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3. Internal Structure of the RM3200D

3.1 DSP Processing and Routing
The DSP Processing inside the RM3200D consists of the following main DSP software
parts:
e Input and Output Routing
e Input and Output Gain (includes also headroom and deemphase processing)
e Summing Busses (includes PFL and Conference/Mix-Minus)
» DSP Processes (Input Processing and Fixed Processing)
e Output Functions
* Monitor Busses
You will find detailed descriptions of the software parts in this chapter.

The Routing, the Input/Output Gain Processing and the Summing Busses are completely
independent from each other and they are always processed.

Only the DSP Processes and the Output Functions share the same DSP power. The DSP
power is displayed in the configuration software during the configuration process in the
System Configuration Window. You will get an error message in the configuration software
when you try to configure more than 100% of the available DSP power. In that case it is not
possible to generate a downloadable configuration.

The Monitor Busses are special routing functions (no special DSP resources!) to build
monitor selectors, and you can route out the Monitor Busses to a output.

The internal format of the audio data inside the RM3200D is 32 Bit Floating Point.

3.1.1 TDM Bus and Routing

In this section we describe the routing possibilities of the system. All input signals are
converted to the floating point format after analog to digital conversion or after decoding the
AES3/EBU or MADI input signal and the opposite processing on the outputs.

After floating point conversion, the headroom and the input gains are always processed.
When using the Digital Input/Output Module RM330-111, the deemphase will be processed
when activated on the source (CD or DAT). After this, the signal goes to the TDM Bus of the
system.

From the TDM Bus you can pick up the signal directly to an Output Module or you can route
the signal to an input of a DSP Process, a Summing Bus (Fader Channel Input) or an Output
Function.

The routing operates completely without interference, i.e. there is no limited “routing power”
in the RM3200D.

The largest RM3200D DSP Frame RM330-053 has a TDM Bus with 432 audio signals or
“Time Slots™

e 24 input slots, each with 4 input channels -> 96 Time Slots
* 3 MADI slots, each with 56 input channels -> 168 Time Slots
e 42 summing busses -> 42 Time Slots
» 54 output functions -> 54 Time Slots
» 36 Stereo DSP Processes -> 72 Time Slots
The time slot number or the address of the TDM Bus for the 432 signals is always the same.
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The following figure 29 shows a typical signal flow through the system. Please study this
example carefully, it is of key importance to understand the configuration process with the
configuration software DEFI NI TI ON. EXE:

The signal flows from an input module through the fix point to floating point
conversion, through the headroom and digital input gain stage and through the
optional processed deemphase to the TDM Bus.

All'inputs are processed that way. The deemphase will be processed only when using
the Digital Input/Output Module RM330-111 and if the bit is set in the professional or
consumer data stream. The deemphase processing is not available with the Digital
Input Module RM330-110 (because there is no control connection between the
module and the DSP) or any other module (RM330-120/121/421).

It is possible to route the input directly to an output (input A to output D) or to the Input
DSP Processing (input A). After the Input Processing, the signal flows to the inputs of
the summing busses (to fader 1).

An input signal without any Input Processing flows directly from the input to a
summing bus (input B to fader 20).

The output of the Summing Busses is also available on the TDM Bus and can be
routed out directly (to output E) or to an input of an Output Function.

Also an input signal can be routed directly to an Output Function (input C).

The output of the Output Function is available on the TDM Bus and can be routed out
directly (to output F) or to the input of a Fixed Processing function like the Limiter.

The signal flows at least from the output of the limiter to the TDM Bus and from the
TDM Bus to an output module (to output G).

The signal flows from the TDM Bus trough the Output Headroom stage and through
the floating point to fix point conversion stage to the output module.

Important Note: All other combinations of the routing are possible in the system!

You can use the system also only as a Routing Switch with the advantage to control the
headroom, process DSP functions like Limiters or Level Detectors and to process a format
conversion between analog, digital and multichannel signals.
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3.2 DSP Frame Types

Important Note: Like the different numbers of possible modules in a DSP Frame

also the DSP power of the system is dependent on the size of the DSP Frame. The
30 slot frame has more processing power than the 20 or the 10 slot frame.

The number of the available Inputs/Outputs, Summing Busses, Output Functions and DSP
Processes are shown in Table 3 below.

DSP Frame Type: RM330-053 | RM330-052 | RM330-051 | RM330-042 | RM330-041

Number of Audioslots 24 16 8 16 8 each with 4 inputs and/or
4 outputs

Number of MADI- 3 2 1 0 0 each with 56 inputs and/

Slots or 56 outputs

Max. number of 264 176 88 64 32 you can pair 2

inputs (1) consecutive channels to
1 stereo channel

Number of DSPs 12 8 4 8 4 ADSP21065-240MHz

Number of Summing 42 28 14 28 14 each with 20 mono- or 20

Busses (mono) stereo inputs

Number of Output 54 36 18 36 18 each with 2 inputs (mono)

Functions (mono)

Number of DSP- 36 24 12 24 12 each DSP-Process can

Processes (stereo or be used as stereo or

mono) mono

Max. number of 264 176 88 64 32 you can pair 2

outputs (1) consecutive channels to
1 stereo channel

Table 3: Overview of DSP Frames

In the following figures (Figure 34 to Figure 38 you will find a scheme of the internal
structure of the 5 different DSP Frames.

Also, you will see the numbering of the physical inputs and outputs. The number of the
inputs and outputs correspond with the slot number and the channel number of each slot.

