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DSP MATRIX PROCESSOR

Chapter 1 Introduction

MDM-D8 / D16 is a 8/16 inputs and 8/16 outputs DSP matrix audio processor for conference

systems and can be used as interface for the MusiCall Music & Message systems. It pro-

vides with useful voice algorithm AFC, AEC, ANC, and DSP functions including auto mix,

matrix mixer, noise gate, crossover, parameter EQ, delay, compressor, limiter etc. Supports

Dante network audio 16x16 channels.

Applications

@ Meeting room

& Multi-functional hall

& Auditoriums

@ Sports stadium

Features

@ 8 analog inputs and 8 analog outputs, supports to select Line level and Mic level

@ Dante network audio 16x16.

@ Supports 48V phantom for each Mic level input, 40 level sensitivity (1dB in step).

@ Built-in AFC(feedback control) , 2 level to select.

& Built-in AEC(echo control) for remote video-conference system.

@& Built-in ANC(noise control) for optimizing local meeting system.

& Built-in AGC(automatic gain control) for optimizing microphone signals in complex sce-
narios

4@ Input with 8 PEQ and output with 8 PEQ. Support LSLV, HSLV, ALL-PASS, PHASE, EL-
LIPTIC, LOW PASS AND HIGH PASS filters. Support HPF and LPF with Butterworth /
Bessel / Linkwitz-Riley.

@ Supports auto mix and matrix mix.

& Supports camera tracking with most of camera control.

@ Supports presets archiving and locking, help project to hide parameters of setting.

@ Control connections: USB or TCP/IP. Configured with RS232 and RS485 central control
connection. Configured with GPIO external control connection.

& Nice GUI windows7/8/10/11 software MDM-DSP.

& Optional touch screen wall control panel (RS485 wired control).
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Chapter 2 Technical parameters

MDM-D8

1. DSP Processor

Process: 32bit float point DSP 400MHz
System delay: <3ms
AD/DA: 24-bit 48KHz

2. Analog Audio Inputs and Outputs

Input:

8 channels balanced. Line/Mic level to switch / 16 Dante channels

Input interface:

3.81mm phoenix, 12-pin

Input impedance: 16KQ
Max input level: 17dBul/Line;
-3dBu/Mic@20dB sensitivity

Phantom supply:

+48V DC, 5.5mA in each input channel

Output:

8 channels balanced. Line level / 16 Dante channels

Output interface:

3.81mm phoenix, 12-pin

Output impedance:

150Q

3. Audio Performance Specifications

Frequency response:

20Hz-20kHz(+-0.5dB)/Line, input 0dBu;
20Hz-20kHz(+-1.5dB)/Mic, 20dB gain sensitivity, input -10dBu

THD+N: -90dB(@17dBu, 1kHz, A-wt)/Line
-90dB(@-6dBu, 1kHz, A-wt)/Mic, 20dB gain sensitivity
SNR: 110dB(@17dBu, 1kHz, A-wt)Line

100dB(@-6dBu, 1kHz, A-wt)/Mic, 20dB gain sensitivity

4. Connect Ports and Indicators

USB:

Type A-B, free driver

RS232:

Serial port communication

TCP/IP interface:

RJ-45

Indicator light:

Input signal, +48V, Link, Output signal

5. Electrical and Physical

Supply:

AC 90V ~ 264V 50/60 Hz

Products Dimensions

483mmx265mmx44.5mm

Packaged Dimensions 540mmx390mmx80mm
Net Weight 3.3kg

Packaged Weight 4.4kg

Operating temperature: -20°C ~ 80°C




DSP MATRIX PROCESSOR

MDM-D16

1. DSP Processor

Process: 32bit float point DSP 400MHz
System delay: <3ms
AD/DA: 24-bit 48KHz

2. Analog Audio Inputs and Outputs

Input: 16 channels balanced. Line/Mic level to switch / 16 Dante channels
Input interface: 3.81mm phoenix, 12-pin
Input impedance: 16KQ
Max input level: 17dBul/Line;
-3dBu/Mic@20dB sensitivity
Phantom supply: +48V DC, 5.5mA in each input channel
Output: 16 channels balanced. Line level / 16 Dante channels
Output interface: 3.81mm phoenix, 12-pin
Output impedance: 150Q

3. Audio Performance Specifications

Frequency response: 20Hz-20kHz(+-0.5dB)/Line, input 0dBu;
20Hz-20kHz(+-1.5dB)/Mic, 20dB gain sensitivity, input -10dBu
THD+N: -90dB(@17dBu, 1kHz, A-wt)/Line
-90dB(@-6dBu, 1kHz, A-wt)/Mic, 20dB gain sensitivity
SNR: 110dB(@17dBu, 1kHz, A-wt)/Line

