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Legal Information

About this Document

e This Document includes instructions for using and managing the Product. Pictures, charts,
images and all other information hereinafter are for description and explanation only.

e The information contained in the Document is subject to change, without notice, due to
firmware updates or other reasons. Please find the latest version of the Document at the
Hikvision website (https://www.hikvision.com). Unless otherwise agreed, Hangzhou Hikvision
Digital Technology Co., Ltd. or its affiliates (hereinafter referred to as "Hikvision") makes no
warranties, express or implied.

e Please use the Document with the guidance and assistance of professionals trained in
supporting the Product.

About this Product

This product can only enjoy the after-sales service support in the country or region where the
purchase is made.

Acknowledgment of Intellectual Property Rights

e Hikvision owns the copyrights and/or patents related to the technology embodied in the
Products described in this Document, which may include licenses obtained from third parties.

e Any part of the Document, including text, pictures, graphics, etc., belongs to Hikvision. No part
of this Document may be excerpted, copied, translated, or modified in whole or in part by any
means without written permission.

o HIKVISION and other Hikvision's trademarks and logos are the properties of Hikvision in
various jurisdictions.

e Other trademarks and logos mentioned are the properties of their respective owners.

LEGAL DISCLAIMER

o TO THE MAXIMUM EXTENT PERMITTED BY APPLICABLE LAW, THIS DOCUMENT AND THE
PRODUCT DESCRIBED, WITH ITS HARDWARE, SOFTWARE AND FIRMWARE, ARE PROVIDED "AS
IS" AND "WITH ALL FAULTS AND ERRORS". HIKVISION MAKES NO WARRANTIES, EXPRESS OR
IMPLIED, INCLUDING WITHOUT LIMITATION, MERCHANTABILITY, SATISFACTORY QUALITY, OR
FITNESS FOR A PARTICULAR PURPOSE. THE USE OF THE PRODUCT BY YOU IS AT YOUR OWN RISK.
IN NO EVENT WILL HIKVISION BE LIABLE TO YOU FOR ANY SPECIAL, CONSEQUENTIAL,
INCIDENTAL, OR INDIRECT DAMAGES, INCLUDING, AMONG OTHERS, DAMAGES FOR LOSS OF
BUSINESS PROFITS, BUSINESS INTERRUPTION, OR LOSS OF DATA, CORRUPTION OF SYSTEMS, OR
LOSS OF DOCUMENTATION, WHETHER BASED ON BREACH OF CONTRACT, TORT (INCLUDING
NEGLIGENCE), PRODUCT LIABILITY, OR OTHERWISE, IN CONNECTION WITH THE USE OF THE
PRODUCT, EVEN IF HIKVISION HAS BEEN ADVISED OF THE POSSIBILITY OF SUCH DAMAGES OR
LOSS.

o YOU ACKNOWLEDGE THAT THE NATURE OF THE INTERNET PROVIDES FOR INHERENT SECURITY
RISKS, AND HIKVISION SHALL NOT TAKE ANY RESPONSIBILITIES FOR ABNORMAL OPERATION,
PRIVACY LEAKAGE OR OTHER DAMAGES RESULTING FROM CYBER-ATTACK, HACKER ATTACK,
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VIRUS INFECTION, OR OTHER INTERNET SECURITY RISKS; HOWEVER, HIKVISION WILL PROVIDE
TIMELY TECHNICAL SUPPORT IF REQUIRED.

® YOU AGREE TO USE THIS PRODUCT IN COMPLIANCE WITH ALL APPLICABLE LAWS, AND YOU ARE
SOLELY RESPONSIBLE FOR ENSURING THAT YOUR USE CONFORMS TO THE APPLICABLE LAW.
ESPECIALLY, YOU ARE RESPONSIBLE, FOR USING THIS PRODUCT IN A MANNER THAT DOES NOT
INFRINGE ON THE RIGHTS OF THIRD PARTIES, INCLUDING WITHOUT LIMITATION, RIGHTS OF
PUBLICITY, INTELLECTUAL PROPERTY RIGHTS, OR DATA PROTECTION AND OTHER PRIVACY
RIGHTS. YOU SHALL NOT USE THIS PRODUCT FOR ANY PROHIBITED END-USES, INCLUDING THE
DEVELOPMENT OR PRODUCTION OF WEAPONS OF MASS DESTRUCTION, THE DEVELOPMENT OR
PRODUCTION OF CHEMICAL OR BIOLOGICAL WEAPONS, ANY ACTIVITIES IN THE CONTEXT
RELATED TO ANY NUCLEAR EXPLOSIVE OR UNSAFE NUCLEAR FUEL-CYCLE, OR IN SUPPORT OF
HUMAN RIGHTS ABUSES.

o [N THE EVENT OF ANY CONFLICTS BETWEEN THIS DOCUMENT AND THE APPLICABLE LAW, THE
LATTER PREVAILS.

© Hangzhou Hikvision Digital Technology Co., Ltd. All rights reserved.
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Regulatory Information

EU Conformity Statement

c E This product and - if applicable - the supplied accessories too are marked with "CE" and
comply therefore with the applicable harmonized European standards listed under the
EMC Directive 2014/30/EU, the LVD Directive 2014/35/EU, the RoHS Directive
2011/65/EU.

2012/19/EU (WEEE directive): Products marked with this symbol cannot be disposed of
K as unsorted municipal waste in the European Union. For proper recycling, return this
Em  product to your local supplier upon the purchase of equivalent new equipment, or
dispose of it at designated collection points. For more information see: www.recyclethis.info

2006/66/EC (battery directive): This product contains a battery that cannot be disposed
E of as unsorted municipal waste in the European Union. See the product documentation
for specific battery information. The battery is marked with this symbol, which may
include lettering to indicate cadmium (Cd), lead (Pb), or mercury (Hg). For proper
recycling, return the battery to your supplier or to a designated collection point. For more
information see: www.recyclethis.info

Symbol Conventions

The symbols that may be found in this document are defined as follows.

Symbol Description

E[ﬂ Provides additional information to emphasize or supplement
Note important points of the main text.