The channel number starts always with zero. The prefix of an input is
113 01 .

and of an output
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Figure 37: 10 Slot DSP Frame RM330-041
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D Definition.exe

3.2.0.1 Summing Busses

We can use our 14, 28 or 42 Summing Busses for different applications: PFL, Program Bus,
Aux Bus and Conference Matrix applications (mix minus).

T /\/
TDM Bus Summing Bus TDM Bus
Internal Routing DSP-  Panorama
Fader or Balance
/ Control
N _n 1A Jj 1A 2
| n+1 1B Fader 1 @ 1B 12
7 14
N m 2A @ 2A %
[ | m+1 2B Fader 2 @ 2B 1A
7 14
U ' 3‘\ 382
1+1 Fader 3 ” 1
4 3B Wj 3B % 3 ,
N K 20A M 20A
[ | ke 208 Fader2G« o0 s
7 L %8
L —

Figure 39: Summing Bus

Each of the max. 42 Summing Busses consists of a sum with 20 stereo inputs (1A, 1B to
20A, 20B). The B input is always the consecutive input on the TDM bus to the A input - it is
a stereo routing to the fader inputs. When the fader is a mono fader, then the B input of the
fader is not used.

When the fader is used as a mono fader then the panorama is processed, when the fader is
a stereo fader, the balance is processed after the fader. To build a stereo sum (Program Bus
or stereo Aux Bus), the system takes 2 consecutive summing busses.

Important Note: All 42 Summing Busses are using the same input routing, the same
fader values and the same Panorama/Balance values.

The configuration of the Summing Busses are in the Conf i gur ati on/ System
Confi gurati on wi ndowunderthe node: M xi hg Functi ons and the node:
Conference Matri x.

In the node: M Xi hg Functi ons you can select the number of the used Program
Busses, Stereo Aux Busses and Mono Aux Busses.
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You can view the actual resources of your Summing Bus consumption on the blue bar
“Resources Mixing Functions” in the window Conf i gur at i on/ Syst em

N RIM3200-D0 Configuration [FARMAZ00MNdeyvicanumber rmp)]

Eile Configuration Update System Options  Help
|l

1 Canfiguration
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i Fiotary Monitor Selector

- Fived Processing Humber of Mono Aus Busses | |-2 :l

[#- Output Functions

[ Output Routing ;I

Synchronization

i Level Detection

Logic Function

- General Purpose Output

Resources Mixing Functions _I;I
. S 4

Resources Processing
| 0%

S

Resources Output Functions

Beport | Apply | o 0K | X Cancel | ? Help |

Figure 40: Window “Configuration/System” in the Configuration Software

3.2.0.2 PFL - Pre Fader Listening Bus (Cue Bus)

The PFL Bus always uses the first two Summing Busses (this is fixed in the system
software) — this means that PFL is stereo, but when you want to use it as mono, you must
use one Output Function (OF) and sum the left and right PFL channels to a mono PFL
channel.
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Also, when configuring the PFL Function as non mixed ( Conf i gur ati on/ Consol e/
Fader Mbdul e/ Functi on PFL) - the system always uses these Summing Busses.

Iy RMIZ00-D Configuestion [FARMAZ000Dencenumber.mp|]
Eile. Configuration  Update System  Options Help

=l :

Console Configuration
Frame Canfiguration l Studio Uit I

b Module Configuration
— Fader Mod:
D PFL Print Layout |
Punt Eilm |
I:’ PFL Apply |
Function EEE od& -
) -—./ oK,
PFL > o0
aa| oo X Cancel |
7 e |
[~ OM - PFL Reset Charnel ¥
[™ DN - PFL Reset s
W Mix ' 7!

I:I X Cancel I
el 7 Hep I

Figure 41:

A Reset Function for the PFL is available in two ways:

1. The PFL resets when the fader in this channel goes from Off to On.

2. The PFL resets when any of the channel faders goes from Off to On.
The configuration for the PFL modes are in the Console Configuration, PFL Button
Configuration on the Fader Module.
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D Definition.exe

I Definition.exe

3.2.0.3 Program Bus

Program Busses are always stereo, after fader and after panorama (when mono input) or
balance (when stereo input) process. You need two Summing Busses to build one Program
Bus ( Confi gurati on/ System node: M xi ng Functi ons).

uration [FARMIZ0O0OMdevicenumbar rmp)

Update Systam  Options  Help

- Fader Channel Sources

[=l- Fader Channel Processing

. Pool Fader Murnber of Program Busses iz il

L 1112

Default Monitor E'Usitiun Murber ol St A Bresbs Ig il
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i Rotany Monitor Selectar »

- Fired Processing Mumber of Mono S Busses | i2 :l

- Output Functions

- Output Routing ;I

i Synchronization

i Level Detection

[#- Logic Function

- General Purpoze Output

Fesources Miking Functions _I;l
. S -

Reszources Processing
I i

o

Rezources Output Functions

| EE5s
Biepart | Apply | J ok | x Cancel | ? Help

Figure 42:

The first two Program Busses are displayed with green LEDs on the Fader Module when the
Bus is selected to the input channel.

The maximum number of Program Busses is 20.

