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Reliable DSP processing with advanced control

The processing platform — ADI SHARC 21489 at 24-bit/48 kHz — delivers 113 dB dynamic range and THD+N
below −95 dB, providing a clean signal floor for rooms with multiple open microphones. System delay
stays under 3 ms, which is critical in environments where presenters hear themselves through ceiling
speakers or where AEC performance depends on tight timing between reference and return signals.

Each of the eight input channels runs its own independent adaptive feedback suppression, meaning the
system can manage varying microphone placements and room acoustics without one channel's
correction interfering with another. This is particularly relevant in multi-purpose rooms where furniture
layouts change and microphone positions are not fixed. The full-duplex AEC handles simultaneous talk
and listen without ducking artifacts — essential for natural dialogue in video conferencing. ANS operates
per-channel to reduce steady-state background noise from HVAC, projectors, and other mechanical
sources without affecting speech intelligibility.

The gain sharing auto mixer manages open microphone discipline automatically, attenuating inactive
channels to keep the noise floor low while responding instantly when a new talker begins. Combined
with AGC — which normalizes level differences between quiet and loud speakers — and ambient noise
compensation that adjusts output level to match the room's changing noise floor, the system maintains
consistent, intelligible audio without operator intervention. Audio ducking allows priority signals such
as paging or emergency announcements to automatically reduce program audio.

The full 8×8 mixing matrix with adjustable input levels provides unrestricted routing between any input
and any output, supporting complex zone configurations from a single chassis. Eight independent
presets allow the room to switch between configurations — for instance, a boardroom layout with table
microphones versus a town hall with wireless handhelds — without reprogramming. Channel linking
and grouping simplify stereo source management and zone control.

The built-in USB-C sound card interface connects directly to UC platforms such as Microsoft Teams or
Zoom and is treated as a native participant in the mixing matrix. Audio from the conferencing platform
passes through the same DSP chain as any analog input — ducking, EQ, mixing, and routing all apply.
This removes the need for an external USB audio interface or separate processing between the software
codec and the room system. All eight analog inputs support +48 V phantom power with gain adjustable
from 0 to 48 dBu in 3 dB steps, accommodating everything from condenser gooseneck microphones to
wireless receiver line outputs.

Device management runs over Ethernet with multi-device support, allowing several NEXUS processors to
be configured and monitored from a single software instance — practical for campus or multi-floor
deployments. Control is available via RS-232, UDP, and TCP, covering integration with all major third-
party platforms including Crestron, AMX, and Extron. Two types of software-programmable wall panels
provide end-user controls such as volume and preset recall without exposing the full system
configuration. The N16 accepts PoE or AC 110–240 V power in a standard 1U rack-mount chassis (482 × 260
× 45 mm), supporting clean installations where a single network cable delivers both data and power.

KEY  FEA T U RES

8 balanced analog inputs and 8 balanced analog outputs with +48 V phantom power

Full-duplex AEC and ANS on every channel

Per-channel adaptive feedback suppression (NHS)

Gain sharing auto mixer, AGC, ambient noise compensation, and audio ducking

Full 8×8 mixing matrix with adjustable input gain (0–48 dBu, 3 dB steps)

USB-C sound card with full DSP processing on input and output

8 independent presets with channel linking and grouping

RS-232, UDP and TCP control with iOS/Windows software

Software-programmable wall panels (2 types)

AC 110–240 V power — 1U rack-mount (482 × 260 × 45 mm)

GENERAL

Product Name NEXUS N16

Description 8x8 Digital  Audio Processor

Dante Support No

PROCESSI NG

Processor ADI SHARC 21489

Sampling Rate 48 kHz

Bit Depth 24-bit

System Delay < 3 ms

AUDI O PERFORMANCE

Frequency Response ±0.3 dB (20 Hz – 20 kHz)

Maximum Input Level +18 dBu

THD+N < −95 dB @ 17 dBu

Input Dynamic Range 113 dB

Output Dynamic Range 113 dB

Channel Isolation @ 1 kHz 108 dB

Input Impedance (balanced) 5.4 kΩ

Output Impedance (balanced) 600 Ω

I /O

Analog Inputs 8

Analog Outputs 8

Input Gain Range 0 – 48 dBu (3 dB steps)

Phantom Power +48 V / 10 mA max

USB-C Audio Dual-channel USB sound card

DSP FEATURES

Adaptive Echo Cancel lation (AEC) Yes

Active Noise Suppression (ANS) Yes

Automatic Gain Control  (AGC) Yes

Ambient Noise Compensator (ANC) Yes

Auto Mixer (gain sharing) Yes

Noise-free Howling Suppression (NHS) Yes

Audio Ducking Yes

Presets 8

CONTROL

RS-232 Yes

UDP & TCP Yes (configurable port)

Ethernet Yes

Wall  Panel Support 2 types (software programmable)

Software Compatibi l i ty iOS, Windows

POWER

Power Supply AC 110–240 V, 50/60 Hz

PHYSI CAL

Dimensions (W × D × H) 482 × 260 × 45 mm

Form Factor 1U rack-mount

Shipping Weight 4 kg