Indicates a potentially hazardous situation, which if not
avoided, could result in equipment damage, data loss,
performance degradation, or unexpected results.

Indicates a hazard with a high level of risk, which if not
\Danger avoided, will result in death or serious injury.

Safety Instructions

® Proper configuration of all passwords and other security settings is the responsibility of the
installer and/or end-user.

® Inthe use of the product, you must be in strict compliance with the electrical safety
regulations of the nation and region. Please refer to technical specifications for detailed
information.

® |nput voltage should meet both the SELV (Safety Extra Low Voltage) and the Limited Power
Source with 100 to 240V AC according to the IEC60950-1 standard. Please refer to technical
specifications for detailed information.
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® Do not connect several devices to one power adapter as adapter overload may cause
over-heating or a fire hazard.

® Please make sure that the plug is firmly connected to the power socket.

If smoke, odor or noise rise from the device, turn off the power at once and unplug the power
cable, and then please contact the service center.
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1.1

Chapter 1 Product Introduction

Introduction

The digital audio processor equipped with a high-performance 32-bit floating-point DSP processor
and A/D ~ D/A converter, support for 24bit/48KHz sampling frequency, high-quality 21-stage
preamplifier circuit, DSP processing bus structure built-in feedback cancellation, echo cancellation,
noise suppression, automatic mixing and other audio core algorithms, to restore high-quality
sound, with a comprehensive matrix mixing function It supports multiple scene presets, scene
saving and other functions, and user-friendly control software interface. Mainly used in a variety of
large places, can meet the theatre, concert halls, remote video conferencing, stadiums, churches,
conference center, theme parks, public sound reinforcement systems and other aspects of the
application needs.

1.2
>

YV V VYV V

Product Features

Highly integrated, integrating a variety of traditional Analog audio processing equipment in
a Digital audio processor;

High-performance 32-bit floating-point DSP processor, all-digital processing, fast response
to feedback cancellation, echo cancellation, noise suppression and other core algorithms;

High-performance A/D, D/A converter, 24bit/48KHz sampling frequency, high-quality Analog
— Digital, Digital = Analog conversion;

8 Analog input channels and 8 Analog output channels, very small distortion and ultra-low
background noise;

Rich interface expansion;
Humanization, graphical, intuitive and easy-to-operate control software interface;
Comprehensive matrix mixing functions;

Scene storage is different from the Analog equipment is one of the most practical and
significant features, can store 100 complete scenes, all the scenes can be exported to an
external storage device for storage backup, so that the later call at any time.

Functions

Comprehensive matrix mixing function, 24bit/48KHz sampling frequency, high performance
A/D, D/A converter and 32-bit floating point DSP processor;

DSP audio processing, built-in automatic mixing console, including mixing and automatic
mixing functions, but also has a mixing component control function; at the same time with
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AFC, AEC, ANS module;AFC: Support trapped wave feedback cancellation algorithm, manual
trapped wave feedback suppressor, with manual, dynamic, fixed three modes, can

automatically capture the feedback point or manually set the feedback point, the maximum
support for the capture of 16 feedback points, the maximum depth of inhibition up to 24dB;

Inputs per channel: Preamplifier, Generator, Expander, Compressor, Auto Gain, 5-band
parametric EQ;Parametric equalizer filter type selectable (high shelf, low shelf, high cut, low
cut);

Outputs per channel: delay, crossover, limiter, 31-band graphic EQ;
1.3-inch OLED display showing device name and IP address;
Chinese name can be set independently for each channel;

Test signal generator, sine wave, pink noise, white noise, frequency and level magnitude
selectable;

Input phase switch, mute switch, phantom power switch;

Output mute switch, phase switch per channel;

Flexible switching between Chinese, Traditional and English languages;
One-click display of all function modules;

Storing Chinese help document and software with the machine;

Central control code generated in the control software; power failure automatic protection
memory function; one-key reset function;

Channel copy, paste, joint control function;
The same host allows 10 users to manage, the user name can be set to Chinese;
Device hame can be modified, Chinese name is allowed;

Editable preset mode, new, delete, modify, one-key initialization, preset mode can be stored
to computer and one-key recovery;

Input and output channels can be set independently of the colour, one-key recovery switch;

With camera tracking function, can independently adjust the preset position of a camera,
compatible with VISCA, PELCO-D, PELCO-P three control protocols, support for custom
commands;

Convenient and fast web control: Built-in web controller for fast operation on Windows,
macQOS, Linux, Android, iOS and other platforms;

Ethernet multi-purpose data transmission and control port, can support real-time
management of single and multiple devices;

Intuitive image, simple and easy to understand the graphical software control interface, for
customers to bring fast, real-time operating experience;
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<> The device does not need a disc, comes with installation software, a device for a software
version, to solve the troubles caused by the loss of the installation disc and the confusion of
multiple software versions;
<> Extendable USB interface, support USB music playback and recording function;
<> Configuration of bi-directional R5232 interface, R5485 interface, standard Ethernet control
interface, 8-channel programmable GPIO control interface (customisable inputs and
outputs), level support for external inputs 3.3 ~ 24V;
<> Support 100 groups of scene presets, scene increase, save, delete and other functions;
< Intuitive, graphical software control interface, can work in Windows XP, 7, 8, 10, 11 and
other system environments.
Chapter 2 Interface Description
2.1 Front Panel
=) —— I — O
O | g HIKVISION e \ (@)

PWR (red): the equipment power supply is normal, the power indicator is always on;

SYS (green): system operation indicator, the system maintains a blinking state during
normal operation;

USB: Storage device interface, support for U disk recording and playback of audio;

OLED display: Display IP address.