3.2.0.4 Aux Bus
Aux Busses are mono or stereo, depending on the configuration ( Conf i gur ati on/
Syst em node: M xi ng Functions).
Aux Busses can be switched to four different operating modes:
1. Pre Fader
2. Post Fader (before the panorama or balance process)

3. Program Bus (this means after panorama or balance) process — here you can build
mono Program Busses

4. Pre Fader Switch — this is a special function, the input goes only to the pre fader
aux when the fader is closed
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You can switch the aux mode on the control desk when you press the “Aux n Button” twice,
i.e. the second menu level. In the first menu level, you can change the gain from the channel
to the Aux Bus.

The configuration of these buttons is in the Conf i gur at i on/ Consol e/ Mai n
Modul e/ Syst enf unct i on/ Aux. Also, you can configure a Function Select Button (to
save buttons when you have a lot of Aux Busses) in the Conf i gur at i on/ Consol e/
Mai n Modul e/ Syst enfunction/ Sel ect Functi on. (See “4.2 Configuration of
the control desk” on page 89.)

The maximum number of Aux Busses is 31 (all mono plus all stereo), 20 for Stereo Aux
Busses and 31 for Mono Aux Busses.

3.2.0.5 Conference Matrix (Mix Minus, n-1)

With this function it is very easy to build Back Signal Busses for mix minus functions or a
conference matrix. For every Back Signal Bus you need one (mono) or two (stereo)
Summing Busses. The number of Back Signal Busses is 10 (mono or stereo) — you can
build a conference with up to 10 parties, each channel can be mono or stereo.

(Configuration/ Syst em node: Conference Matrix)
3.2.1 DSP Process

The DSP Process is a “Box” consisting of one or more DSP Functions. We use the DSP
Process in two ways, the Input Processing and the Fixed Processing.

| 3.2.1.1 Input Processing

The Input Processing is used to process an input before a fader.

Important Note: The parameters of the Input Process can be changed only on the
' control desk or with the PC DSP control software ACCESS. EXE.

The available DSP functions are:

» Equalizer

* Compressor
* Expander

e Limiter

* Noise Gate
e Deesser

3.2.1.2 Fixed Processing

The Fixed Processing is used to process for example a Limiter after a Summing Bus.
Important Note: The parameters of the Fixed Processing can be changed only with
' the PC software DEFI NI TI ON. EXE or ACCESS. EXE.
[

The available DSP Functions are:

* Equalizer

* Compressor
* Expander

e Limiter
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* Noise Gate

* Deesser

« Transient Limiter (T-Limiter)

» Stereo Enhancer

e Automatic Gain Control (AGC)
e Multiband Compressor/Limiter
» Clipper

The DSP Functions AGC, Stereo Enhancer, Multiband Compressor/Limiter and Clipper are
only available as Fixed Processing Functions, and you must buy a special license to use
them.

Also, some special DSP Functions are available:
» Level Detector (Input: Audio Signal, Output: Logical Signal)
* Sine Generator

3.2.1.3 DSP Process Description

It is possible to use the DSP Process “Box” mono or stereo.

TDM-Bus TDM-Bus
N N
Channel
n DSP DSP DSP DSP DSP DSP DSP m
Funct. =— Funct. = Funct. ——— Funct. = Funct. = Funct. = Funct. ——
1 2 3 4 5 6 20
T i T T T T T
| | | | | | |
| | | | | | |
N+l |not not | m+1
used | | | | | | | used
| | | | | | |
L e |
| | | | | | |
_____ _ — 4 - — 4 - - — 1 - — - — 10— — — — _

Control System

Figure 43: DSP Process Mono

The Input Routing from the TDM Bus into the DSP Process is alwaysin stereo (or 2 channel
mode) - in the case of a mono DSP Process, the second input B is not used.
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Figure 44: DSP Process Stereo

When used as stereo DSP Process, the parameters (settings) of the functions are the same
for the left and the right channel processings. Also, dynamic functions like a Limiter are

automatically stereo coupled with the other channel in this DSP Process.

A maximum number of 20 DSP functions is possible within one DSP Process “Box”.

An empty DSP Process works as “bypass” function.

TDM-Bus TDM-Bus
™ P
DSP Process
Channel
n m
“Bypass”
n+l not used not used m+1
L L~

Figure 45: Bypass DSP Process

When more than one DSP Functions of the same type is used, the DSP Control System

counts the internal Device Number (starting with 1) automatically.

Important Note: When using more than one DSP Function of the same type
' (normally only the Equalizer Function), you must select the right Device Number on
® the Push Button Configuration of the control desk.
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Figure 46: Mono DSP Process with several DSP Functions
There are no restrictions in the order of the DSP Functions, see example below.
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Figure 47: Stereo DSP Process with several DSP Functions, EQs 1 to n
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Figure 48: Stereo DSP Process with several DSP Functions, Dynamics 1 to n

Important Note: When using the DSP Process for a Fixed Processing, then the DSP

Process can be used only mono. It is possible to let up arrange a stereo coupling of
the two paired devices in the Configuration Software.

Only the Input Processing of a fader channel can be used as stereo (or mono).
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Figure 49: Mono DSP Process with one DSP Function

3.2.2 Output Function

The key to solve special problems in a broadcast mixing console or other special application
is to use the Output Function.

Each of the Output Function consists of two inputs (sour ce 1 and sour ce2) from the
TDM Bus summed together with | evel 1 (for the signal fromsour ce 1)and! evel
2 (for the signal from sour ce 2) to the output of the Output Function.

The Output Function can have different sources and levels depending on logical
conditions.

The input sources sour ce 1 and sour ce 2 can be any audio signal available to the
TDM Bus.

