QSC

i)

Canf-System-VolP-v1.3* - Q-Sys Designer [build 5.0.42]

File Edit View Tools

Help

Inventory
4 Equipment Rack
Core : Core-110f
| Status
Mic/Line In
Flex In
Line Out
Flex Out
L] POTSIn
() POTS Out
[ POTS Controller
LJGPIoIn
L GPIO Out
[ Serial Port
USB Endpoint L In
USE Endpaint 1 Out

] Loudspeaker Monitar

4 “} Softphone : Sofiphane-1
Controller
In
out

Rev. A, March 2016

bagrPar

Inputs f°

EL [ Main x| [ status | [ Meters/Testing |

Processing & Mixing /0

Application Guide

Q-SYS Core 110f VoIP Conference System

PR

+ +[® [~ GraphicTools

|[x[RCIE]

Mic/Line In G3
Core

Channel
Group

Outpues

£ Sterso

metric
Equalizer

E i
Softahone-1

Filter

{5 High-pass ¢
e

&) Parametric
Equalizer

& Paramerric 5|
Equalizer

5 Stereo
[ Paramerric
Equalizer

ro G}
[ Paramenric |

-\__m F cn ==
\ |

Line Out

Core.

(VeIF 8t 3 softProne Out
Softshone-1

Equalizer
'USB Endpoint 1 In SHiSEi} {5 High Pass o2 Parametic uw {US80uE(> Us Endpoint 1 0ut
care. [ e Equalizer =
Telephone Controis |
ONTACT LI
Dial String. [ x]
Frogress [

OffHook @
Ringing @

(oo ] Deconmect | Connect |

T after [ 2 rings

| ook Fizh ]

QsSC

Q-SYS
COREMOf

USE/FLEX CHANNELS

——————— NAMES

INpUTE — OP)

40 — OUTPUTS

w
ranceEN COULECTORLE

| S o

4+ mjax| ¥

~ Schematic Library

4 Audio Components
Acoustic Echo Canceler
Audio Players

Audio Recorder
Crossfader

Crassover

-

Delay
Dynamics

Effects

Equalizers and Fifters

- ==

n
- =
zZZ
=&
oA
]

=

Public Address

Room Combiner
Router

Signal Presence
System Mute

Test and Measurement
Timecode

Timeline (BETA)

v Control Companents

b Layout

- v

~ User Library
Patton SmartNede Config Builder
User Component 1Billion!

Application
Engineering

Team




0-SYS DESIGNER COMES WITH SAMPLE DESIGNS.

Q-SYS Designer 5.0 and higher software automatically installs sample designs. This design is for a conference room utilizing
a Core 110f, with eight tabletop mic inputs, two sets of stereo audio inputs, a USB I/O for using a PC as a soft codec for web
conferencing, two zones of ceiling loudspeakers, and a Softphone VolIP (Voice over IP) connection for voice teleconferencing.

This design depicts a thorough set of best practices for developing a Q-SYS system. Use the design as-is, if it fits your needs, or
alter it as needed. Or use it as a learning piece to see how Q-SYS components are configured and linked together in a design.

Where to find it

In most cases the Q-SYS Designer Installer program will copy it into the folder //Users/Public Documents/qsc audio/, but if you
have used another version of Designer before and have a different folder for your Q-SYS designs, you might find the file there. Select
File > Open, or press Gtrl + 0, and select the design file Conf-System-VolP-v[x.x].qsys.The design will look largely like the one in
Figure 1. This design could be for a conference room like the one shown in Figure 2.
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Figure 1.