2.2 Rear Panel
@' | | 4 (e e 0 ﬁ l—
@ . e the @" Sudstdads

(1) POWER: Power connector to connect to 110V-220V AC power supply, with a rocker switch
to control the processor's power supply;

(2) ETHERNET: Network control interface, through the connection of this network port, the
client computer can debug and monitor the device;

(3) RESET: Reset button, long press to restore factory settings and reboot the processor;

(4) RS485+RS232+GPIO: Connecting control terminals or centralized control devices;

3
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(5) INPUT: Analog input interface, can be connected to mixer, microphone, PC and other
devices;

(6) OUTPUT: Analog output interface, suitable for connecting amplifier equipment or active
speaker equipment;

(7)  Ground screw: Used to ground the chassis, play accidental leakage safety protection,
electrostatic balance and other protective measures.

Chapter 3 Instructions for Use

3.1 Software Download

Installation software source files embedded in the digital audio processor device, download the
software simply by entering the device's factory default IP address (default IP: 192.168.1.200)
information in the URL address bar of the browser, enter will be able to navigate to the download
interface, according to the content of the web interface information click on the download of the
software can be, in addition to noting that the installation of the PC software before the PC client
to ensure that the client PC has installed the NET Framework 3.5 or above for Windows system.

Note: Make sure the PC client is in the same network segment as the device IP address (default IP:
192.168.1.200 subnet mask: 255.255.255.0) when you download the software, otherwise you will
not be able to access it.

Web page controls as well as downloads:
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Software download screen:

€« > C A F==| 192.168.1.200/download.htm| = w O &
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3.2 PC Software Login Connection

192 163, 1. 200 v

Audio Processor

< Remember password

3.2.1 Login

Click the [Search] button, when the device list is refreshed, the online device [Model Name] will be
displayed in the list column, double-click the corresponding device [Model Name] in the list
column to bring up the 'left figure' login box, enter the user name/password input box (default
user name: admin, password: 123456), click the [LOGIN] button to complete the login connection
to the device. After successful connection, the status bar of the software will display the user
name and IP address of the connected device.

3.2.2 IP Address Modification

When the IP information of the device is not in the same network segment as the client, an
'exclamation mark' will appear in front of the model name of the device in the list of settings, at
this time, you only need to double-click on the [model name] to bring up the IP information
modification [dialogue box] and then you can modify the IP address.
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3.3 Main Interface

EXP[E] lq]

a
a = a
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D Button:Device Search Button: Click to search for connectable devices and display

device IP;

2 EButton:Device Connection Button: The IP of the device is known, and you can connect

directly by entering the IP address, user name and password in the pop-up box;
© EButton:Scene List Button: You can select and view the saved scenes through the list;

(4) @Button:Save Scene button: saves (overwrites) the parameter changes to the selected

scene;

(5 Button:lnterface lock button: locks the current interface, which must be unlocked with

the administrator password.
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3.3.2 File

Setting Wiew Lansuaze Help

(1) New: Create a new scene, the parameters are factory configured and only available offline.
(2) Open: Open the locally saved scene.
(3) Save as: Save the current configuration (i.e. scene) as a file locally.

(4) Exit: Close the software.

3.3.3 Setting - Device Setting

I. User Management

Uzer Manazement

-~ Device Management

- Hetwork Current user: admin  User type hdmin
- Berial
1 Uer T Uzer type
- Sgene
Ldmin
- Charmel Setting z 1 Tser
. ISE
4
o N
amera Tracking 3 T e
[ GEIO £
: amia |
g
£}
10
Password
Add Modi frr Delete

Cloze

(1) Initial user name of the device: admin, password: 123456, administrator can add, delete,
modify all user information, ordinary users can only modify personal information.

(2) Add a user: Select an empty line in the left list, and enter the new user's information in the
right user name and password edit box (should be empty), click "Add" button to add a new
user.

(3) Modify user: first select the user you want to modify in the user list, the user name and
password edit box will display the information of the currently selected user, enter the new
information and click the "Modify" button.
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(4) Delete User: Select the line in the user list to be deleted, click "Delete" button to delete the
user.

II. Device Management

- zer Management

ﬁe tw or‘k

- Zerial

- Scens

- Channel Settinz
- USE

i Reboot
- Camera Tracking

- GPI0

View and modify the name of the device, enter the name of the device in the corresponding
location, click the [Apply] button to complete the modification, [Reboot] can be in the window to
control the device soft restart.
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III. Network

-~ Uzer Management Hetworl

-~ Device H‘anagem ent

& Hetwork
192 188 . 1 . 200
- Serial
- Zeene
- Charnel Setting 2= 255 285 ZBE . O

- USB

- Camera Tracking

192 168 | 1 1

£ GEFI0

To view and modify the network address information of the device, enter the Network window,
type in the IP address, subnet mask and gateway in the corresponding input boxes, and click the
[Apply] button to complete the modification.

10
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IV. Serial

- Uzer Management

- Device Management

- Wetwork

- Scens
- Channel Setting
- UISE

- Camera Tracking

H- GPI0

Serial window can view or modify the R$232/RS485 serial port number baud rate, check bit, data
bit, stop bit settings are complete, click on the [Apply] button to modify the current device's serial
port information, such as the need to restore to the initial default value, click on the [Reset] button,
you can restore the settings of the parameter can not be empty.

V. Scene

11
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ONOBOENONONONONONS

e dmare: | [
~Tevice Management
-~ Fetwork
ID/Status Hame Default Startup Load scene

- Berial

Save As
- Charmel Setting Save
. 1SE

Tpload
-~ Camera Tracking
[+ GPI0 Rename

Hew

Delete

Reset

Eestore

Close

Load Scene: Enable the currently selected scene, usually used for scene replacement;
Save As: Save the selected scene locally;

Save: Save the currently running parameters to the selected scene;

Upload: Upload the scene from PC and overwrite the selected scene;

Rename: Modify the name of the selected scene;

New: Create a new scene file, you can customize the new scene, support up to 100 groups
of scenes;

Delete: Select any scene in the list and delete it;
Reset: Restore the currently selected scene to the factory default state;

Restore: Restore all scene configurations to the default configuration and clear all new
scenes, only retain the factory default 8 groups of scene files, please use with caution.

12
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VI. Channel Setting

- User Manazement Channel Setting

- Device Management

- Hetwork

-~ Serial Visible

- Scene
M Channel Setting
- USE

-~ Camera Tracking

-GFI0

Users can customize the input/output channel Ul colour scheme according to the usage scene.