The levels | evel 1and | evel 2 can be any gain value between -100dB and +20dB
in steps of 1dB or “off” (—0).

Itis also possible to connect a potentiometer to the level controls of an Output Function
(see “Output Function Example PFL/Monitor” on page 62).

T P
TDM TDM
Bus Bus
L 1
1 Sourcel ev;l
Output
Function
)y
2 Source 2 sz
Level 2

Figure 50: Output Function
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Important Note: Output Functions are the interconnection between the control
logic of the system that can be configured by the user and the audio signals in the
system.

Alogical condition can be a push button of the RM3200D, a logical control input GPI of the
GPIO Module, a Fader Start Signal or some other special logical events.

3.2.2.1 Condition List

The different logical events are listed, to be found in the condition list of the Output
Function.

Important Note: On the top of the condition list is always the logical condition
None. None means that all logical conditions in the condition list are not true.

Including the first condition line None, up to 10 condition lines are possible in the condition
list. The condition list is processed from the top to the bottom.

The first valid logical condition below the first line None in the condition list has priority over
the following lines in the condition list.

The output of each Output Function is available on the TDM Bus. To understand the
principle of the Output Function, study the following examples carefully.

3.2.2.2 Output Function Example Talk into Aux Bus

In this first simple example, the Output Function is used only as a switch with fix sources
and different levels in the condition list.

The application of this example is to speak with the microphone Mic 1, which is available on
the TDM Bus into the Aux 1 of the system when a push button on the control desk is
pressed.
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Figure 51: Example Talk Aux

In this example we have two logical conditions:

1. The logical condition None means in this example that the push button “Talk Aux”
is not pressed.

2. The condition “Talk Aux” push button is pressed - this means the condition “Talk
Aux” is true or logical 1

In this simple example, the signal on the output of the Output Function switches simply
between the two audio signals under the two logical conditions in the condition list:

1. Logical condition: “Talk Aux” = false = None (push button not pressed), source 1:
“Mic 1" with level 1: off, source 2: “Aux Bus 1" with level 2: 0 dB

2. Logical condition: “Talk Aux” = true (push button pressed), source 1: “Mic 1” with
level 1: 0 dB, source 2: “Aux Bus 1" with level 2: off.

In this example, the routing for sour ce 1 and sour ce 2 is not changed under a logical
condition, only the | evel 1 andl evel 2.
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) Analog View
Mic 1
“Talk Aux”
> >
Aux 1 Bus
H 115 H ”
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Aux 1 to OF Source 2 Level 2
Source 2 N
| v
i Aux 1 Bus
! Condition List Source 1 | Levell | Source2 | Level 2
no Condition Mic 1 off Aux 1 0dB
L~ [N
Condition “Talk Aux"=True | Mic 1 0dB Aux 1 off

Figure 52: Analog view of the “Talk Aux” example compared to the solution with the Output Function

On the following pages we give a short description of the configuration of this example. For
details see also chapter “Configuration” on page 80.

In the first step, we define the push button on the Main Module RM330-010 in the
Conf i gur ati on/ Consol e/ Modul e Confi gurati on with the name “Talk\Aux”

and with the Function “Userdefined”. After this definition, the push button is now available as
logical condition in the control system of the RM3200D.
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Figure 53: Define Push Button for Output Function , Talk Aux“

ilie

The second step in the configuration process is to build this Output Function in the window
Confi gurati on/ Syst em node: Qutput Function by the following steps:

1. By clicking the right mouse button you must select: | nsert new Qut put
Functi on.

2. Mark the new Output Function and give it the name “TalkAux” in the small edit field
on the top of the right side (or use the default name).

3. Definethesource 1, level 1, source 2andl evel 2 inthe first
condition line with the logical condition None.

Important Note: Please note that the first line in the condition list has always the
logical condition None - this logical condition can not be changed!

4. Insert the second condition line in the condition list by clicking the right mouse
button and selecting | nsert new Condi t i on (or use the Insert-key on your
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PC keyboard).

5. Highlight the second line in the condition list with the mouse, define the logical
condition by pressing the button “Select Condition” and pick up the logical condition
“TalkAux” in the window “Condition” in the node “Buttons”.

The Level / Edge radiobutton in the window “Condition” must be “On”, this
means, when the push button “TalkAux” is pressed, the logical condition “TalkAux”
is true or 1.

A RMAZ0N0-0 Canfiguration [C\Eigene Dateleridevicanumber rmpj]

Eile Configuration Updsts  Systs Uptions Help
LS

ola|

Systary Configuration

- Fader Channel Sources 'TaIkALm—
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o
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-
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Default Manitor Position = Nane Input 200 Mic1 0 dB Al off
Conference Matris | Mone Mone 0de None 0de

Fiotary Monitor Selector
Fixed Processing
Output Funchions

L Talkdux —
- Mutnnt Bonting
Condition
- Button 23 «| [Level /Eda
; =l & oN
" OFF Select Condition | More -
 Achivate ,' :
= Deactivate " SeleclSuu[Cell Mone 0dB
L
SeléctSoun:egl Mone OdB [
"_I.
o
iy DZ
- Button 42 -
R —I 5%
v ok | XEamd' ?ﬂélp| Fepan | ity | & Ok | xCaneell 7 Help

Figure 54: Select condition for the Output Function “Talk Aux”

6. Definethesource 1, level 1, source 2andl evel 2 inthe second
condition line with the logical condition “ But t on 40 Tal k\ Aux”.
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Figure 55: Select sources for the Output Function “Talk Aux” with logical condition “Button 40 Talk\Aux”

After the definition of the Output Function “TalkAux”, the Output Function “TalkAux” is now
available as audio signal on the TDM Bus.

