOEF
PREAC2FRSCOEF

to HWVAD
(channel 0 only)

Figure 3. DMIC channel block diagram

There are three positions can be changed, as shown in red in Figure 3. To ensure that the PCM sample rate remains the same,
the change must consider the formula in PCM sample rate.

* Red mark 1

Change DMIC clock source and division factor, as shown in Figure 4. Different clock rate can be obtained at the red position
1 in Figure 3.
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FRO DIV4 [\
—— {000
LT | 1o DMIC Subsysiem
mt:lk_ln= 010 clock dlwden;_; DMIC Clock| "~
Divider
1m_lposc
———011 t
32k_wake_clk= 100 DMICOFCLKDIV
DMICOFCLKSEL

Figure 4. DMIC PDM clock selection

+ Red mark 2

If the USE2FS register bit is set to 1, the lIR filter and half band decimator in Figure 3 can be ignored and the clock frequency
does not need to be divided by 2 again. Calculate the PCM sampling rate according to Equation 1. Otherwise, use Equation 2.

Red mark 3
Position three is changing CIC decimator OSR.

The OSR of the CIC decimator can be changed through the DM/C_ConfigChannel API. As the decimator OSR changes, the
CIC integrator changes cumulatively and the gain shift must be changed accordingly.

The CIC filter is full 32-bit dynamic range, and up to 24 bits can be selected for output. Once the order and OSR are
determined, MAX CIC GAIN is fixed and it may overflow if it exceeds this value.

L.MXRT600 PDM MEMS Microphone Audlio Path Optimal Settings (document AN12590) suggests the gain setting in different
OSR. The gain shift is designed to compensate for the Effective Number Of Bits (ENOB) reduction and to use a full 32-bit
dynamic range on the CIC. The half band filters then produce 24-bit output. Theoretically, the gain shift value can be calculated
using Equation 3.

gainshift = 32 — ENOBENOB = ceiling(logz(OSRord")) + B_Input, where B_Input = 2

Equation 3.

Among them, B_/nputis PDM input bit depth.

To be full scale, the recommended values of gain shift are as shown in Table 1.

Table 1. CIC setting

OSR ORDER 5 ENOB ORDER 5 Gain shift / ORDER 4 ENOB ORDER 4 Gain shift
8 17 15 / 14 18
16 22 10 / 18 14
24 25 7 / 21 11
32 27 5 / 22 10
48 30 2 / 25 7

Table continues on the next page...
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Table 1. CIC setting (continued)

OSR ORDER 5 ENOB ORDER 5 Gain shift / ORDER 4 ENOB ORDER 4 Gain shift
64 32 0 / 26 6
96 35 N/A / 29 3

128 37 N/A / 30 2

192 40 N/A / 33 N/A

Decimator switch automatically on ORDER 4 for all OSR > 64.

According to Table 1, if OSR is changed along with the PDM clock, the gain shift must be changed at the same time.

When changing the PCM frequency by modifying the OSR, the decimator must be changed while resetting state, as shown
in Code Listing 1.

DMIC ResetChannelDecimator (DMICO, (kDMIC EnableChannelO << i), true);
if((i & 2) == 0)

DMIC ConfigChannel (DMICO, (dmic channel t) (kDMIC ChannelO + i), kDMIC Left,
&dmic_channel cfq);
else

DMIC ConfigChannel (DMICO, (dmic channel t) (kDMIC ChannelO + i), kDMIC Right,
&dmic channel cfgqg);
DMIC ResetChannelDecimator (DMICO, (kDMIC EnableChannelO << i), false);

Code Listing 1. Initialization and listening state DMIC clock setting

In addition, the output of voice data can be 16 bits or 24 bits. The SIGNEXTEND bit and SATURATEAT16BIT bit in DC Filter
Control register change with the choice of the number of bits.

— When output 16 bits, saturation = 1, SignExtend = 0
— When output 24 bits, saturation = 0, SignExtend = 1

3.1.1.3 Actual clock configuration
« Initialization and listening state

When the application is in the initialization and listening state, LPOSC is used as the DMIC clock source. It is low power and
the audio quality is less important in listening mode.