100dB(@-6dBu, 1kHz, A-wt)/Mic, 20dB gain sensitivity

4. Connect Ports and Indicators

USB: Type A-B, free driver

RS232: Serial port communication

TCP/IP interface: RJ-45

Indicator light: Input signal, +48V, Link, Output signal

5. Electrical and Physical

Supply: AC 90V ~ 264V 50/60 Hz
Products Dimensions 483mmx265mmx44.5mm
Packaged Dimensions 540mmx390mmx80mm
Net Weight 3.3kg

Packaged Weight 4.4kg

Operating temperature: -20°C ~ 80°C
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Chapter 3 Functions structure and panel operation
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Dimensions (mm)

TOP VIEW

E = 483.00 mm - - 265.00mm > - 440.00 mm -
£
! ——— - s \ e
3, i 0 = ! § [ERIE == Rmengnen gy oo
3
FRONT VIEW RIGHT VIEW BACK VIEW

Operating front panel

$ INPUT S5

® 48V

LINK

® OuTPUT @

(DPress or 5 seconds to unlock device, it will show menu list, turn the FJ=
knob clockwise or counterclockwise to select functions: INPUT VOLUME, OUTPUT
VOLUME, PRESETS, INPUT SOURCE, IP SET, RENAME, SECURITY. Press or
button to set function.

Functions in panel | Menu list Remark

1.INPUT VOLUME ---- 1 IN VOLUME ---- Value from mute, -60 to 15dB
o >Ho Eo fo 8 or 16 channels

2.0UTPUT VOLUME ---- 2 OUT VOLUME ---- Value from mute, -60 to 15dB
do >Eo go fo 8 or 16 channels

3.PRESET ---- 3 PRESETS ---- LOAD THIS PRESET ?
>*01.Default Preset YES NO

4 INPUT SOURCE ---- 4 INPUT SOURCE ---- DANTE, LINE,
>fLINE BELINE MIC (DB), PHAN (DB)

5.1P SET ——5IP SET - -5 |P SET -
IP:192.168.0.115 -> GATE: 0.0.0.0 OK

6.RENAME ’ ---- 6 RENAME ----

[IMATRIXDE_]  OK

7.SECURITY SCREEN AUTO LOCK ?
*YES NO
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(@) Turn the S]3MJeqJ knob clockwise or counterclockwise to set volume of device.

M. oL
MUTE

ENTER

INPUT

Chapter 4 Connection of balanced and unbalanced signal

One of the most powerful ways to prevent noise from entering audio signals is to make bal-

anced connections between devices. Some cables are capable of balanced connections,

others aren’t.

Some common connection methods are listed as below:

Source Type Direction  Receiver Connection diagram
IN1
signal hot+
XLR _ a
balanced to Phoenix
(Canon)
XLR-Female
;oo U1IP IN1
L t."—— il
+-G
RCA Phoenix
unbalanced to .
(Stereo) 2 channels wp IN2_
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L N1
L {.’_—-ﬁl‘;fi_
+ -G
RCA Phoenix
unbalanced to
(Stereo) 1 channel - trip
< {
t +
Standard - o
Jack balanced to Phoenix -:.: +-6
(6.3mm) ring -
Mini N1
Jack N =
Phoenix left + right IN 26
stereo unbalanced to
2channel QN
(TRS =
3.5mm)
Mini
-
Jack left + g IN1
Phoenix =% e
stereo unbalanced to -:.==’ s
1 channels
(TRS
3.5mm)
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Chapter 5 Operation of control software — MDM-DSP

MDM-DSP provides users a fast tool to control one or more devices through multiple meth-
ods: TCP/IP, USB, common serial port (RS232). Easily set DSP functions of device, and
check central control codes.The configuration can be stored in presets, convenient for vari-

ous applications.