To use the audio signal, you must route this signal in the Conf i gur at i on/ Syst em
node: Qut put Routi ng to a physical output or into another DSP Function like a
Summing Bus (as fader channel input), Output Function or Fixed DSP Process.

3.2.2.3 Potentiometer
To control the | evel 1andl evel 2 ofthe output functions, you can also connect a
potentiometer to the level controls.

Important to understand for the user is, that you connect internal potentiometer values to the
level controls of the Output Function.
The internal potentiometer values are coming from a “potentiometer bus” with several input
possibilities:
» Potentiometers from the Main Module or from the Studio Units (pre labelled with
“Monitor” and “Headphone” but usable for any level control function!)

» Potentiometers built with a push button + the rotary control knob from the Main
Module or from the Studio Units

* Analog Control Inputs from the GPIO modules

» Fadervalues from the faders of the system or from faders of another connected
RM3200D (via RS232/422) - the Global Potentiometers.
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Figure 56: Select a potentiometer for the level control in a condition line

The following potentiometers are available for the Output Functions:

Pot.1 to Pot.20

Pot. Default Potentiometer Source Reset Value

1 “Monitor” Potentiometer from the Main Module or off
Analog Control Input or Rotary Control

2 “Headphone” Potentiometer from the Main Module or off
Analog Control Input or Rotary Control

3 “Monitor” Potentiometer from the Studio Unit 1 or off
Analog Control Input or Rotary Control

4 “Headphone” Potentiometer from the Studio Unit 1lor off
Analog Control Input or Rotary Control

5 “Monitor” Potentiometer from the Studio Unit 1or off
Analog Control Input or Rotary Control

6 “Headphone” Potentiometer from the Studio Unit 1 or off
Analog Control Input or Rotary Control

710 10 Analog Control Input or Rotary Control off

11to 20 Analog Control Input or Rotary Control 0dB

Table 4: Potentiometer Sources

Caution: Take care when you configure Pot.1 to Pot.6 to an Analog Control
Input or a Rotary Control Potentiometer Function. When the Main Module or
the Studio Units is connected to the CAN Bus, the default potentiometer
sources are automatically occupied. In this case, do not use these Pots as
Analog Control Input or Rotary Control Potentiometer Function either!
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Normally, the potentiometers 1 and 2 are used in conjunction with four Output Functions to
control the levels of your headphones (left, right) and your studio loudspeakers (left, right),

refer to example “Qutput Function Example PFL/Monitor” on page 62.
FAQ: Is there any relationship between the Pots 1 to 6 and the Monitor Busses 1 to 6?

Answer: No, the Pots 1 to 6 are completely independent from the Monitor Busses 1 to 6!

Balance 1L, Balance 1R, Balance 2L, Balance 2R
Used for Balance control of Monitor Loudspeakers.

Global Pot.1 to Global Pot.20
Interconnection between faders and Output Functions, the global potentiometers are
available on the RS232/422 on the system and usable in other connected RM3200Ds.

For example, with a Fader of a RM3200D you can control the level of an Output Function (or
more Output Functions) in another RM3200D.

MPX Out 1 to MPX Out 10
To control the output level of a conference matrix (the back signal or the mix minus signal).

3.2.2.4 Output Function Example PFL/Monitor

In broadcast self operating control rooms the main monitor loudspeakers are often also
used to pre-listen (PFL or cue) the next events. In the case that one of the PFL push buttons
is pressed, the PFL signal goes to the right loudspeaker and the normal monitor signal
(commonly your on air signal) goes attenuated to the left loudspeakers.

The headphones are simply switched from the Monitor Bus to the PFL Bus.

At least, the loudspeaker signal can be attenuated by some dBs to build a “Dim” function
when pressing a push button on the control surface.

We use six output functions for this example.
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Figure 57: Example PFL/ Monitor
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Figure 58: Analog view of the “PFL/ Monitor” example
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Output Function 1 “SpeakerlL”

Condition list Source 1 Level 1 Source 2 Level 2
None Monitor 1 L 0dB None off
PFL on Monitor 1 L -20dB Monitor 1 R -20dB

Table 5: Condition list “Speaker1L”

em Canfiguration

- Fader Channel Sources

[+ Fader Channel Processing Name |Speaker1 £
- Mixing Functions Candition | Source 1 | Lewvel 1 | Source 2 | Level 2
- Default Monitor Position = Nane toritar 1L 0 de Mane aff
- Conference Marx =/FFL On Moritor 1 L 20 dB Monitor 1R -20 dB

- Rotary Maonitor Selector
- Fined Proceszsing

=) Qutput Functions
SpeakerlL
SpeakerlR

i DimSpk1L

i DimSpk1R

i HeadphlL 1
- Headph1R

[ Output Routing

- Sunchronization

. Level Detectian Select Sowrce 1| Moriter 1 L -20dE
[+ Logic Function
- General Purpose Outpt Select Source 2| Moritor 1 R -20d8

Select Condition FFL On

L]

Figure 59: Condition list “SpeakerlL”
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Output Function 2 “SpeakerlR”