VIL USB
E

-~ Uzer Management

- Device Management
-~ Hetwork

- Berial

-~ Scene

- Channel Setting
o

-~ Camera Tracking

-GEI0

13
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Users can customize to Active or Close the automatic playback/recording function according to the
use of the scene, configure the playback channel or recording channel matrix routing in the matrix
mixing interface and save the current scene, the device will automatically playback and record
after powering on the device again, no need to manually configure separately.

VIII. Camera Tracking

Camera tracking parameter saving: Each scene can save different camera tracking parameters,
firstly, click "Apply" after setting in the camera tracking interface; then click "Save" in the "Scene
Control" interface. Then click "Save" in the "Scene Control" interface, the camera tracking
parameters will be saved to the corresponding scene automatically.

— Tracing type:
B Camera Track [ Custom command

ndt
Thr eshol d{dEFS) .

Speech spacel(=]: l

Switch timels): .

] ] |
I E o)
L] — 2

Duration(s): -

(1) Tracking type: There are camera tracking and custom commands. Camera tracking is used
to control camera rotation by channel input signal; custom command sending is used to
send corresponding custom commands to the corresponding port by channel input signal.

(2) Default: When there is no input from all microphones, rotate the camera to the position set
by the default Mic or send the associated command defined by the default Mic. The one
with # sign indicates the virtual number, which can only be used to set the default
microphone.

(3) Threshold: Means the detected input signal must be greater than or equal to the Tracking
Threshold, and the system automatically enables the tracking parameter.

(4) Speech space: Maximum intermittent time for a valid signal. If you use the microphone to
speak, set the response time to 3 seconds, the signal is still regarded as continuously valid
within 3S pause in the middle of the speech, and the signal is regarded as invalid if it
exceeds 3S.

(5)  Switch time: The shortest speaking time required for the camera to switch to a valid
position. If you use the microphone to speak, the length of speech must be greater than
the "switching time", the channel signal is considered valid, and then the camera will
automatically turn to the set position. Usually the "switching time" is greater than the
"reaction time".

14
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(4) Duration: The interval time between sending camera switching commands or custom

commands, such as 0 means special treatment, only triggered once.

—Set Mic Tracking

Mic HO. : V Priority: , v

—Camera track————————— —Custom command
B iotive W iotive
Serial: Serial: m | Send

Freset:

Apply

The microphone number generally corresponds to the input channel of the device, i.e. it is
the channel number to which the microphone is connected. The microphone number with
# is a virtual number, which can only be used to set the default microphone.

The smaller the priority number is, the higher the priority level is. When the priority level is
the same, it will be processed in accordance with the triggering priority order; for example,
if two microphones are speaking at the same time, the camera will automatically rotate to
the preset bit corresponding to the microphone with the small priority number (i.e., the
high priority level) or send the command corresponding to the microphone with the small
priority number (i.e., the high priority level); however, if the two microphones are with the
same priority level, the signal that is checked first will prevail.

Enable this Mic setting: you can set all the microphone parameters in full in advance, but
when you use it, only some of them will be enabled according to the actual situation.

Preset points, serial port numbers, camera addresses, protocols and camera-related, must
correspond to the actual connection of the camera.

Custom Command means that when the microphone of the matrix checks the input signal
(usually when someone speaks), it will automatically send the corresponding command to
the defined serial port, and secondly, you can also pre-set the command, but do not check
"Enable Custom Command", the device will not send it automatically, but you can still click
the "Send" button, and the command in the input box will be sent to the specified serial
port at any time.

Click on "Save" to save the parameters to the device, so that the microphone for the
channel is now associated with the corresponding camera address. Then use the "Enable
Microphone Settings" option to determine whether the microphone settings are valid
when tracking is enabled.

15
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Camera setting

Serial: mv . Zoom in  Zoom out ;~Preset control ) D

Camera addrv Preset: v
e . . Fear Far

fhataoat . ! Call Save Clear

Spead: ' Big Small

Camera Setting is a camera debugging interface, generally debug the camera position
before tracking starts, and finally the parameters of this part will be saved on the camera.

Firstly, serial port setting, there are 2 serial ports (232, 485), which correspond to the back
panel port that the PTZ is connected to;

Next is the camera address and protocol type, please refer to the actual address of the
camera for the camera address, and the protocol is related to the camera model;

> @ ® @

Lastly the preset point number is the user-defined identification for the camera, and then
the adjustment of the up, down, left, right, focal length, aperture and other parameters will
define the camera's position and settings;

<

Finally, click "Save" to save the parameters to the camera, "Clear" is to delete the
information of the current preset point, "Recall" is used to view the camera saved by the
current preset point. "Clear" is to delete the information of the current preset point, and
"Recall" is used to view the camera position saved by the current preset point.

EE—
-~ Device Management
- Hetwork — GFI0 Direction — Hote
e T @® 1 O 0ff B Output High
- Scene
- Channel Setting Eorecn Tpes armel Mute SEttl B Ioput High
- USE
. —Trigzer Tupe
- Camera Tracking S
Rizing edze of the guiet. AR 0
£GP0 Wi nde 2
ORising edze of the quiet, not falling silent.
. GPTIO—2 (O Falling edgze of the quiet, e
- GPI0-3 (O Falling edge of the quiet, not rizing silent.
- GPI0—4
—Parameter Setting W 0t
- GEI0-5 !
I/0 Optiens: @ Input O Output
- GPI0-6 L=l
Channel Selaction: Input 1 w
- GEIO-T — ==
- GPI0-5
Apply

Close

Output Connection 1:
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»
»

Firstly, connect a 10K/0.25W resistor between a GPIO pin (e.g. port 2) and

4¢_T_’ OUT n mon . . . . .
ol | V" on the device (as shown in the figure), the pin will output a low level 0 or
a high level 1 according to the change of matrix state, and the level can be
ﬁ j ‘ used to trigger another GPIO or other devices.

outside

Output Connection 2:

2'07; |
i Hge—

Driver relays (control type): Relays can be used to control alarm
i devices, etc., with built-in current-continuing diodes.