5.1 Operating condition

MDM-DSP is suitable for Win7/8/10/11 x86/x64 PC systems with Microsoft .NET Framework
4.0 installed. Double click the file with the MusiCall logo:

rol.dll erdll
Q ] o . Q ] Q
) com_dll Dante_A dante_dn () DanteMs () DevOper ) filter.dll 2) Firmware
dll PLdIl ssd.dll gSender ate.dll Update.d
I
-
b Q( < < o 9 o
< MDM-D -) MDM-D ) Microsof msjava.d 2 msver10 NAudio. Newtons
Sp SP.exe t.Expressi ] od.dll dil oftJson.
on.Intera dll
ctions.dll
) )
the main interface will pop up:
r
File Device e Connection se System

1P: 192,168.8.18

urce.dll

]

kernel32.

dil

o

' SuperSo

cket.Clie
ntEngine.
dil

32.dll

o

) MagAnd

PhToFir.d
I

o

SuperSo
cket.Prot
oBase.dll
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5.2 Connect to PC

" Connection & If you connect the device by using
network cable, click in De-
vice List, choose [TCP in Connec-
tion window.

If you connect the device by using
USB A-B, click in Device
List, choose USB in Connection
window.

Copnection If you connect the device by using
e B serial cable, click in Device
P e List, choose COM in Connection
Pt [com 7 windows. Please check port and
Beud  [15200bps -] baud rate carefully for 232 before
e —— CONNecting.

Refresh

The software will use the connection method set

Scanning......

last time to check if the device is connected. If

successfully connected, devices will be shown in

device list.

User can mute devices, refresh connections, or delete devices in this window. Single click

the device to load the function interface.

File Device

| 1.device [ Dl e

MWOL 00

factory




Device List

| Scan | | Setting | | Link |

IR

169.254.0.0

Device List
| Scan | | Setting | | Link |

13

| 160.254.00

" Net Setting b

1. device
a
192.168.8.1

DSP MATRIX PROCESSOR

When using TCP control, there is a situation
that only one point is displayed after scan-
ning, but you can not connect to the device.
In this case change the IP address of the
device to the same network segment as the

computer.

Right-click the device enclosure, a Net Set-

ting window will show.

Set IP address of device refer to IP showed
in the bottom of the software. Set the first
three paragraphs same with the PC IP.

IP: 192.168.8.18; 192.168.56.1

Successfully scanned and connected. Then
click the device to load all parameters from

the processor.

-10
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User can link multiple same devices in group by clicking Link button, and then set group de-

vice, group name and main device, link mode and parameter according to needs.

File Device " Net Link 1

<4>m Dante_4 Create Group Group Name ist s
* <1>device_1

<Z>
2>device 2 Synchronous main device data.

<3>device_3

Parameter

Al

AGC COMPRESSOR
DELAY DELAY

GAIN GAIN

PHASE PHASE

HPF HPF

LPF umIT
NOISEGATE ¥ LPF

PEQ PEQ

5.3 DSP functions

Double-click HOME icon to open all functional interfaces, or double-click a function icon sep-
arately to open the corresponding interface. When multiple function windows are opened, us-

ers can drag the window to switch function settings.

AFC/AEC/ANC(A]-In A (X

AFC | AEC ANC

Noise Gate OFF

Attack [724 |ms
B ——

Release

Test Signal ' Setting




DSP MATRIX PROCESSOR

5.3.1 DSP functions - INPUT(Line, Mic, Dante, USB audio and Test signal)

Set Phase of input;

nput-inA X

Set Mute of input;
User can select Line/Mic input;

ﬁ I When Dante in option, user can select

X
Dante network audio;
Phase Mute ante netwo aUdO’
® When matrix channels in 16x16, user
Analog LINE
TS should select USB audio in In A and In B;
Digital  /GDGHIE ® When choosing test signal, choose from

[ soc | Sine/Pink Noise/\White Noise for each in-

" Test Signal XN

dBu

——_

mic1 mic2 mic3 mic4 r2d-L r2d-R InG

InH

5.3.2 DSP functions - AFC

Matrix processor provides AFC (acous-
tic feedback control) function for micro-
phone. With two level to select, user
can control howl round easily when set-

ting each microphone;

Level 1, low degree process;
Level 2, high degree process;
The window of AFC will show input

channel name, please select corre-

sponding input channel to set.



DSP MATRIX PROCESSOR

5.3.3 DSP functions - ANC

AFC/AEC/ANC(A) - mic1 x Matrix processor supports to control a

AFC \ AEC ANC certain degrees of noise, which comes
s ANS LV from microphone, ground noise of input

Input Output

source, or surroundings. This function
is mainly used for voice process.

® User can route input channels and
output channels in this window.
ANS Level: 0 to 4, from low to high

degree to process.

5
®
[

5
T

5.3.4 DSP functions - AEC

AFC

Automixer

Local Output
spk-L USB_RX1

spk-R USB_RXz

d2r-L
d2r-R
Out 5

Out 6

Matrix processor supports to control a certain degrees of echo from local room to remote
room, which usually happened in remote video conference via network software Skype,
Zoom, or via remote conference system controller(terminal). This function is mainly used for

voice process.