Condition list Source 1 Level 1 Source 2 Level 2
None Monitor 1 R 0dB None off
PFL on PFL L 0dB PFLR 0dB

Table 6: Condition list “SpeakerlR”

erm Configuration

[#- Fader Channel Sources
[+~ Fader Channel Pracessing
- Mixing Functions
- Drefault Monitor Position
- Conference Matris
- Rotany Monitar Selector
- Fined Proceszing
=) Qutput Functions
- SpeakeriL
SpeakerlR
- DimSpk1L
‘o DimSpk 1A
i~ Headphl1L
“- Headph1R
- Output Routing
- Synchronization
- Lenel Detection
[ Logic Function
- General Purpoze Output

e ISpeaker'I R

Condition I Source 1 I Lewvel 1 I Source 2 I Level 2
= None tanitor 1 R 0de Haone off
—FFL On PFLL 0de FFLR 0de

Select Condition
Select Source 1

Select Source 2

]

Figure 60: Condition list “SpeakerlR”
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Output Function 3 “DimSpk1L”

Condition list Source 1 Level 1 Source 2 Level 2
None SpeakerllL 0dB + Pot.1 None off
Button 49 “DIM” SpeakerllL -15dB + Pot.1 None off

Table 7: Condition list “DimSpk1L”

em Caonfiguration
- Fader Channel Sources :
- Fader Channel Processing Marme IDImS it
- Mixing Functions Condition I Source 1 I Level 1 I Source 2 I Level 2
- Diefault Moritor EDSitiDn = MNone Speakeril O0dB+Potl  Mone aff
= Loreichice Ml = Bution 430IM Speakerll  15dB+Pot None of

- Rotary Manitor Selector
- Fired Processing

[=- Output Functions

- Speakerll

- Speaker1R

- DimSpk1L

- DimS pk 1R

- HeadphlL 1
" Headph1R

- Dutput Routing
- Spnchronization
.. Level Detection Select Source 1| SpeakeriL -15dB+Pot.1
[+ Logic Function

- General Purpoze Output

Select Condition Buttan 49 DIM

Select Source 2 Maone Off

]

-

Figure 61: Condition list “DimSpk1L”
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Output Function 4 “DimSpk1R”’

Condition list Source 1 Level 1 Source 2 Level 2
None SpeakerlR 0dB + Pot.1 None off
Button 49 “DIM” SpeakerlR -15dB + Pot.1 None off

Table 8: Condition list “DimSpk1R”

o5}

em Canfiguration

- Fader Channel Sources

- Fader Channel Processing
- Mixing Functions

- Default Monitar Position

- Conference Matnix

- Rotary Monitor Selector

- Fired Processing

- D_utput Functions

- Speaker1L
SpeakerlR
i DimSpk1L
- DimSpk1R
- HeadphlL
“- Headph1R

- Output Routing

- Spnchranization

- Lewel Detection

- Logic Function

- General Purpoze Output

Name |DimSpkiR

Condition | Source 1 | Level 1 | Source 2 | Lewvel 2
= MNone SpeakerlR 0 dB+Pot.1 Mane off
= Button 49 DM Speaker!R -15 dB+Pot.1 Maone off

Select Condition

Select Source 1

Select Source 2

]

Button 43 DIk
SpeakerlR -15dE+Fat.1

Maone Off

Figure 62: Condition list “DimSpk1R”
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Output Function 5 “Headph1L”

Condition list Source 1 Level 1 Source 2 Level 2
None Monitor 1 L 0 dB + Pot.2 PFL L off
PFL on Monitor 1 L off PFL L 0 dB + Pot.2

Table 9: Condition list “Headphl1L”

ern Configuration
[#]- Fader Channel Sources
[#]- Fader Channel Processing Marme IHeadph'I L
- Miring Functions Candition | Source 1 | Lewvel 1 | Source 2 | Level 2
+ Default Maritor Position = None Moritor 1L DdB+Pot2  PFLL off
+ Canference Matrix = PFL On Maniter 1 L off PFLL 0 dBi+Pat. 2

- Rotary Monitor Selector
- Fived Processing

= D_utput Functions

i SpeakeriL

- SpeakerlR %
- DimSpk1L
. DimSpk1R
- Headph1L
‘- HeadphlR
[#]- Output Routing
- Spnchronization

Select Condition | PFL On

(il

- Level Detection Select Sowrce 1| Monitor 1 L OFF
[#]- Logic Function
- General Purpose Output Select Source 2| PFL L OdB+Pat.2

Figure 63: Condition list “Headphl1L”
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Output Function 6 “Headph1R”
Condition list Source 1 Level 1 Source 2 Level 2
None Monitor 1 R 0 dB + Pot.2 PFL R off
DIM + PFL on Monitor 1 R off PFLR 0 dB + Pot.2

Table 10: Condition list “HeadphlR”

em Configlration

|- Fader Channel Sources

- Fader Channel Proceszsing
i Mixing Functions

i Default Monitor Position

i Confershoe Matrix

i Fotary Maritar Selectar

i~ Fined Processing

Output Functions
i Speaker]l
i SpeakerR
i DimSpk1L
o DimSpk1R
i Headphl1L
" HeadphlR

- Dutput Routing

- Synchronization

- Lewel Detection

- Logic Function

- General Purpose Output

Name |HeadohiR

Condition | Source | Leveld | Source 2 | Level2
= Mane Manitor 1 R 0 dB+Pat2  PFLR off
= PFL On Maritar 1 R off PFL R 0 dB+Pat.2

Select Condition

FFL On

ol
Select Sourcall Monitar 1 B OFf

Select Sowrce 2| PFL R DdB+Pot 2

Figure 64: Condition list “HeadphlR”
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I Definition.exe

3.2.3 Monitor Busses

The Monitor Busses are special routing functions (no special DSP resources!) to build
monitor selectors on the control desk. Six Stereo Monitor Busses are available on the
RM3200D.