NN

Trigger Type:
(1) Rising edge input: The |0 port is held high when there is no input;
(2) Falling edge input: the 10 port stays low when there is no input.
Control Type:
D Inputs: Scene, Mix, Volume, Channel Mute, System Mute, Serial Command Settings;

(2) Outputs: Scene, Level, Channel Mute, System Mute display.

GPIO Input Example 1
GPI0 Direction —Hot .
’7 ouT @ O 0ff ‘ e Scene Settlng

The PC enters the GPIO-1 control window, selects
the [Input] direction, the control type [Scene
e e 1o Setting], the trigger type [Rising Edge], the

parameter settings are loaded to [Scene 2], and

Control Type: |[fefuRlRaster

B Input High

B i o n G e i clicks the [Apply] button at the bottom of the
i window.
FERE i = ot When the device hardware GPIO-1 pin level is

pulled high from low, the trigger condition is
established and the digital audio processor scene
dpply preset will automatically switch to scene 2.

Scene Selection: |

17
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GPIO Output Example 2

GPIO Direction —Hote

e om oo = vt gk Channel mute display

O < Display - .t The PC enters the GPIO-2 control window, selects
' ’ [Output] mode, display type [Channel Mute
SO | e Display], trigger type [Output Low, No Output
s lov e fment e High], parameter setting [Inputs] channel
& o selection [Input 2], and clicks the [Apply] button

= = : at the bottom of the window.
oh g;:i::t o 0f When the device input IN2 channel is muted, the
Chenel Selection: NSV - corresponding GPIO-2 pin output is '1', and when

the IN2 channel is unmuted the output is '0'.

Apply

X. Center Control

—Action
Type V
hotion |'[1.1'te E:e‘ttng v
Parameter & .V
— N
PumwﬂrC| |

Code ABABOZ3101010035

Help Cloze

The Central Command Generator is able to convert frequently used operations into a 16-character
command code for easy invocation by external devices.

Control command types: Scene, Input, Output, Mix, Parametric EQ, Graphic EQ, Expander,
Compressor, Auto Gain, Delay, Crossover, Limiter.

3.3.4 Viewing

(1) Open All: open all function module interfaces to display them;

(2)  Open Input: open all the input function module interfaces and display them;
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(3) Open Output: open all the output function module interfaces and display them.

3.3.5 Language

Language switching supports English, Traditional Chinese.

3.3.6 Help

D Help: View the embedded user documentation of the device;
(2)  Upgrade: for updating the system software version;

(3) About: display software version information.

3.4 Pre-processing

3.4.1 Input Setting

Input —TH1

Test Tome

1000

(1) Model type: Analog input or test signal;

(2)  Sensitivity: Analog signals can be adjusted by adjusting the sensitivity of the input can be
selected, from 24 ~ -27dBu, step 3dBu a grade;

(3)  Mute: mute mode is enabled for the currently selected channel;

(4) Invert: Inverts the input signal by 180° ;
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©®

©

3.4.2

Phantom power supply: used for condenser microphone power supply, please do not turn
on the line input or non-condenser microphone to prevent burning;

Test tone: including sine wave, pink noise, white noise, the system will automatically block
the Analog input signal when the test signal is enabled.

Expander

The Expander is to increase the dynamic range of the input according to the user's needs: when
the input signal is less than the "threshold", the Expander will compress the input signal according
to the set "ratio", the output level = Threshold - (Threshold - Input Level)/Ratio; when the input
signal is greater than the "threshold", it will be output at 1:1, the output level = Input Level. When
the input signal is greater than the "Threshold", the output is 1:1 and the output level = input level.

0 & @ & O

EXF[E] -IH1

—36 —30 24 -1§ 12

1000

D e

Active/Bypass: Active or Bypass the Expander for the current channel;

Ratio: the decibel number of the dynamic change of the input signal of the Expander/the
decibel number of the dynamic change of the output signal of the Expander;

Attack: the time required for the input signal less than the Expander's "threshold value"
to enter the expansion state and output according to the set expansion ratio;

Release: the time required for the input signal to return from the extended state to the
original non-extended state.

Reset: restores the parameter to the default value.
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3.4.3 Parametric Equalizer

Equalizers are mainly used to modify over-emphasised or missing frequency ranges. Whether the
frequency range is narrowed or widened, equalizers can help to repair the narrowed frequencies
or widen the frequency range to achieve the ideal signal tone.

PEQ[Q] -IH1

|
|
|
|
|
|
i

E0 w0 zo0 &m

EE EX
&

1K

[]
| PEQ.
o
400

=]

0.0 0o n]
ey @ @ &
1.00 1.00 1.00

(1 Type: including low-pass, high-pass, low-shelf, high-shelf type

1) Low-pass: cut-off frequency point of low-pass filtering;
2) High-pass: the cutoff frequency of high-pass filtering;

3) Low Shelf: quantitative boosting or attenuation of all frequencies below the cutoff
frequency;

4) High shelf: quantitative boost or attenuation for all frequencies above the cutoff
frequency.

Reset: all band filter parameters are restored to the default state;
Active/Bypass: Active or Bypass all band filters;

Band Active/Bypass: whether the band equalizer is valid or not;
Centre Frequency: the centre frequency that needs to be equalized;

Gain: the gain/attenuation value at the centre point of the frequency;

SEORONBONOND)

Octaves: That is, the range of influence of the segment around the center frequency, the
larger the value of the bandwidth, the larger the range of influence.
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3.4.4 Compressor

The compressor is used to reduce the dynamic range of the signal above a user-determined
threshold, with the signal level below the threshold remaining unchanged.

cove[c] —Iwt
Output

o
+30

1000

(1) Threshold: The signal level above this threshold starts to reduce the gain. This point is at
the inflection point in the input/output curve. For Peak Stop, the threshold to stop is set
just below the peak level;

(2) Ratio: the compression ratio of the input and output;

(3) Attack: the speed of gain reduction processing with which this compressor starts. The
shorter the attack time, the greater the instantaneous change of the signal, the short time
gain reduction makes the hearing uncomfortable.