Ins and Outs

The conference room media system design is composed of these inputs and outputs:

e 8 tabletop mics

e 2 pairs of stereo flex ins from stereo media player and Blu-ray player

e 1 VolIP connection (telephone over Ethernet)

e 1 USB speakerphone in/out (through PC)

e 4line outs (to SPA-60 four-channel amplifier, powering four QSC AC-CBT ceiling loudspeakers)
e 2 pairs stereo flex outs

The Core 110f uses pluggable Euro-style connectors for signal inputs and outputs, which are balanced. The connectors are color
coded to help installation:

e  Mic/Line Inputs: orange

e Flex Inputs/Outputs: blue

e Line Outputs: green

e GPIO Inputs and Outputs: black
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Rack

(see detail)

To playback loudspeakers

Figure 2. Conference room (above); Rack detail (below)

Rack detail:

Rack-mount PC

Blu-ray player

Stereo pair from
Blu-ray player

Q-SYS Core 110f

LAN A Line out 1-4
Ethernet

QSC SPA4-60 amplifier

Key

usB

Ethernet
Mic/Line input
Flex channel
Loudspeaker
Line output

Ethernet to PC

Mics 1-8

Stereo pair
to playback
loudspeakers

AC-C6T #1
AC-C6T #2

AC-C6T #3
AC-C6T m/

Gigabit Ethernet switch
(Q-SYS approved)
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Ethernet to TSC-7

Network

stereo pair input

stereo pair output



Connecting the Mic/Line inputs "V

Each Mic/Line input uses three pins, for + (non-inverting), - (inverting),
and ground or shield. Provided with the Core 110f are eight orange
three-pin plugs—one for each input. Connect them to the Core 110f as

depicted in Figure 3. In this design, each input is wired to an individual
tabletop mic.

MIC/ LINE INPUTS FLEX CHANNELS LINE OUTPUTS

cH1|cHa|cHa|cHa cHi|cHa|cHa|cHa cHi|cHa|cH3 | cHa
e e e e [ e e e e [ s ey e e
CHslcrelcr7lcrAe cHslcrelCH7 | GAa CHS| CHe 1 cHR7 | crs

i

Mic 5 NIE M7 Mn

Figure 3. Connecting the Mic/Line inputs.
AR AR AR - .
Connecting the Flex input/outputs
hhhh The Flex channels are the first of their kind in DSP products: each
three-pin connection can be used as an input or as an output, as
M defined by its software configuration in the Q-SYS design.

MIC/ LINE INPUTS FLEX CHANNELS LINE OUTPUTS

m The Flex connectors are blue, and there is one per channel. Connect

gotlonelonslons curlonslonslone enmtlenslonalons o ag depicted in Figure 4.
CHS5 | CHS | CH7 | CH8 CHS5 | CHS | CH7 | CH8 CHS5| CHB | CH7 | CHS8
In this design, Flex channels 1 through 4 are configured as inputs,

and 5 through 8 are outputs. The inputs are stereo pairs from media

playback sources, such as DVD or Blu-ray players. The outputs send
signal to pairs of stereo loudspeakers for media playback.
Any Flex channel can be easily reconfigured into an input or an output

Flek Dt 5 s OutG s But 7 Fox a3 by changing its settings in Q-SYS Designer.
Figure 4. Connecting the Flex inputs and outputs.

> > > A
.y .y .y .y

Line Out 1 Line Out 2 Line Out 3 Line Out 4

Connecting the Line outputs hhhh

Like the others, each line output uses three pins, for + (non-inverting),
- (inverting), and ground or shield. Provided with the Core 110f are U e CANNELS e ouTeTe

eight green three-pin plugs—one for each output. Connect them to the _ _ _
Core 110 f as depiC’[ed in Figure 5. cH1|cHa2|cH3|cHa cHi1|cHe|cHa|cHa cH1|cHa|cH3| cHa
P i e i I icd i [ i i ol e I e e el B
I:HE CHE | CH7 | CHB I:HE CHE | CH7 | CHB I:HE CHE | CH7 | CH8
This design uses four line outputs, and in a conference room like the

one depicted, they might typically provide audio signal to a power
amplifier that drives the ceiling loudspeakers. Figure 5. Connecting the line outputs
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Figure 6. The assortment of connections on the Core 110f.

Connecting VolP

In this design, the Core 110f connects via the LAN to a VoIP system through a Softphone. There is a SoftPhone In block near the
left edge of the design. Near the right edge is a SoftPhone Out block. “In” means audio coming in from the far end of a call, while
“out” is where audio that originates in the conference room is sent out through the SoftPhone to the far end.