The application is to build Interlocking Monitor Selectors with push buttons or with the
rotary control on the Main Module. More than one Monitor Buss is useful in larger systems,
for example:

* Monitor Bus 1 for the Control Room Loudspeakers
* Monitor Bus 2 for an independent Metering

* Monitor Bus 3 for Studiomonitoring

* etc.

For the PFL function we do not use one of the Monitor Busses 1 to 6, because PFL is
commonly used as summing PFL, not as interlocked. Refer to the PEL section.

Important Note: The PFL Bus is not a Monitor Bus, the PFL Bus is a special
Summing Bus!

In Eigure 58 on page 64 you find an example for a simple Monitor Bus. To select the four
monitor sources Tuner, DAT, Pgm 1 and Pgm 2 you need:

1. Four push buttons on the Main Module or Studio Unit of the control desk to build
the interlocking selector push buttons

2. and one Monitor Bus.

In the configuration software you must assign the Funct i on: Mbni t or Channel to
the four push buttons and select the number of the Monitor Bus, in this example
Moni t or nunber: 1.

After that, assign the source for the left and the right channel of the Monitor Bus by pressing
the buttons Sel ect Left and select the source in the window Audi 0 Sour ce from
the TDM Bus.
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AudioSource

- Mone -

=l Inputs

= |rout 200 Tuner L

o |pput 201 Tuner B %
Input 202 1202/203 L £
Ihput 203 12024203 R Monitor
Irput 400 DAT L Tuner
Input 4071 DAT R
Input 402 14024403 L

C e lnput 403 1402/403 R IMDni[Dr".,T LIFEr

[+~ Mixing Functions e

- Back Signal katrix i

- Fixed Processing — IMDnltDr Channel ;I
[+l Monitar Functions ;!

b amitarmumber
« OF I X Cancel | ? Help | |-| ﬂ
haat Select |aft

— Input 200 Tuner L

oeT

i Select Right |

Irput 200 Turner B

oM

Apply |

o OK

x Cancel |
7 Help |

Figure 65: Monitor Selector

Do this for all four push buttons and see the example “PFL Monitor” on the pages before,
how to use the Monitor Bus together with Output Functions to build the monitoring of the
mixing console, normally after the Monitor Bus is an Output Function to control the levels
and to create other functions like PFL/Monitor split or talkback functions.

Applications to use the Monitor Bus directly routed to an output are for example the
connection of meters (PPMs) or the connection of your own headphone amplifiers with an
integrated volume control.

3-72 3.2 DSP Frame Types



DHD

Chapter 3: Internal Structure of the RM3200D

3.3 Synchronization

The synchronization of the RM3200D is very powerful. Several sync sources are available:
* Internal sync 48kHz on DSP Backplane 1 - this is always the default sync source for
the system
* Internal sync 44.1kHz on DSP Backplane 1.

Because the internal sync sources on the DSP Backplanes do not match the requirements
of the AES recommendations, a higher accuracy clock (x10ppm) is available on slot 1 with
the MADI Module RM330-421 or with the Sync Module RM330-410.

Also, on these two modules several external sync sources are available:
e TTL Wordclock on the BNC connector
« AES3/EBU on the BNC connector (only on the RM330-410)
* MADI (only on the RM330-421).
For each of the external sync sources, three PLL circuits are available to match your
requirements:
* Afree running RC-PLL circuit with a locking range of 30kHz to 48,5kHz
» A high accuracy Quartz-PLL circuit for 48kHz (+75ppm locking range) with a high jitter
rejection
* A high accuracy Quartz-PLL circuit for 44,1kHz (+-75ppm locking range) with a high
jitter rejection

At least, the Digital Input Modules RM330-110 and the slots 2 to 9 can supply the system
with a sync coming from a connected AES3/EBU signal. This function is not available with
the Module RM330-111.

Important Note: The synchronization functions for the RM3200D DSP Frames are
only available on the first DSP Backplane or on the first 10 slots. The DSP
Backplanes 2 and 3 (slots 11 to 30) are always slaves to the DSP Backplane 1.

The different sync sources can be configured as Sync Source 1 and Sync Source 2 in the
configuration software. When the Sync Source 1 is not longer available, the system
switches automatically to the Sync Source 2. When the Sync Sources 1 and 2 both are not
available, the system switches automatically to the default sync Internal 48kHz.

There is one restriction: When you work with an external sync source, the sync must be
valid when switching on the RM3200D or when restarting the system. Otherwise, the system
switches to the internal 48kHz and will not fall back when Sync Source 1 becomes valid!
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/Sync. Frequency Measurement Bus

48kHz intern e ; )
+100ppm accuracy |
44,1kHz intern ‘ —" :
+100ppm accuracy ‘
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Slot 1 48kHz F———o1 o——¢
+10ppm accuracy !
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Figure 66: slot_madi
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3.4 Logic functions

A maximum of 50 logic functions is available with max. 20 input signals each. Each logic
function can work either as “AND” or as “OR”".