® User can route input channels and output channels in this window.

® AEC Level: 0 to 5, from low to high degree to process.
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5.3.5 DSP functions - NOISE GATE and AGC

Noise Gate @] -mic1l

Attack [(894 |ms

[

Release 918 |ms

—— —

Threshold -55.6 deu

L ——

AttackThrd [ -10 |dBu
S e

TargetThrd 0 |dBu
\—.—
Attack ["500 |ms l
e —

—

Ratio TOJ
e —

Release 500 \ ms
N

NG (noise gate) AGC (automatic gain control)
® AttackThrd: -90 to 21dBu;
® Attack: 1 to 2895ms;
® TargetThrd: -90 to 21dBu;
Release: 1 to 2895ms;
® Attack: 1 to 2895ms;
® Threshold: -90.0 to 0.0dBu; e Ratio: 1.0 o 100.0
atio: 1.0 to .0;
H MNoise Gate ON H
® Click [ i ] to enable this func- ® Release: 1to 10000ms:
tion.
Click to enable this function.

5.3.6 DSP functions - MIXING PROCESS (Matrix Mix, AMX, AEC, ANC)

InA InB InC InD InE InF InG InH USB_TX1

input channel

(T (o0 J (o0 J (o0 J (o0 J (o0 J (o0 J (o0 (Coo]]
(oo ) X (oo ) (oo ) (oo ) (oo )| (oo | s aides

(oo J(Coo J(Coo | MEXM (00 }( oo ]

J

(o0 ) (o0 ) (o ) (oo ) R (o0 ) (00 (0o ) (o
(00) (o0 ) (o0 ) (o ) (oo ) R Co0 ) (oo ) (o
56,0 (00 ) (00 (00 )00 ) (00 (00 )( 00 )(00)

mixing status

output channel

(N

Input channel (on top side) corresponds to output channel. The box with a value is mixing

key of channels. When the mixing key is cyan (double-click the value box to switch), the in-

put channel and output channel signal realizes the mixing function.

The right part of the above figure contains the gain, reset button, and clear button of the
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matrix mix. Click the value box on the left, and then drag the sliding block of the matrix mix
gain or enter a value in the value box to adjust the matrix block Click the reset button to reset

the matrix mixing function to the initial one-to-one state; click the clear button to clear all the

matrix mixing functions, and there is no correspondence between the input and output of the

device.

User can find there is a Automixer button in ANC and AEC windows, which provides user a
signal routing from Auto Mix to ANC or AEC process.

)
B = -
o [ atsix i
e e
©
T outn2... [
some case setting for reference:
Auto Mix ANC AEC
Applications Schematic diagram
Input | Output | Input [ Output | Input | Remote Output
AFC/AEC/ANC(A]-In G X
AFC ‘ AEC ANC
single Mic Automixer ANSLV |0 -
with ANC ° * Input Output
(e Use_Tx2 USB_RXz
single Mic
L] L] L] Remote
with AEC
|
J
multiple Mic
L] L]
with AMX
multiple Mic
with AMX . .
ANC
multiple Mic
with AMX . . °
AEC
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5.3.7 DSP functions - PEQ-X (input and output)

HPF
Freq(Hz) £ 14 Type FreqiHz) a Gain{dB)  Freq(Hz)
Type | Bwes~| BHELIM| re0 - 1.00 55 Type | Bwaza-

20

BWe
enter value of frequency and select type, press [ on | to enable this function:
Butterworth 6/12/18/24/36/48, Bessel 12/24/36/48, Linkwitz-Riley 12/24/36/48.

BWe
enter value of frequency and select type, press ¥ to enable this function:
Butterworth 6/12/18/24/36/48, Bessel 12/24/36/48, Linkwitz-Riley 12/24/36/48.

(| ALLPASS-1
(8 ALLPASS-2
G PHASE

Type: PEQ/LSLV/HSLV/ /ALLPASS-2/PHASE;
Freq(Hz) Q Gain(dB): input value or use mouse pulley to set value;

Users can also drag the frequency dot on the curve to adjust.
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Type: PEQ/LSLV/HSLV/ /ALLPASS-2/PHASE;
Freq(Hz) Q Gain(dB): input value or use mouse pulley to set value;

Users can also drag the frequency dot on the curve to adjust.