(4) Release: the release time determines the moment-to-moment gain change of the
compressor. A fast release time raises the subjective level, while a slow release time is
more useful for keeping the level under control;

(5) Output fader: the fader controls the output gain of the module. If the compressor reduces
the signal level significantly, a boost in output gain may be required to maintain the
perceived volume.

(6) Active/Bypass: Active or Bypass the compressor for the current channel;

(7) Reset: restores the parameter to its default state.
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3.4.5 Auto Gain

The purpose of Auto Gain control is to bring a signal of uncertain level up to the target level while
maintaining the dynamic range of the volume. Typical use: For example, when the user speaks in
front of the microphone, the distance between the mouth and the microphone will be far away
and close to each other, which will cause the output volume to go up and down, or even feel that
the speech is intermittent. Auto Gain is to set the threshold value for the input signal below the
threshold in accordance with the ratio of 1:1 output, for the level above the threshold is in
accordance with the ratio of direct enhancement, set the target level, the sound signal can be
stable output.

aac[e] T

o Ohatput

1]

(1) Threshold: when the signal level is below the threshold, the input/output ratio is 1:1.
when the signal level is above the threshold, input/output = ratio. Set this threshold level
slightly above the noise ratio of your input signal;

(2) Target Level: the desired output signal level; Auto Gain Control is to automatically control
the magnitude of the gain by changing the input/output compression ratio. When a weak
signal is input the signal is amplified to ensure the strength of the output sound signal;
when the strength of the input signal reaches a certain level, the signal is compressed to
reduce the amplitude of the sound output.

(3) Ratio: the ratio between the change in input signal level above the threshold and the
change in output signal level;

Attack: Controls the level response time above the threshold;

o &

Release: Controls the level response time below the threshold signal;
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(6) Active/Bypass: Active or Bypass auto gain for the current channel;

(7) Reset: Restores the parameter to the default state.

3.4.6 Automixer

Automixer are primarily used to automatically operate and control how a traditional mixer with a
large number of speech inputs outputs the desired results. Consider a typical conference room
scene with ten participants, each with a microphone, if ten microphones are switched on at the
same time and only one person is speaking as a result, then the output will definitely not be ideal
as the other nine microphones pick up room acoustics, reverberation, etc., which will reduce the
output of the entire system.

Each channel of the Automixer has an input, gain level meter and an auto gain, channel fader,
priority, and channel mute. Channel Controls Each channel has an "Auto" button that is pressed to
add the channel to the Automixer. Channel Mute and Fader are both Auto Gain types. To mute a
signal and prevent it from going into the Automixer, turn Mute on and off. The channel fader
controls the mix level and direct output level of the channel.

Automixer

bi ) D 11 e 3 N4 it 16

(1) Priority control PR: The higher the value the more gain acquisition capability and the
higher the priority, able to reduce the ability of channels with a low priority level to
acquire transmission gain. This control defines the priority level with a value between 0
(lowest priority) and 10 (highest priority), and the default value is 5 (standard priority). If
all channels have equal priority, set the priority of all channels to 5;

(2)  Gain: the overall output gain of the Automixer;

(3) Slope: similar to the expansion ratio of an extender, the larger the slope value, the more
the speaking microphone acquires the transmission gain, the more the non-speaking
microphone attenuates the transmission gain; the smaller the slope value, the less the
speaking microphone acquires the transmission gain, and the less other non-speaking
microphone attenuates.

(4) Response Time: The time for a microphone to acquire all the transmission gain when it is
speaking or the time for other non-speaking microphones to attenuate the transmission
gain. The longer the setting, the longer it takes for the speaking microphone to acquire
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the full transmission gain and the longer it takes for the other non-speaking microphones
to attenuate the transmission gain. The shorter the setting, the opposite is true.

Local Output: Select the channel for local output;
Active/Bypass: Active or Bypass the auto gainer for the current channel;

Reset: restores the parameter to its default state.

3.5 AFC, AEC, ANS

3.51

AFC

Acoustic Feedback Cancellation: Used to cancel the whistling generated between the microphone
and speakers in the sound reinforcement system, thus capturing the frequency that causes the
whistling for attenuation to ensure the quality of the sound as well as to prevent burning out of
the amplifier or speakers.

Feedback: Select the signal that needs to be processed by the feedback cancellation and the
processed signal selects the output channel in the mixer;

@

@

ONEOENONS

Local Input: the channel for local Mic output, i.e. the signal that needs to be processed by
the feedback cancellation;

Local Output: the signal processed by the feedback cancellation, output to the local
output channel;

Threshold: the maximum level at which the trap is activated;

Frequency shift size: the size of frequency shift to be activated when the trap cannot
suppress the feedback, range (0~10Hz);

Frequency: the frequency point where the trap needs to be done;

Gain: feedback cancellation depth, maximum suppression depth 24dB;
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(7)  Bandwidth: That is, the bandwidth of the segment around the center frequency of the
influence of the range, the larger the value of the bandwidth of the larger, the larger the
range of influence;

Mode: F: Fixed; A: Automatic; M: Manual

1) Fixed: Fixed feedback frequency point, the frequency point setting is always valid, not
occupied by new feedback frequency point, still valid after restarting the device, up
to 16 feedback frequency points can be set;

2) Automatic: Automatically detect the feedback frequency point, automatically set the
suppression depth, up to 16 feedback frequency points can be set. When all 16
positions are used up and a new feedback frequency point is detected, it will search
for the position that has been used for "Automatic" before, clear it and use it to set a
new feedback;

3) Manual: manually set the frequency points, up to 16 feedback frequency points can
be set.

(9) Clear: clear the frequency point and gain;
10 Save: save the settings;

11 Active/Bypass: Active or Bypass the trap feedback cancellation algorithm.

3.5.2 AEC

Local Input o AEC level
Mediun (Z56ms) =

ANS level

=
o

Weak(12dB) =
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m
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=
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i
i
. .

