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Description

The product is an audio processor software, an innovative product developed based on hardware devices, featuring precise processing, real-time 
response, and multi-functionality. The software integrates audio processing control functions such as phantom power, ducking, expander, equalizer, 
compressor, automatic mixing, feedback suppression, delay, crossover, and limiter.

Feature
* Supports software management of 4-in-4-out, 8-in-8-out, 12-in-12-out, and 16-in-16-out channel devices, with individual switch configuration for 
flexibility and convenience.
* Allows storage of 8 preset modes for different usage scenarios, with quick switching between scene modes via software.
* Supports 199 preset scenes, with parameters from preset scenes applicable to any stored scene.
* Supports adding various types of demonstration devices, including DP, AI, and TS series devices.
* Supports adjustable ducking function, automatically ducking the microphone when background music is played, with multiple parameter settings for 
flexible on-site application.
* Supports adjustable extender function, reducing the gain of smaller signals and increasing the gain of larger signals, expanding the dynamic range of 
the audio signal to enhance dynamic response and realism.
* Supports adjustable equalizer function, with each channel featuring a 12-band parametric or graphic equalizer, offering 10, 15, and 31-band graphic 
equalizers; supports adjusting the volume of different frequency ranges in the audio signal, correcting the timbre and spectral balance for better listening 
effects and audio performance.
* Supports adjustable compressor function. By setting a threshold, the dynamic range of the audio signal can be controlled, keeping the audio volume 
stable within a certain range, avoiding excessive volume fluctuations, and preventing distortion when the audio signal reaches a certain volume 
threshold.
* Supports adjustable automatic gain function. Automatically adjusts the gain (volume) of the audio signal to maintain a consistent output audio volume 
for audio inputs of different volumes.
* Supports recording and playback automatic gain function, with on/off control, parameter reset, start level, and maximum gain.
* Supports adjustable automatic mixing function, including gain-sharing mixing and threshold automatic mixing. When multiple signal sources are present 
simultaneously, the gain-sharing mixing system automatically detects the volume level of each signal source and automatically adjusts the gain (volume) 
of the signal sources. Threshold automatic mixing supports setting a threshold. When the intensity of the audio signal exceeds or reaches the threshold, 
the mixing system automatically adjusts the volume of the signal; when the intensity of the audio signal is below the threshold, the volume of the signal is 
automatically reduced or muted.
* Supports adjustable feedback suppression function. This can eliminate or reduce potential noise or whistling problems in the audio system to ensure 
clear and stable audio output.
* Supports adjustable echo cancellation, eliminating echoes caused by sound reflections in rooms, spaces, or transmission paths, preventing noisy and 
chaotic auditory experiences.
* Supports AI echo cancellation, which eliminates acoustic echoes generated at the microphone end from the speaker signal in real time. It suppresses 
linear and nonlinear echoes while removing background noise in complex two-way and reverberation scenarios, maximizing the preservation of effective 
near-end speech, improving call clarity and natural interaction, and is compatible with full-duplex conferencing systems and remote communication 
terminals.

TS-YPCLR Software V1. 10



Digital Audio Processor Software

www.itctech.com.cn info@itc-pa.com.cn

* Supports adjustable matrix functionality, allowing users to flexibly route, mix, and process multiple audio input and output signals to meet the needs of 
different application scenarios.
* Supports adjustable delay functionality, allowing users to adjust parameters to introduce a certain amount of time delay to adjust the relative time of 
audio signals, achieving clarity, picture, and audio consistency.
* Supports adjustable crossover functionality, allowing users to perform frequency segmentation and partitioning of audio signals to achieve independent 
control and processing of different frequency ranges. Crossovers improve the flexibility and effectiveness of audio processing, providing users with a 
better audio experience.
* Supports adjustable limiter function. By setting a threshold, the amplitude of the audio signal can be controlled to prevent audio distortion and damage 
to audio equipment. This ensures that the audio output is within an appropriate range, providing better audio quality and protecting audio equipment.
* Features expert mode and normal mode switching. Expert mode provides a complete user interface with preamplifier, signal generator, expander, 
compressor, 12-band parametric EQ, 31-band graphic EQ, automatic gain control (AGC), AM automatic mixing (gate-based and gain-sharing), AFC 
adaptive feedback cancellation, AEC echo cancellation, ANC noise cancellation, and audio matrix display and control. Normal mode provides the main 
user interface functions, preventing untrained users from accidentally adjusting audio parameters. It includes input channels, output channels, USB 
playback, USB recording, channel gain adjustment, and mute switch control.
* Offers Chinese, English, French, and Traditional Chinese interfaces, with support for switching between Chinese and English.
* Features USB recording and playback function, supporting playback of MP3, WMA, SBC, and WAV audio formats via USB interface, recording MP3 
audio, and viewing and importing recorded audio to a local computer. * Supports GPIO settings, with a configurable 8-channel programmable GPIO 
control interface (customizable inputs and outputs).
* Supports integration with camera tracking systems via RS-485 and RS-232 interfaces for automatic camera tracking. Provides comprehensive camera 
setting options, including setting camera serial port number, camera address, camera protocol, pan/tilt speed, preset points, zoom, focus adjustment, 
aperture size, and camera rotation. Preset points can be set for each audio input channel, automatically tracking the target by monitoring the input 
channel's volume for automatic control and tracking.
* Supports generating corresponding external control system instruction codes from processor functions. Configurable bidirectional RS-232 and RS-485 
interfaces generate instruction codes for use with external control systems, facilitating integration and management.
* Supports user management, allowing adding multiple users and modifying/resetting user passwords.
* Supports data backup, exporting preset parameters to local storage and importing preset data; supports firmware upgrades, including online DSP 
firmware upgrades via Ethernet.
* Offers multiple user roles, including administrator and regular user. Administrators can set maximum channel gain, while regular users can only set gain 
within defined limits.
* Supports operation log recording and exporting system-generated operation logs.
* Supports grouped input and output functionality, allowing for 2-16 different groups. Adjusting any channel parameter within a group synchronizes 
changes across all devices in that group, eliminating the need for repeated adjustments.
* Supports saving any scenario as a default scenario and quickly applying the default scenario configuration to a specified scenario when needed.
* Supports switching between 8-band and 12-band input parametric equalizer configurations to meet different scenarios.
* Supports master-slave configuration, with a one-to-one master-slave setup. In case of master device failure, the slave device can quickly take over as 
the master, allowing the device to continue operating.
* Supports SSH settings, primarily for remote system debugging.
* Supports cross-platform use, including Windows operating systems, domestic operating systems (Kylin Phytium ARM, Kylin Zhaoxin X86), and 
domestic Linux operating systems (requires device environment verification).
* Supports data synchronization and linkage between PC client, APP, and Web platforms.
* Supports non-stationary AI noise reduction, offering three noise reduction intensities: weak, medium, and strong, to adapt to different environmental 
noise scenarios.
* Supports a user lockout mechanism; when the system detects consecutive failed login attempts, it will automatically and temporarily restrict the user's 
access, effectively preventing brute-force attacks.
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