Inserting a logic function

I Definition.exe

1. Select the tree node “Logi ¢ Functi on”.

2. Selectthe new logic function from the popup menu “Insert new Logicfunction” either
by pressing the right mouse button or the Insert-key.

Fader Channel Sources
Fader Channel Processing
Mixing Functions

Default Monitor Position

- Conference Matris

Ratary Monitor Selector
Fixed Proceszing

- Output Functionz
- Output Routing

Synchronization
Lewvel Detection

| ogic Function
- General Purpos

3

Rezources Miang Functions

Insert new Logicfunction

| Global Function 9

|

Global Logic Function | Source =
[ LEDLIM1 Mone
|_LED LIM 2 Mone
|_LEDSTATEA Mone
| LED ALARM 1 Mone
|_ Global Function 1 Haone
|_ Global Function 2 Mone
| Global Function 3 Maone
|_ Global Function 4 Hane
|_ Global Function 5 Mone
L C:loLoLlo iy Maohe

ok ¥ Mone
|_ Global Function 8 MHane

Maone =
|

Select |

Rezources Processing

e
i

Rezources Output Functions

1)
i

1)
i

Beport Apply |

o OK | X Cancel |

? Help

Figure 68:
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Assigning logical operations

em Configuration

ij+j! Fader Channel Saurces e " : S
[ Fader Channel Processing Deseriptiont |Logic T " OR Lagic " AND Logic

Mixing Functions I~ Interlock Multi Switch: Bus Mr I' j

Default baritor Position Logic Inputs
i Conference Matrix
Ratary Monitor Selector
i Fied Proceszing
i Dutput Functions
- Output Routing
i Synchranization
i Lewel Detection
=1+ Logic Function

|- General Pukse Output

il

Resnources Mixing Funchions
Reource: Proceszing

Rezources Output Functions
| i

o
i

o
i

G

Beport Apply | J 0K | x Cancel | ? Help

Figure 69:

1. The name of the logic function can be entered into the box “Description”
(10 characters max.).

2. The boxes “OR Logic” and “AND Logic” determine the type of the operation.

Clicking the right mouse button in the box “Logic Inputs” or pressing the Insert-key on your
keyboard to adds a new input signal.
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ern Configuration

I- Fader Channel Sources

I+ Logic Function

R Descriphion: ILl:lgic 1 * 0OR Logic " AND Logic
Mixing Functiors ™ Interlock Multi Switch. Bus M ||_j
Default Monitar Position Logic Inputs

Conference Matrix

Fiotary Monitor Selectar k|r|E:E!r’[ Logicinput

Fized Proceszzing
Dutput Funchionz
Dutput Routing
Synchronization
Lewvel Detection

Delete Logicinput

o Logic 1

|- General Purpoze Output

Figure 70:

The following input signals are available:

Can

dition

B Level/Edge |

|- Buttons f+ O

|- Faderstart " OFF

|- Systemnfunctions % " Activate

- Lewel Detection ™ Deactivate
Logicfunctions
GFI

- Back Signal Function

Global Functions

J DK I x Cancel | ? Help

Figure 71:

All keys of the main control panel (independent from other functions assigned to a
key)
All fader start contacts of the faders (independent from fader assignment to channels)

All remote starts of the inputs (dependent on the set fader start level and the fader)
System functions (3 pulse generators with different frequencies)

All outputs of the logic functions

All optical switch inputs

For each signal, the following can be defined:

Static on (ON)

3.4 Logic functions
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» Static off (OFF)
* Pulse when activating the signal
» Pulse when deactivating the signal

Example 1
2 Configuration
- Fader Channel Sources B I— ; i
- Fader Channel Processing Descriptior. |Mic On + 0OR Logic = AND Logic
i Miring Functions : I Interlock Multi Switch - Bus Mr; || ﬂ
i Default Monitar Pasition Logic Inputs
i Conference Matrix | — Faderstart Fader 1 |— Faderstart Fader 2

i Rotary Maritar Selector

i Fixed Processing

i Output Functions
[#- Output Routing
- Synchronization

Level Detection
- Logic Function
" Mic On

- General Purpose Output

Resources Miing Functions

[ | 4%
Resources Processing
I 0%
Resources Output Functions
I 0%
Beport Apply | J 0K | x Cancel | ? Help

Figure 72:

In this example, the logic function “On-Air-Light” was configured. This function becomes
active, when “Faderstart Fader 1” or “Faderstart Fader 2” is active.
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Example 2

Configuration

- Fader Channel Sources
- Fader Channel Processing

ixing Functions
Default Monitor Fosition

- Conference Matrix

- Rotary Monitor Selector
- Fired Proceszing

- Dutput Functions

- Dutput Routing

- Synchranization

Lewvel Detection
Logic Function
- Mic On

B T imer

- General Purpoge Output

Resources Mising Functions

Description: |Timer i+ 0F Logic " AND Lagic:
. I Interiock Muli Switch Bus N [| —]
Logic Inputs

| Faderstart Fader 1 | Faderstart Fader 2 | Faderstart Fader 3
| Faderstart Fader 4 | Button 3 Timer

|| 1%
Resources Processing
I 0%
Resources: Output Functions
I 0%
Beport Apply | o Ok | x Cancel | ? Help

Figure 73:

In this example, the logic function “Timer” was configured. This function is to reset a clock
when opening a fader. If key 3 “Timer” is not active, the clock is stopped permanently.

3.4 Logic functions
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