
 
Microphone Array Module 

 

Module formation: ring/line 

Number of matrices: 1/2/4 +1 

Module size: Scalable 

Wake distance: <20 meters 

Identify distance: less than 8 meters 

Interface: USB/I2C/UART/I2S 

SNR: SNR > 65dB 

False arousal rate: <0.3 times/day 

Working temperature: - 20 ℃ ~ 80 ℃ 

Noise suppression: >20dB (dynamic) 

Sound source localization: 360 ° (horizontal) 

Positioning accuracy, plus or minus 10 ° 

(horizontal) 

Sensitivity: > -42dBV @94db 1kHz 

Echo cancellation: support mono and stereo echo 

cancellation 

Wake rate: 4m wake-up rate > 95%, 8m wake-up 

rate >90% 

Recognition rate: 3m recognition rate > 95%, 6m 

recognition rate >90% 

 

Voice UI module 

 

The far field speech interactive module adopts 
the high integration modular design, which has 
wide applicability and convenient operation and 
development, which opens the door to the 
development and application of remote speech 
recognition for users. 

The module with omnidirectional sensei, sound 
source direction finding, directional sound 
pickup, elimination noise suppression, reverb, 
echo offset, abnormal sound detection 
identification technologies such as function, meet 
the demand of all users in the field of voice 
interaction. 

This module adopts the universal flexible USB 
port and can easily access the user's main control 
development board, so that the user's products 
immediately have the ability of remote speech 
recognition. The module also supports a variety 
of interfaces such as UART/I2C that enable users 
to design the best designs according to their own 
product plans. 

This module is suitable for the intelligent medical, 
automotive entertainment, robot, intelligent 
home, intelligent speakers, such as wide range, 
allows users to quickly complete product 
planning and design, performance verification, 
finished product production and the market. 