PEQE]-In C

HPF LPE
Freq(Hz) 20 EQ6 Type Freg(Hz) Q Gain(dB) Freq{Hz) | 22000
e (owes] IO e ) e i

: display the phase curve of the current channel.
: show or hide all balance control points.
: turn on or off all equalizer EQ of the current channel at the same time
: save all the setting parameter of the equalizer of the current channel to the com-
puter, and recall the channel equalizer parameter of the computer, which can be called
across channels and devices.

: copy the current channel equalizer parameter value, which can be pasted to other
similar channels (such as input channel parameter can only be copied to other input chan-
nels).

: used in combination with the copy button to paste the last copied equalizer parameter
value to the current channel.

: reset the equalizer parameter to the default parameter values.

IN1
In the PEQ-X window, the left side is the interface switching button for

each channel. Click to switch the EQ channel, and the color is the currently selected chan-

nel. E is the curve color of the EQ channel. For each channel's EQ curve display
switch, check it to enable it to display the curves of other channels in the current channel in-

terface.
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5.3.8 DSP functions - DELAY (input and output)

(D | 61.76 |ms

nA O
me Hye

0.00 |ms

nc Nye

0.00 |ms

B — 'y ms

5.3.9 DSP functions - COMPRESSOR

Compressor[C]-Out 1

Compressor ON
Knee 0

 —

Threshold 8 |dBu
" —

Attack 885 |ms
P

Ratio &]

5.3.10 DSP functions - LIMITER

Max 2000ms for input channel;

Max 2000ms for output channel;

CIick[ O 1to enable this function;
Click c | to reset each chan-

nel;

User can switch ft/cm/ms meas-

urement for delay.

Soft knee: 0 to 30;
Threshold: -90.0 to 21.0 dB;
Attack: 1 to 2895 ms;

Ratio: 1.0 to 100.0;
Release: 1 to 2895 ms;

Click to enable this

function;
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S| ¢  Threshold: -90.0 to 21.0dBu:
— ——

® Release: 1102895 ms;

—— —
® Click to enable this

function;

Release [ 1742 |ms

® Set phase of output signal;
® Set mute of output channel;

® Set gain of output channel.

5.4 Monitoring and setting of channels

:
E
:

HOEEBE
EMIF

HOREBE

[E]
fopeases

JHEHERERE
Y MImmE|

A0
e
Ae

ol
a|8| g
®||@| g
0| s
8|0 g
0|8| &
(] [w] j==]

User can monitor gains level of input and output channels.
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5.4.1 Channel gain level

There are 3 kinds of input signal in device: ANA-
LOG, Mic and testing signal. It will show a label

for user.

(ANALOG]

Some devices support to switch USB audio in In
A and In B, all analog channels switch to Dante

audio.

BREEHE

OBREEHE

@BEEHE
E PRREUE

pE°

HE
HH

S[ek

ElE
ElE

Input value, drag gain fader or use mouse pulley

to set value of gain.

5.4.2 Quick buttons of DSP in channels

anaocll M Mute M Mute
+ Phase E PEQ
4 AAFC D Delay
N Noi
® oise Gate C Compressor
g] E PEQ L Limiter
D Delay + Phase

GO@
ER N

5.4.3 Group and channels link

User can quickly set channels in groups for opening or closing mute, phase, noise gate, PEQ

and delay function. AFC should be set independently, which can’t be linked.

-20
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M Mute M Mute
+ Phase E PEQ
mlll N Noise Gate D Delay
OHLEY  EPEQ C Compressor
© - P
O] D Delay L Limiter
o + Phase
©
(@
Channels link for input Channels link for output

When click link button, Channels Link window would show as below:

" Channels Link XN

InA All

InB AGC
DELAY
GAIN
Group 3 PHASE
Group 4 HPF

InC LPF

InD NOISEGATE

PEQ

Group 2

Select the corresponding channels to link, they will be in group for user to set parameter.

5.5 Menu - File

D New Project

New project: the project is restored to the initial open state.
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Demo Device: user can view all the functions of the device without affecting the specific device

connected.

Open: open an existing device management project from the computer disk.

Save: save the current equipment management project in the computer disk.

Save as: save the current equipment management project to the computer disk.

5.6 Menu - Device (Central control, Camera tracking, GPIO)

Device Co

Devices

Channel Name

Channel Copy

Central Control
Camera

GPIO

[~ "
Device Manage

device - factory -

Software version 2.7.75

Date 2023-08-02
Firmware version

Date

Hardware version

Gateway [ 0.[_o.[ ol o

MAC:

oK

Device Name
Device Group

Devices: view or modify the software version information, device name
and device IP address of the upper and lower computer of the device.
Channel name: set the name of each input and output channel.