Acoustic Echo Cancellation: Set the signal that needs to be processed by the echo cancellation,
and the processed signal selects the output channel in the Mixer;
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(1) Local Input: local Mic output channel, i.e. the signal that needs to be processed for echo;

(2)  Remote Input: the echo remote input, i.e. the reference signal;

(3) Local Output: the signal after echo processing, output to the local output or output to the
remote end;

(4) AEC level: Echo level range [small room (128ms), medium room (256ms), large room
(512ms)];

(5)  ANS level: noise reduction level range (6~30dB).

3.5.3 ANS

AS level

Weaker (6dB)  w

—
=

=
(3%}

—
o

“
m
n
n
n

Adaptive Noise Suppression: Select the signal that needs noise suppression processing, and
the processed signal is output in the mixer by selecting the corresponding channel;

@

@

®

Local Input: local Mic output channel, i.e. the signal that needs noise suppression
processing;

Local Output: The signal after noise suppression processing is output to the local output
channel;

ANS level: range of noise reduction level (6~30dB).

Example 1 AFC with Matrix Mixer association operation
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B

The signals from input channels IN1 and IN2 will be feedback processed and output in output
channel OUT1, configured as above:

(1) AFC algorithm Window [Local Input] list selects the input channels IN1 and IN2, indicating
that the signals of input channels IN1 and IN2 will be sent to the AFC for processing;

(2) The [Local Input] list selects the point corresponding to the output channel OUTL,
indicating that the input signal is routed to the OUT1 channel for output after being
processed by the AFC algorithm. After the AFC algorithm is enabled, the corresponding
channel of the Matrix Mixer Window list is displayed in cyan.

Example 2 AEC with Matrix Mixer association operation

Mizer

AEC level

Besk(1248) -

The local input signal is IN1 channel and the remote input signal is IN2 channel, at this time, the
local input and the corresponding channel of the remote input will be grayed out to prevent the
algorithm from being activated abnormally due to the checking, and the local input signal will be
outputted from OUT1 channel to the remote place, and the configuration will be as described in
the above figure:

(1) AEC algorithm window to select the local input IN1 channel and then select the remote
input IN2 channel, that is, the remote input IN1 channel and the remote input IN2
reference signal will be sent to the AEC for processing;
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(2 The local input IN1 signal is then output to the remote end through the OUT1 channel,
and the remote input IN2 reference signal is then routed through the matrix to the OUT2
channel for output to the local loudspeaker.

Example 3 ANS with Matrix Mixer association operation

A5

A Lavel

- T R RS R I R I e R Che T T I CHET I T e

The local input IN1 and IN2 channel signals are processed for ANS and output on OUT1 and OUT2
channels, configured as above:

(1) Input IN1 and IN2 channels are selected in the ANS Algorithm window, indicating that the
input signals of input IN1 and IN2 channels are sent to the ANS for processing;

(2) Check OUT1 and OUT2 in the local output list, which means that the result of the ANS
processing will be sent to the output OUT1 and OUT2 channels for output. After enabling
the ANS algorithm, the corresponding channels in the Matrix Mixer window list are shown
in green.

3.6 Matrix Mixer

Matrix Mixer
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Matrix both signal routing and mixing double multiplexing function, the control logic is horizontal
for the input channel, vertical for the output channel, the matrix initialization state is (as shown in
the figure above: one-to-one) input and output.

Matrix Mixer

FLAY

The OUT channel of the mixer is equipped with a gain fader, which allows you to individually
control the gain of any output channel with a gain range of (12~-72dB).
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3.7 Post-processing

3.7.1 Delay

Tel sy [n] —ouT1

The time interval between the input of a signal to this processor and the output of this processor is
generally used to produce other effects such as reverberation or echo, and can equally be used to
act as a treatment for auxiliary loudspeakers in larger rendition situations.

Delay time: delay time range (0~2000ms);
Delay distance: delay distance range (0~680m);

Active/Bypass: Active or Bypass the delayer for the current channel;

ONORONS

Reset: restore the parameter to the default value.
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3.7.2 XOVER

Yover [X] ~OUTL

. 5|j . -1.|:||:| :Elj[l . 5|:-||:|. h .11{ :h

Beszsel Bessel
Linkwitz—Rilew Linkwitz—Riley

.ODODDnn  LDDDDBnn
L} L— 4
] Hz

Freq @D 2 Freq @P 0000 H:

fase
Filter Type: Butterworth/Bessel/Linkwitz-Riley;

Slope: 6/12/18/24/30/36/42/48,;

High-pass frequency: Cut-off frequency of high-pass filtering;
Low-pass frequency: cut-off frequency point of low-pass filtering;
High frequency Active/Bypass: Active or Bypass the high-pass filter;
Low frequency Active/Bypass: Active or Bypass the low-pass filter;

Active/Bypass: Active or Bypass the crossover for the current channel;

OEOBSNONONONONS

Reset: Restores the parameters to the default values.
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3.7.3 Graphic Equalizer

GEQ[Q] —0UT1

o O & €€ 0 0 0O 9 00 e e 0 0 0O e O O e

Narrowband: narrowband equalization filter; Normal: regular equalization filter;
Wideband: wideband equalization filter;

Centre frequency: centre frequency indication of the current equalization filter;

(3) Gain: Gain indication or control of the current equalization filter;
(4) Flatten: Restore all the band gains to the default state;

Active/Bypass: Active or Bypass the graphic equalizer for the current channel.
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3.7.4 Limiter

Limit[L] —0UT1
G K Output
] +24
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1000

Active/Bypass: Active or Bypass the limiter for the current channel;

Threshold: the starting level of the limiter, when the signal is higher than this limit value,
the limiter processing module will be activated;

©

(3) Release time: when the input signal is lower than this setting value, the sound channel
will not be turned off immediately, but will be delayed based on this setting value. During
this time, as long as there is a signal higher than the "Threshold" limit value, the sound

channel will continue to be turned on;
(4) G.R.: The difference between the signal processed by the limiter and the input signal;

(5) Reset: Resets the parameter to its default value.
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3.7.5 Output Setting

