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@32-bit SHARC DSP process, 96kHz sampling rate, 24bit AD/DA convert.
@ Each analog input channel has a +48V phantom power supply,
the microphone and linear input gain can be switched the
microphone input sensitivity can be adjusted.

@The Input channel processing includes low cut, independent feedback
suppression, PEQ, noise gate, gain, mute, phase, linkage adjustment,
volume grouping adjustment and other processing functions.
@ The outputchannel processing includes frequency division, PEQ,
gain, mute, compression/limiter, phase, delay, linkage adjustment,
volume grouping adjustment and other processing units.

@ Al channels' PEQ gain, bandwidth and frequency can be
continuously adjusted, and the types can be selected: PEQ, low-
shelf filtering, high-shelf filtering, low-cut filtering, high-cut
filtering,first-order phase-shifting, second-order phse-shifting.
@Every input and output can do matrix assign flexibly, and all the
input and output channels'name can be changed.

@ All the input and output with independent phase curve adjust
functions, PEQ style choose allpass 1 -180 * curve adjust, allpass 2
-360 ° curve adjust.

@Al types of high-cut and low-cut filters are available: Butterworth,
Linkwitz-Riley, Bessel, and continuous slope.

@ The input channels'noise gate threshold value, start-up time and
recovery time are continuously adjustable. The output's
compression/ limiter threshold, ratio, start-up time and recovery
time are continously adjusted.

@Al output channel's delay modules have delay time up to 680ms.

@ Parameter Settings between any channel can be copied freely,
and any channel can be linkage adjusted.

@ Displays the current frequency response curves of all input or
output channels in any input or output channel window.

@®Unique EFX channel design, with professional ECHO and REVERB
dual engine multiple effectors, can beautify and modify the timbre, can
also fully support the karaoke function, can be widely used in
conferences, multi-function halls and other applications.

@AUX channel has powerful automatic mixing processing function,
mixing threshold, amplitude, start time, recovery time and other
parameters can be adjusted continuously. At the same time with
automatic camera tracking trigger function, trigger threshold,
amplitude, start time, recovery time and other parameters can be
adjusted continuously.

@ Built-in test signal generator, output mode optional pink noise,
white noise and 20Hz-20kHz sinusoidal adjustable, and signal
amplitude adjustable.

@ The front panel is equipped with input and output level indicator
light, USB control port, rear panel 232& 485 control port, and Ethemet
connection remote control port. One-button connection makes the
user's operation easier and faster, and the computer can be wireless
@ Multiple user presets, the complete machine state and each
preset can be stored and called separately. The ID setting function
can cascade control 255pcs machines, and also has password
protection function to make the device more secure

@® The US-1 touch control box is used together, making the
equipment easy to operate, convenient and easy to control.
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SPECIFICATIONS

#2MODEL |US8803

US1683

Q
)

US16163

HI\E HIEEINPUT/OUTPUT CHANNELS | 8ift8tH 8 IN/8 OUT

1638 16 IN/8 OUT

16316 16 IN/16 OUT

A EOINPUT/OUTPUT CONNECTOR| $iA: RURIAEE, %it: RUREEE INPUT/OUTPUT: PHOENIX SOCKET

5% 0§ iZFREQUENCY RESPONSE | 20Hz-20KHz +0.3dB

20Hz-20KHz +0.3dB

20Hz-20KHz +0.3dB

EhATEEIDYNAMIC RANGE [115dBu 115dBu 115dBu
SR ETHD | <0.008% at 1kHz(0dBu) <0.008% at 1kHz(0dBu) <0.008% at 1kHz(0dBu)
#HCROSSTALK | >70dBu, 20Hz-20kHz >70dBu, 20Hz-20kHz >70dBu, 20Hz-20kHz
HEHHILLCMRR | >75dBu 1KHz >75dBu 1KHz >75dBu 1KHz
#4773 CONNECTION TYPE | it 4 BALANCED CONNECTION
ERMWABS KRBT PHANTOM POWER |48V DC 48V DC 48V DC
MIC INPUT HIZEGAIN | 50dBu 50dBu 50dBu
BE L IMPEDANCE |2KQ 2KQ 2KQ
753X CONNECTION TYPE | F#:(i% £ BALANCED CONNECTION
e aansy  HEEGAIN | 35dBu 35dBu 35dBu
LINE INPUT k4 tH 2 SEMAX OUTPUT LEVEL] 18dBu 18dBu 18dBu
BEHIMPEDANCE | >10KQ >10KQ >10KQ
$E4#%75 3%, CONNECTION TYPE | {83 % # BALANCED CONNECTION
?ﬁf’?ﬁ 18§ H HB SEMAX QUTPUT LEVEL | 18dBu 18dBu 18dBu
BE$IMPEDANCE | <5000 <5000 <5000
4IRS (DSP) | 24bit sigma-delta A'D, D/A¥§$% CONVERSION, 32bit SHARC DSP, 96kHzR £ SAMPLING
=& R<TDIMENSIONS(WxDxH)mm | 482x254x44 482x254x89 482x254x89
7 &i%1E NET WEIGHT |3.8KG 4.9KG 4.9KG
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