To ensure that the PCM sampling rate close to 16 k, the parameters are configured as follows.
— Clock source: LPOSC
— division factor: 2
— OSR: 16
— Gainshift: 8
— Saturation = 1
— SignExtend =0
— Use2Fs =1 NOTE
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DMIC clock rate _ 1000000/2
2 X OSR T 2x16

PCM sample rate = = 15625Hz

Equation 4.

Code Listing 2 shows the corresponding configuration code.

static dmic_channel config t dmic channel cfg;

CLOCK AttachClk (KLPOSC_to DMIC);
CLOCK_SetClkDiv (kCLOCK DivDmicClk, 1);

memset (&dmic channel cfg,0U,sizeof (dmic channel config t)):;

dmic_channel cfg.divhfclk = kDMIC PdmDivl;
dmic_channel cfg.osr = 16;

dmic_channel cfg.gainshft = 8U;

dmic_channel cfg.preac2coef = kDMIC_CompValueZero;
dmic_channel cfg.preacd4coef = kDMIC_CompValueZero;
dmic_channel cfg.dc_cut_level = kDMIC_DcCutl55;
dmic_channel cfg.post dc gain reduce = 0U;
dmic_channel cfg.saturatelébit = 1U;

dmic_channel cfg.sample rate = kDMIC_ PhyFullSpeed;

#if defined (FSL_FEATURE DMIC CHANNEL HAS SIGNEXTEND) &&
(FSL FEATURE DMIC CHANNEL HAS SIGNEXTEND)

dmic_channel cfg.enableSignExtend = false;
#endif

DMIC Use2fs (DMICO, true);
DMIC ConfigChannel (DMICO, kDMIC ChannelO, kDMIC Left, &dmic channel cfg);

Code Listing 2. Initialization and listening state DMIC clock setting

In addition, we can have DMA service during deep-sleep mode without waking up Arm processor by using HWWAKE register.
Peripheral FIFO levels trigger these wake-ups. When DMA transfer completes, DMA interrupt awakes Arm.

When a peripheral that is able to operate (at least in some modes) during deep-sleep reaches its programmed FIFO threshold,
it can cause bus clocks to be temporarily enabled. During that time, DMA can move data from the peripheral to memory or
from memory to the peripheral. When DMA completes, full deep-sleep mode is resumed.

To achieve this purpose and enable HWVAD to wake up the device from deep-sleep mode, perform the settings as shown
in Code Listing 3.

SYSCTLO->HWWAKE |= SYSCTLOiHWWAKEiDMICWAKEiMASK | SYSCTLOiHWWAKEiDMACOWAKEiMASK;
EnableDeepSleepIRQ (HWVADO IRQn) ;

Code Listing 3. HWWAKE setting

In fact, we tried to set the CM33 clock to 12 M or 48 M respectively in the listening state. The results show that when the CM33
is running at 12 M, the IDDCORE is about 200 pA, and when it is running at 48 M, the IDDCORE is about 180 pA.

As mentioned above, CM33 is briefly awakened and does something in the listening state. When the frequency of CM33 is
lower, it takes a longer time to enter the deep-sleep mode again and has higher power consumption in this state.

* Processing state

When the application is in the processing state, FRO is used as the DMIC clock source. Since FRO has been trimmed and
enabled as 96 M, FRO_DIV4 clock is 24 M.

The parameter setting must meet two conditions:

1. The sampling rate is also around 16 k.
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2. The voice amplitude cannot be too different from the previous one.

From the CIC setting in Table 1, when the OSR changes, the gain shift also changes. Also, when the OSR is 16 and 25

respectively, the gain shift difference is about 3.
— Clock source: FRO_DIV4
— division factor: 30
— OSR: 25
— Gainshift: 5
— Saturation = 1
— SignExtend = 0
— Use2Fs =1

DMIC clock rate _ 24000000/30

PCM sample rate = > < OSR

Equation 5.

5% 25 =16000Hz

Code Listing 4 shows the corresponding configuration code.

CLOCK_AttachClk (kFRO DIV4 to DMIC) ;
CLOCK_SetClkDiv (kCLOCK DivDmicClk, 60) ;

dmic_channel cfg.osr = 25;
dmic_channel cfg.gainshft = 5;

Code Listing 4. Processing state DMIC clock setting

DMIC ResetChannelDecimator (DMICO, kDMIC EnableChannelO, true);

DMIC ConfigChannel (DMICO, kDMIC ChannelO, kDMIC Left, &dmic channel cfq);

DMIC ResetChannelDecimator (DMICO, kDMIC EnableChannelO, false);

3.1.2 HWVAD

HWVAD is used to determine whether a sound is detected and itimplements a wave envelope detector and a floor noise envelope
detector. The interrupt is issued when a specific delta between the signal and the noise result is detected. The HWVAD can be

active when the DMIC interface is active.