Channel copy: copy device input and output channel parameter, can re-
alize cross-device copy parameter (Note: the same type of device is re-
quired).

Central control: provides user a quickly way to inquiry code of Center
Control setting. More details, please refer to another user manual <Center

Control Code User Manual>, it provides whole guide and codes for user

to match every specific system.
Camera: provides user with camera tracking function.

GPIO: provides user a quickly way to inquiry direction of GPIO setting.

<N " central Control |

Type |Set L

Control ( Increase/Decreases
Input/
Input R
Output: i
Channel: |1 -

Increase/
Increase -
Decreases:

Step: I_B_J |

Code |A5C33C5AFF 36050401 010001EE

-22



DSP MATRIX PROCESSOR

Camera setting

Preset Control Serial =

Prezet |1

foom In Zoca ot

Camera Addr |1

Foruc Near Focus Far
Protocal | PELCo

Spaed |E-ﬂ Iris Bip Iris Saall

Generally, the camera position should be debugged before the tracking starts, and finally the

parameter of this part are saved on the camera.

1. Set the serial ports via RS232 or RS485.

2. Set the camera address and protocol type refer to the protocol depends on the camera
model.

3. The preset No. is defined by the user for the camera, and then adjust the up, down, left,
right, focal length, aperture and other parameter.

4. Click "Save" to save the parameter to the camera. "Clear" is to delete the information of
the current preset, and "Call" is used to view the camera position saved by the current preset
NO.

Note: A camera address can contain multiple preset No., but one preset No. corresponds to
only one camera address. Camera Settings and Mic Settings have preset NO., serial port
numbers, camera addresses, and protocols, which need to be considered in actual situa-

tions.

Set Camera Tracking
et Camera Tracking

Default
Threshold (dBu)
Speech Space(s)

Switch Time(s)

Tharaticn (=)

Default mic: when all mics have no input, turn the camera to the default MIC setting or send
the associated command defined by the default MIC.
Tracing threshold: Indicates that the detected input signal must be greater than or equal to

the tracing threshold. The system automatically enables tracing parameter.
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Speech gap: the maximum discontinuous time of a valid signal. If the microphone is used to
speak, the reaction time is set to 3 seconds. The signal considered to be continuously valid
within 3S of the pause during speech, and invalid if it exceeds 3S.

Rotation time: the minimum speaking time required for the camera to switch to a valid posi-
tion. If the microphone is used to speak for longer than the "rotation time", the channel signal
is regarded as valid, and then the camera will automatically switch to the set position. Usu-
ally the "rotation time" is greater than the "rotation period".

Rotation interval: indicates the interval for sending the camera switching command or user-

defined command. If the interval is 0, no camera switching command is sent.

Set Mic Tracking
Set Mic Tracking

Camera Track Ez -

Pricrity i | PELCO-T

|
Hic Ho. ‘-— —'|
|
|

E ?

Apply

Mic No.: corresponds to the input channel of device. (parameter need to be set separately
for each channel)

Priority: Higher number for priority. If the priorities are the same, the processing is per-
formed in the sequence of triggering priorities. If two mics speak at the same time, the cam-
era automatically rotates to the preset position corresponding to the mic with a higher priority
or sends the command corresponding to the mic with a higher priority. However, if the two
mics have the same priority, the signal detected first prevails.

Active: Enables camera tracking for this channel.

Apply: Saves the current microphone camera tracking parameter to the device. (After cam-
era tracking is enabled, the parameter must be applied to take effect)

The preset point, serial port number, camera address, and protocol are related to the camera

and must correspond to the actual camera connection.
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5.7 Menu - Connection

Y 3
Port Setting i

Boute (232) | 115200 bps -

Boute (485) | 115200 bpe v|

Port: set the connection mode, port number and baud rate, confirm the connection mode
and then select the corresponding port.

Connect: connect and download the device parameter.

Disconnect: disconnect the connected device.

Connect all: connect and download the device parameter of all devices in the device list.
Disconnect all: disconnect all connected devices in the device list.

5.8 Menu - Preset

— _
Device Preset
B 0 Auto I

Save: select the saved gear, save all the parameter

= ' o of the current automatic gear of the machine to the

(4]

device preset (2~59 Preset bit).
Recall: call the device preset to the current auto-

oo mom A

matic gear position.

Delete: delete the existing preset, the default file
cannot be deleted, over written or saved.

Clear: delete all presets in the device.