A User Control Interface (UCI) created for a TSC-7 touchscreen controller contains the phone dialer, volune, and other controls,
making them readily accessible on the tabletop. The TSC-7 connects to the core through the local area network (LAN), which is
described below.

For more information about connecting the Core 110f to a VoIP system, see the QSC Technical Note Interfacing VoIP with a
Conference room via Core 110f.

Connecting the Network

Two RJ45 Gigabit Ethernet jacks provide connectivity to the primary LAN, and if required, to a redundant or auxiliary one. The
primary network is labeled LAN A and the redundant one is LAN B. LAN B can also be configured as an auxiliary LAN for use on a
control or corporate network.

The LAN conducts all communication between the core and other network devices, such as any TSC touchscreen controllers.

Connecting the USB Type B Port

In this design the Core 110f is configured with one USB endpoint serving as a speakerphone. This feature allows you to operate a
teleconferencing session using software such as Skype, GoToMeeting, Lync, Google Hangouts, etc., on the PC connected via the
USB port.

For more information about using the Core 110f with a PC via USB, see the QSC Technical Note USB Endpoint functions in Core
110f: Soundcard or Speakerphone.

QSC Systems / Q-SYS Core 110f VolP Design Application Guide



Features in Q-SYS Designer

Channel Group
A Channel Group (Figure 7) is an efficient and convenient way to draw
and apply one or more processing steps simultaneously to two or

Processing & Mixing f

more parallel channels of audio. 8 g g

© 8-Channel © € Gating
Double click on the Channel Group to open it; we see that in this 8 Acoustic g Cth[:'l:‘e' g ‘:‘,‘I‘Itc"m;gﬁ
design it applies high-pass filtering and parametric EQ to each channel o Echo 3] b3l (BETA)
Fi 8) £y Canceler ) e
(Figure 8). 8 o &

You may configure these eight channels separately, or you may .
configure some or all them simultaneously; use the selection buttons Figure 7.
(1 through 8, plus Prev, Next, Exclusive, Select All, and Select None) to

choose which ones to configure.

The high-pass filter and parametric EQ blocks can be opened to allow configuration. The settings you configure will apply to the
selected channels.

Channel Group
| 8 |

© High-Pass G »3' Parametric G
Filter Equalizer
Figure 8.
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Figure 9. High-pass filter configuration above, and parametric EQ at right. Bandwidth
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Gating Automatic Mic Mixer

As the name suggests, The Gating Automatic Mic Mixer is a multi-channel mixer that has adjustable noise gating on each channel.
The one in the default design is configured for eight input channels and one output. It is especially suitable for teleconferencing use
because it can take out possibly distracting background noise and improve intelligibility.

Figure 10 shows the component opened up for configuration. Like a conventional mixer, it combines multiple audio signals together,
but it additionally adds noise gating with a maximum number of open mics, along with adjustable attenuation and threshold
parameters. The “Last Mic On” feature leaves the last active mic ungated even when no one is speaking, allowing some background
noise to come through and prevent the illusion on the far end that the connection has been lost.

Gating Automatic Mic Mixer (BETA)

Gate J Channel-y) 1 2 3 4 5 & 7 8 | Numberofopenmics/ ) mix
cpen ® ® @ ©®© @ e @ o nom [0 || [ mute IR
Default (N (D (D (NN (N GO AN R MaxNOM | 3
repreny | | | | |
Last Mic On [:I Linear Attenuation -
Threshold Level ‘ T — . ‘
Above Noise | 10.0d8 P |5008] gain Gain
Signal Level
A Above Noise i .
Depth TR Max Attenuation T
e (S me (S
Hold Time e Response Time T ’—|
: [ odB | od8 [ ods | ods | ods [ ods | ods | ods | ods || | 0d8

post-Gate Mute [N (EEED DN DD DD BN NN N

~TTTITTIT

[0d8 [ o8 [ 0ds | od8 | od8 | ods | ods | ous |

name | mic1 | micz | wics | mica | wics | mics | mic7 | wics |

"

Figure 10. The Gating Automatic Mic Mixer.

VIDEO TRAINING SERIES

An engaging, self-guided video tutorial series

} gsctraining.com/education/courses/qsys
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