Outpnt —0UT1

D

(1) Mute: Control the output channel mute;

(2) Invert: set the output channel signal 180°inverted.
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3.8 Other Functions

3.8.1 Channel Control

I. Input Channel Control and Shortcut

————— Input channel name,customizable

————— Gain fader
Copyr
Paste
i , Add to DCA
————— Right click --—-
Phantom Add to Group
Expander Delete ICA From
Parametric Equalizer Delete Group From
Compresser

Auto Gain
-----Gain value input box
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II. Output Channel Control and Shortcut

Output channel name,customizable

Gain fader
Copy
Fazte
v . add to DCA b
Right click -
DEIH? Add to Group »
¥OVER Delete DCH From
Graphic Equalizer Delete Group From
Limiter

Gain value input box

3.8.2 USB Playback and Recording
I. USB Playback

00:04,/01:59

TestODZ

@ o=xm
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Switch the previous song;
Play/pause;

Switch the next song;

Stop playback;

Mute/gain adjustment;
Countdown progress bar;

Move upwards;

Move down;

Delete the audio file from the list;

Playback indicator: Gray (not playing) Green (playing);

SESEONONONONONONONONS

Refresh list.

II. USB Recording

TestO01 o
e 00:00:13

File name; 1 i

Start Cancel

File name;
Start/pause recording;

Recording duration;

& © & o

Stop recording;
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(5) Recording indicator: Grey (not connected to the USB flash drive) Red (ready to record)
blinking is considered to be recording;

(6) Audio recording gain adjustment.

III. USB Playback Recording Matrix Mixer Example

LA

Playback Recording Example

When the device is connected to a mobile USB memory stick, return to the Matrix Mixer window
and select OUT1 channel output under the corresponding input type [Play], then click the [Play]
button to play it, and support audio file (MP3, WAV) format. Note: The USB flash drive audio file
must be placed in the parent directory, otherwise the device will not be able to identify the audio
file and thus can not be played;

Recording is through the input channel audio signal saved to the USB flash drive device, as shown
in (above), select the IN1 channel audio signal pass for recording, matrix configuration such as
(above) in the IN1 channel corresponds to the recording channel for the matrix routing, in the click
on the [Start] button, the pop-up dialogue box to modify the name of the recording file can be
selected to customize the name of the audio file, and finally click on the [Start] button to record.

Chapter 4 FQA

4.1 Abnormal power indicator (PWR)

No light: First, check whether the power connection and device power supply are normal; second,
check whether the power switch on the rear panel of the device is on.

Blinking: Unplug all GPIO connection cables and re-power on the device.

Please contact the manufacturer if the fault is not solved.

4.2 Abnormal status indicator (SYS)

After 18 seconds of power-on, the system is working normally and the system light of the device
should be flashing once per second.
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Does not light up, often light up, or blinks rapidly:

First, system error, contact the after-sales service to upgrade the software version; second, long
press the reset button (R hole on the rear panel of the device) for more than 6 seconds, the device
will restore the factory settings and restart automatically. Troubleshooting has not been resolved,
please contact the manufacturer.

4.3 Channel no sound

First, check whether the audio source, audio input and output wiring is normal; second, check
whether the mute function of the corresponding audio channel is enabled, if the mute switch has
been turned on, please turn off the mute switch; third, check whether the settings of the
corresponding channel's input processing, matrix mixing and output processing are normal. Please
contact the manufacturer if the problem is not solved.

4.4 The software cannot search the device

First, check whether the system light of the device is in normal blinking state; second, check
whether the network connection is normal; third, ensure the network accessibility between the
configuration host and the device; fourth, press and hold down the reset button (R-hole on the
rear panel of the device) for more than 6 seconds, and the device will restore the factory settings
and restart automatically. Please contact the manufacturer if the fault is not solved.

4.5 Network connection failure

Network connection failure is usually caused by different network segments of the device. If the
LAN and the processor network segments are different, you can connect the processor directly via
PC, log in to the device configuration interface, change the processor network segment to be the
same as the LAN and then access the LAN. (Note: If the LAN is automatically obtaining IP, please
use 0.0.0.0 for the processor IP).

4.6 Output current sound

Please check whether the processor is well grounded, which usually requires the grounding screw
on the left side of the rear panel of the chassis to be connected to the metal enclosure such as the
cabinet through a metal wire. If the problem still exists, please check the wiring of the input
devices. If the input devices are unbalanced (two wires), please connect the "+" and "G" of the
input connector of the processor.

4.7 How to recognize system noise

After the system is set up, there is noise troubleshooting: First, unplug the device output audio
cable, there is noise, please check the causes of the back stage equipment; second, restore the
output wiring, mute the corresponding output channel, there is noise, if unbalanced connection,
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try to shorten the connecting line, to avoid the introduction of interference, if balanced connection,
try to disconnect the ground wire; third, cancel the corresponding channel mute, unplug the
device input audio cable, there is noise, long Press the reset button (R hole on the rear panel of the
device) for more than 6 seconds, the device will restore the factory settings and restart
automatically; Fourth, restore the input wiring, turn off the audio source, there is noise, check the
input connection, refer to the second point of the processing; Fifth, check the audio source is there
is noise. Troubleshooting not please contact the manufacturer.

4.8 RS232 center control command does not work

First, check whether the connection is normal, the central control host TX connected to the
device's RX, the central control host RX connected to the device's TX, the central control host and
the device's ground interconnect; second, check the software configuration of the device interface
items: baud rate, start bit, stop bit, etc. Settings are the same as the interface configuration of the
central control host. Failure to troubleshoot please contact the manufacturer.

4.9 U disk audio can not be played

The device only supports FAT32 format U disk, only supports MP3 or WAV format audio files, audio
files need to be stored in the root directory; ensure that the U disk is writable, the device needs to
create a playlist. U disk has more than one partition only recognizes the first partition.

Chapter 5 Packing List

Device | Power Quick 12pin 3pin Small
Cable Guide Phoenix Phoenix | Screwdriver
Connector | Connector
1PCS 1PCS 1PCS - 1PCS 1PCS
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