Tuport Preset

Boot: select a certain preset, after setting it as the
Export Preset

boot file, each time the device is powered on, it will

Import Packagze

T automatically call the save the parameter; the last

set parameter need to be automatically saved,
please set the automatic file to the boot file.
Import preset: import a single preset file on the computer.
Export the preset: export all the parameter of the current state to the computer, and gener-
ate a single preset file.
Import preset package: import the preset package file containing multiple presets on the

computer.
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Export preset package: pack multiple presets in the machine’s preset into one preset pack-

age and export it to the computer.

5.9 Menu - System

Language: multi-language switching, supports simplified, tradi-
tional, and ENGLISH.

About: current control software and device firmware version infor-
| About mation.

Language

Upgrade I Upgrade: use can upgrade the firmware by using this function, a
upgrade .bin file should be needed from seller or speaker factory.

In general, no need to upgrade the firmware in device. Only there is

Help File
a bug or new function in software, upgrade function will be used.
Chapter 6 FIR filter and function (available in MAPOSE)
6.1 FIR filter and applications
When user uses PEQ to adjust audio signal and set a linear magnitude, he can find the
phase of signal changed, due to IIR filter. However, DSP products provide user a useful tool

FIR filter to adjust audio signal with a linear phase.

| Camess Connection Preset System T:DefaultPreset  _ E W

20H: 50Hz 100+

20 a [ mlus] o e
0.00 000 000 a0 0oo onoe 000 000

EQ13
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Some calculation:

Frequency resolution = Sampling/Taps

Available min. frequency = Frequency resolution*3

Means when use adjust audio signal with 48kHz, 1024 taps, FIR filters will take effect in fre-

quency above 141Hz of audio signal. The taps value more high, the FIR filter curve more

steep.

FIR filter processing audio signal will produce a certain delay:

Delay = (1/Sampling Hz)*Taps/2

Taps 48kHz 96kHz
Sampling
256 2.67ms, LF 563Hz 1.33ms, LF 1125Hz
512 5.33ms, LF 279Hz 2.67ms, LF 558Hz
768 7.99ms, LF 188Hz 4.00ms, LF 375Hz
1024 10.67ms, LF 141Hz 5.33ms, LF 281Hz
2048 21.33ms, LF 70Hz 10.67ms, LF 141Hz
Applications:

® Linear of the phase curve of the speaker;

® Match the phase and magnitude of different speaker models within the same product

line, as well as different speaker models in the installation project to make it easier to

debug speaker groups and arrays;

® Dealing with linear array systems (for audience area coverage optimization);

Frequency division optimization to improve the consistency of frequency response of

multi-division speakers over their coverage Angle range.

Devices required:

Measurement Microphone

x1
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Audio Interface x1

Windows PC x1 --

(installed software including .-
Smaart/REW, MDM-DSP)

FIR matrix processor x1 ————
=

Power amplifier and x1

speaker

Connection schematic diagram:

Speaker
Measurement mic

= !.%“((——
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6.2 FIR DESIGNER in MDM-DSP to set FIR magnitude and phase

Beside using third party software, MDM-DSP provides user a more convenient way to set FIR

magnitude and phase of each channels.

There are two ways to open FIR DESIGNER interface:

ﬂm DESIGNER 7] () (o | T
| mm mx }—] 5 [—'tl s
DEVICE SETTING DEVICE INFO INPUT SETTING

Out1 Out 2
@ POWER ON call NaME [Gevicad 0.0 InA InB ul A
-

@ STANDBY
& [ar S
MODEL L
el _

ae R e - moe| = | o|muTE L) L D) L D) L D) power [ o001 |[ oo1 |
Qe B- o ) = | ofprase + + + ¥ vourace | oo1 |[oo1 |
mEg 0 |sovs (8 1[0 I 0 IO ]

;z GAIN 188 0.0 00 00 Fixed R Fired-R

INITIAL

Designer Filter Magnitude 72dB 144dB
H]
‘T 24 3~ Designer
+12
0d8
412
24
-36
48
-60

50Hz 100Hz 200Hz 500Hz  1kHz 2kHz 5kHz  10kHz 2”'2"2

@ Click “FIR” - “Designer” button to enter FIR automatic linear magnitude and phase function

interface.

@ Or click “FIR DESIGNER” in main interface to enter FIR automatic linear magnitude and

phase function interface, which can quickly help user return to the page he set last time.