For HWVAD, its input signal can only come from DMIC channel 0 and it is optimized for PCM signals with 16 kHz

sampling frequency.

Figure 5 shows the HWVAD interrupt structure.

DMIC HWYVAD IRQ

Peripheral

Figure 5. HWVAD interrupt structure

Cortex-M33
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Below describes the details for the red marks in Figure 5:
* Red mark 1
It enables the HWVAD interrupt in the NVIC.
* Red mark 2

It indicates the interrupt-related registers in the NVIC, Interrupt Set Pending Registers (ISPR), and Interrupt Clear Pending
bits (ICPR).
In this document, whether the application detects the sound as the basis for state conversion.
In listening state, CM33 is in deep-sleep mode and DSP does not run. Enable the HWAVD interruptin NVIC and interrupt wake-up
inthe STARTEN1 register. When the sound is detected, the DSP starts/resumes operation, CTimer starts timing, and the HWVAD

interrupt does not need to be enabled in the NVIC (turning off the red mark one in Figure 5). Afterwards clear interrupt request as
shown in Figure 6.

HWVAD
interrupt request ___|

ST10 H

Figure 6. Reset HWVAD interrupt flag

Code Listing 5 shows the process.

void (void)

{
volatile int i;
/* reset hwvad internal interrupt */
DMIC CtrlClrIntrHwvad (DMICO, true);
/* wait for HWVAD to settle */
if (dsp_started == 0) {

dsp started = 1;

// DSP_Start();
DSP_RESUME () s
DisableDeepSleepIRQ (HWVADO IRQn) ;
CTIMER StartTimer (CTIMER2) ;

}

for (1 = 0; 1 <= 500U; i++)

{

}

/*HWVAD Normal operation */

DMIC CtrlClrIntrHwvad(DMICO, false);

Code Listing 5. HWVAD interrupt callback

In processing state, disables the HWVAD interrupt in NVIC and interrupt wake-up in the STARTEN1 register, so it will not enter
the pMIcO0_HWVAD callback function. The CTimer interrupt time is set to 3 s. Whenever an interrupt comes, read the ISPR bit in
the red mark 2 (Figure 5) to determine whether there is a sound. If a sound has been detected, clear the pending bit through ICPR

Low-power Voice Wake-up and Recognition based on i.MX RT595, Rev. 0, 01 April 2022
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and HWVAD interrupt request without any other processing; otherwise, enable the HWVAD interrupt and enter the listening state
at the same time.

Code Listing 6 shows the process.

void ctimer matchO callback(uint32 t flags)
{
uint32_t hwvad_flag;
hwvad flag = NVIC GetPendingIRQ (HWVADO IRQn) ;
if (hwvad flag)
{
DMIC CtrlClrIntrHwvad(DMICO, true);
/* Delay to clear first spurious interrupt and let the filter converge */
for (int 1 = 0; i <= 500U; 1i++)
{
}
/*HWVAD Normal operation */
DMIC CtrlClrIntrHwvad(DMICO, false);
NVIC ClearPendingIRQ (HWVADO IRQn) ;
}
else
{
dsp_started = 0;
EnableDeepSleepIRQ (HWVADO IRQn) ;
// DSP Stop () ;
DSP_ POWERDOWN () ;
CTIMER StopTimer (CTIMER2) ;

Code Listing 6. Ctimer interrupt callback

3.2 Semaphores2

Semaphpres2 (SEMA42) is a memory-mapped module that provides robust hardware support needed in multicore systems
for implementing semaphores and provides a simple mechanism to achieve lock and unlock operations via a single - write
access. The hardware semaphore module provides hardware-enforced gates and other useful system functions related to the
gating mechanisms.

In this document, SMEA42 is used for mutual exclusion between CM33 and DSP to access shared memory. Before each master
accesses the shared memory, it locks the memory through SMEA42 and unlocks it after the access is complete. For details, see
Chapter 43 in UM.

Code Listing 7 shows how to lock and unlock.

void Core Lock(uint8 t gate)
{

#if defined(CPU_MIMXRT595SFFOC cm33)
SEMA42 Lock (SEMA42, gate, 1);
#elif defined (CPU_MIMXRT595SFFOC_dsp)
SEMA42 Lock (SEMA42, gate, 3);
#endif

}

void Core unLock (uint8 t gate)

{

Low-power Voice Wake-up and Recognition based on i.MX RT595, Rev. 0, 01 April 2022
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SEMA42 Unlock (SEMA42, gate);
}

Code Listing 7. Example 7 Method of locking and unlocking

4 Work process

This chapter systematically describes the voice wake-up and recognition work process.

» Current work strategy describes the current work strategy, including the mutual conversion conditions between listening
state and processing state.

» Other strategies describes other strategies for the transition from the processing state to the listening state.

4.1 Current work strategy

Figure 7 shows the transition from sleep state to processing state. The areas marked with red numbers must be paid attention to.

—_——— 1

ARM CM33 |
HWWAKE |
HWWAKE .
- . DMIC DMAIRQ write(half mode) | R
Listle::'ni.u]gn::ale . . 1) write(half mode) |
Deepsleep mode| _HWWAKE | n
TeenieeR. HWWAKE |
HWWAKE
HWWAEKE
. DMIC DMAIRQ
10 * 1ms . : - »
Listening state HW\.'\‘. .
Deepsleep _HWWAKE |
Deepsleep mode W

HWVAD IRQ
Y A D @ Start DSP
@ Switch DMIC CLOCK niiiitiie

©  Start CTIMER

HWWAKE
HWWAKE
- . " DMIC DMAIRQ write(full mode)
10 * lms . . -
Processing state

Sleep mode

HWWAKE

HWWAKE

Voice recognition

Figure 7. Voice wake-up and recognition diagram

Below describes the details for the red marks in Figure 7:
* Red mark 1: DMIC DMA IRQ

In clock distribution, the PCM sampling rate is 16 kHz, that is, there are 16 samples in 1 ms. The DMIC FIFO trigger level is set
to 16 entries, which is equivalent to HWWAKE coming every 1 ms. DMA transfer is set to 10 ms data size, which is equivalent
to DMA IRQ coming every 10 ms. The setting of the HWWAKE register in Code Listing 2 causes both of them to wake up the
CM33 briefly.
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The pMICc_MODESELO and pMIC MODESELL pins determine the CM33 status at this time, as shown in Figure 8. Determine the
CM33 status at this time, where 00 stands for active/sleep mode, 10 stands for deep-sleep mode.

¥ Annotations

¥ Analyzers

Async Serial

Figure 8. PMIC_MODESEL state diagram

* Red mark 2: Switch DMIC Clock
For details, see Change clock during acquisition.
* Red mark 3: Start CTIMER

Determine whether a sound is detected within 3 seconds in each CTimer interrupt, and whether to re-enter the listening state
according to the result. For details, see HWVAD.

* Red mark 4: Start DSP

There are two ways to stop DSP operation: DSP Stall and DSP Power down. The difference between them is that DSP
operation can be resumed by exiting DSP Stall mode without DSP reset. But if DSP is power down, DSP must be
reset for another run. For details about the two stop methods and the corresponding start methods, see Using DSP in
Lowpower Design.

If the XOS system is not used in the DSP application, use the DSP Stall method to stop or run the DSP (that is, call DSP_Stop
and DSP_Start API). Otherwise, use another method.

* Red mark 5: Half mode/Normal mode
To ensure the integrity of the data received by the DSP, it is necessary to keep some historical data in the ringbuf.

In the listening state, CM33 uses Half mode to store DMIC DMA data in ringbuf. By saving the latest data and discarding
the oldest data, the stored historical data does not exceed half the size of the entire ringbuf.

When entering the processing state, the DSP starts to run and sets the access ringbuf mode to Normal mode. The DSP side
reads data from the ringbuf and recognizes it through VIT. The CM33 side continues to write data to the ringbuf using the
Normal mode.

4.2 Other strategies

In fact, the specific voice recognition algorithm determines when to transition from the processing state to the listening state. In this
document, the algorithm is VIT and the condition for the transition is no sound is detected within 3 seconds. That is, the pending
bit in the ISPR register is not set in the CTimer interrupt.