Let’s begin to set:
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6.2.a FIR DESIGNER - Import

Import Magnitude Correction Phase Correction

Speaker Response

Import Clipboard Clear

M Normalise magnitude to max

magnitude offset (dB)
o 0 1

Leval(dB)
(seaubop) eseyd

o - -18
V Blue:Speaker Magnitude 20Hz 50Hz 100Hz  200Hz 500Hz  1kHz 2kHz SkHz  10kHz  20kHz
Frequency(HZ)
Yaxis:min[-40dB v] max(20dB v Speaker response diagram

¥ Red:Speaker Phase

+20 180

+10

0

5

Leval(dB)

N
3
(seaubop) eseyqd

8
8

¥/ Green:Magnitude target ; 20Hz 50Hz 100Hz 200Hz 500Hz 1kHz kHz 10kHz 20kHz

Ml PinkPhase target Frequency(H2)

Yaxis:min|-40dB v| max(20dB ~ Magnitude and Phase

Load: load speaker measurement file from Smaart, usually it’s a .txt file.
Import Clipboard: load ASCII data directly from Smaart.

Clear: clear measurement data.

tain dB of magnitude, in order to adjust magnitude curve as little as possible.

Normalise magnitude to max or Magnitude offset (dB): this can help user to adjust a cer-
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6.2.b FIR DESIGNER - FIR-EQ

Magnitude Correction Phase Correction

° 8 § 3

Leval(dB)

8

(seaubop) eseyd

I~
S

-180
500Hz kHz z kHz  10kHz  20kHz
¥ Green:Magnitude target Frequency(HZ)

[ PinkPhase target Magnitude and Phase

180

120

]

Leval(dB)
°
(seaubop) eseuq

8

[] Light Blue:Speaker Magnitude Befor
V Blue:Speaker Magnitude
¥ Green:Magnitude target

[ Red:Speaker Phase : 20Hz 50Hz 100Hz  200Hz 500Hz iz iz iz 10kHz  20kHz
Frequency(HZ)
Yaxis:min|-40dB v| max(20dB ~ SpeakerxFIR Response

[] PinkPhase target

There are High pass filter and low pass filter for setting frequency divider, and 15 bands of PEQ \
LSLV \ HSLV to adjust magnitude. Try to set a linear magnitude of target speaker.

Mark: changing FIR magnitude doesn’t effect its phase.

6.2.c FIR DESIGNER - Magnitude Correction and Phase Correction

Of course, if there are too many speakers to be adjust, user has to spend a long time manually
adjusting their magnitude. In this case, Magnitude Correction will be more useful. Just enable

ON button for frequency.
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ON/OFF

B OrangeFIR Magnitude Generate

[ Blue:Speaker Magnitude Mimor

M Light BlueSpeaker Magnitude Befor
+ Blue:Speaker Magnitude

[] Green-Magnitude target

[] red:Speaker Phase

[] PinkcPhase target

Import

‘ON/OFF Min Freq
20

Yellow:FIR Phase Generate

 Red:Speaker Phase Mirror

[ Blue:Speaker Magnitude
e agnitude target
¥ Red:Speaker Phase

[ Pink-Phase target

Magnitude Comection

20Hz 50Hz 100Hz

is:min[40dB v| max(20dB ~|

0Hz 50Hz 100Hz

Voxis:min[40d8 ~| max[20d8 =]

AR-EQ

Max Freg
23000

50Hz 100Hz

max (308 _+]

20Hz

Yaxis:min[-40dB v| max[20dB ~|

6.2.d FIR DESIGNER - Generate

200Hz

DSP MATRIX PROCESSOR

Phase Correction

5kHz 10kHz 20k

FIR Response

5kHz 10kHz. 20k

SpeakerxFIR Response

20k

FIR Response

180

120

-180
TkHz 2kHz 10kHz. 20kHz

SpeakerxFIR Response

Select Taps (such as 512) of this adjustment, and store it in a FIR channel. User can also name

this FIR adjustment and export it to a .KF file. After finish all setting, return back to FIR interface.
Cancel BYPASS button to make it work.
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Successful execution.

Designer Filter M Phase

Taps:512 : +36

Name:Default 1 +24
+12
0dB //W/\NM
-12

-24
-36

50Hz 100Hz  200Hz 500Hz 1kHz 2kHz SkHz 10kHz 20kHz
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MusICALL

MDM-D16

MUSICALL

 our e our 15 our 14 0T 13

00V-264V AC 50-601z

[ mie wis wie Wi Wz Wi wo W |
. CIECELEETT
5
Vo )

our 12 outr1 out 10 ours |

ANAAAITAIAAL iiiiiii

aadasaaaaaad [fjaasasaaaaass
QUTPUT