For VIT algorithm, the voice command must be spoken within 1.5 seconds after the wake-up word is recognized. Otherwise, the
wake-up word must be spoken again. Ideally, to reduce the time in the processing state, we can choose the other strategy. When
wake-up word is detected, reset the CTimer counter.

5 Power measurement

There are various power domains in i.MX RT595 EVK. The power domains are supplied by different power rails, as illustrated in
L.MX RT500 Power Management (document AN13162).

Low-power Voice Wake-up and Recognition based on i.MX RT595, Rev. 0, 01 April 2022
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On i.MX RT595 EVK, jumpers are reserved for power measurement in different domains. Digital multimeter is placed in series
instead of jumpers.

Among them, the power domains that this document focuses on are summarized in Table 2.

Table 2. i.MX RT595 EVK power domains

Power domain Power supply Power sink Jumper
VDD core PMIC_SW1_OUT CM33, DSP, SRAM, Peripherals IP JS25
VDD1V8 PMIC_SW2_OUT Analog (PLL, OSC, ADC), OTP, PMC JS30
VDDIOO MCU_1V8 (PMIC_SW2_OUT) FlexSPI0O NOR FLASH IOs JS20
VDDIO1 MCU_1V8 (PMIC_SW2_OUT) DMIC I0s Js21

5.1 Power measurement in listening state

In this state, the CM33 enters deep-sleep mode and DSP does not run. DMIC DMA wakes up every 1 ms use for DMIC data
acquisition, CM33 wakes up every 10 ms to store voice history data.

As mentioned above, the CM33 is briefly awakened and does something in the listening state. When the frequency of CM33 is
lower, it takes a longer time to enter the deep-sleep mode again, so it has higher power consumption in listening state but lower
power consumption in processing state. It is a trade-off for power consumption in diff state.

Therefore, we list the power consumption comparison of the CM33 running at 48 M and 12 M.

When running at 48 M, the vddcore voltage is around 0.621 V most of the time, and at 0.75 V when it is briefly awakened. The
average voltage is 0.668 V. Table 3 shows the power measurement result in the listening state at 48 M frequency.

When running at 12 M, Table 4 shows the result at 12 M frequency.

Table 3. Power measurement result under 48 M

Power domain Jumper Current
VDD core JS25 170 pA
VDD1V8 JS30 0.21 mA

VDDIOO0_1V8 JS20 110.5 pA

VDDIO1_1V8 JSs21 58.4 pA

Table 4. Power measurement result under 12 M

Power domain Jumper Current
VDD core JS25 210 pA
VDD1V8 JS30 0.21 mA

VDDIOO0_1V8 JS20 110.5 pA

VDDIO1_1V8 JSs21 58.4 pA
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5.2

Conclusion

Power measurement in processing state

In this state, the CM33 side is still storing the DMIC data in the ringbuf. The DSP side is getting the data from the ringbuf and
performing VIT identification. For the VIT algorithm, the DSP must run at least 96 M.

Table 5 shows the power measurement result in processing state when CM33 runs at 48 M and DSP runs 96 M. Table 6 shows
the result when CM33 runs at 12 M and DSP runs at 96 M.

Table 5. Power measurement result @ CM33 48 M DSP 96 M

Power domain Jumper Current
VDD core JS25 7.39 mA
VDD1V8 JS30 0.42 mA

VDDIOO0_1V8 JS20 115.4 pA

VDDIO1_1V8 Js21 95.8 A

Table 6. Power measurement result @CM33 12 M DSP 96 M

Power domain Jumper Current
VDD core JS25 6.13 mA
VDD1V8 JS30 0.42 mA

VDDIOOQ_1V8 JS20 115.1 pA

VDDIO1_1V8 JS21 95.8 A

6 Conclusion

This document describes a method of voice wake-up and recognition using i.MX RT595. To accomplish this mothod, the following
aspects must be considered:

1.

There are two mainly states in the application, listening and processing. Considering the work content of each state and
the transition conditions between states.

DSP access to ringbuf must retain some historical data, especially when switching from listening mode to processing
mode.

DMIC several clock conversion methods.

Two DSP operation and stop modes and their respective applicable conditions.
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