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Optimized Architecture
The latest DSP equipment can handle very large signal 
routing matrices and mixing, plus a myriad of features, 
functions and control options. Organizing all this into 
an intuitive interface is a challenge, to say the least. 
ASPEN processors and the GUI present this complex-
ity in a simple manner that maximizes the DSP power, 
eliminates the need to compile and download saved 
files to the hardware, and provides ALL available signal 
processing on all inputs, crosspoints and outputs at all 
times. Connections to the hardware operate in real time, 
so changes and settings take place immediately while 
the system is running.

Available Signal Processing
Optimized Architecture uses the full power of the avail-
able DSP resources to provide features and functions 
without wasting DSP power on mundane tasks like 
managing a constructed signal flow that may or may not 
be optimal.

The architecture and DSP firmware are characterized 
by the following features:

Rich signal processing tools in all models: 

•	 Clipping	detectors

•	 RMS	level	meters

•	 Active	channel	detector	for	every	mix

•	 Input	gain	stages

•	 Noise	reduction	filter	(NRF)	on	every	input

•	 Automatic	feedback	elimination	filters	(ADFE)	with	
eight notch filters

•	 Four	stages	of	fourth-order	input	tone	control	filters

•	 0-100	ms	input	delay,	input	compressors

•	 48	automatic	mixers	with	Lectrosonics’	patented	
automatic mixing algorithm that supports five mix-
ing modes independently controllable for every 
crosspoint

•	 Eight	stages	of	fourth-order	equalizers	on	each	out-
put

•	 0-250	ms	output	delay

•	 Output	compressors

•	 Output	limiters

•	 Output	gain	stages

•	 Output	RMS	level	meters

•	 Four	signal	generators:		white	noise,	pink	noise,	ad-
justable frequency sine wave and a sweep generator 
with programmable sweeping options

Additional signal processing the conference mod-
els:

•	 DTMF	signal	generator

•	 Line	acoustic	echo	canceler

•	 Acoustic	Echo	Canceller	(US	Patent	Pending)

Every signal processing block is available without 
restrictions. All of them on every input and every output 
channel can be activated simultaneously and set to any 
value without running out of DSP resources. There is 
no DSP resource meter (aka “gas gauge”) because it 
is not necessary.

Every DSP block can be enabled/disabled during nor-
mal operation and every parameter can be adjusted 
in real time using either the GUI based ASPEN control-
ler or the command terminal interface via RS-232, USB, 
and ethernet ports. Every filter stage can implement 
any available filter type and their parameters can be 
adjusted across the entire frequency range.

All gain stages, i.e. input, output and crosspoint gains 
are implemented smoothly using crossfading in the 
logarithmic (dB) domain to prevent abrupt, and 
thereby audible, level changes.

The entire DSP signal chain is implemented in a single 
audio sample. At the 48 kHz sampling rate, this equates 
to 20.833 μs. The A-D converter at the input and the 
D-A converter at the output have much more latency, 
several audio frames in length.

The order of the signal processing blocks has been 
carefully determined according to best practices. For 
instance, the compressor and limiter are located at the 
end of the signal processing chain which results in ad-
justing the signal level after all other signal processing 
has been applied. The pre-determined order of signal 
processing tasks is not a restriction of flexibility and is 
not a weakness. It is, in fact, a strength and key ben-
efit of the architecture because it guarantees optimal 
operation.

The units are stackable, which provides a practically 
unlimited number of input channels and 48 system wide 
available mixes. The DSP capacity scales proportionally 
with the number of inputs and outputs with minimal la-
tency. Every additional unit adds only 6 audio samples 
(125 μs) of delay to the single unit’s 1.33 μs base delay 
(measured from analog input to analog output). 200 
inputs are handled with only 4.33 ms latency (1.33 ms 
for the master PCB plus 24 additional PCBs at .125 ms 
each.

Inputs and outputs in separate units are automatically 
time aligned for up to 100 units in a stack.

The DSP firmware is written in assembly language 
and optimized for speed and audio performance. It 
takes full advantage of the SHARC® processors’ special 
features:

•	 SIMD	architecture	-	Single	Instruction	Multiple	Data	
in which the DSP uses two processing elements 
executing the same instruction on different data

•	 Chained	DMA	transfers	(Direct	Memory	Access)

•	 Delay	line	DMA

•	 Register	content	switching
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Whenever possible, the firmware processes two chan-
nels simultaneously to take full advantage of the SIMD 
architecture.

The entire DSP program and most of the data (except 
for some large arrays) and signal processing parame-
ters are held in the on-chip memory to maximize speed. 
Intermediate variables are always held in registers 
which have extended precision (40-bit floating point 
resolution). This practice helps to keep the digital round-
ing errors below the audible level. The 40-bit extended 
precision uses 32 bits of mantissa which is equivalent 
to 192 dB dynamic range that is further extended by the 
exponent.

ASPEN processors also use one of the best digital fil-
ter implementation techniques:  the resonator based 
digital filter architecture, with orthogonal state variables 
that guarantees minimal sensitivity for coefficient round-
ing as well as minimal rounding noise [1]. 

Analog Devices SHARC® DSPs
The ASPEN family audio processors were designed 
using the latest and most powerful SHARC® DSPs 
available from Analog Devices that were available at the 
time of product release.

ASPEN 
Product

ADSP-21369@ 
393.216 MHz 

ADSP-21469@ 
442.368 MHz

SPN812 1 (1.6 Gflops)

SPN1612 2 (3.2 Gflops)

SPN1624 2 (3.2 Gflops)

SPN2412 2 (3.2 Gflops)

SPN16i 1 (1.6Gflops)

SPN32i 2 (3.2 Gflops)

SPNConfer-
ence

1 (1.6 Gflops)

SPNTrio 2 (3.2 Gflops)

SPNDNT 1 (1.8 Gflops)

SPNCWB 2 (3.6 Gflops)

SPNTWB 1 (1.6 Gflops) 2 (3.6 Gflops)

ASPEN Bus Signal Flow
Each processor takes mix bus signals from the unit 
below it, adds signals from its inputs and passes the 
updated sub-mix to the next unit above it. These sub-
mixes continue to accrue in the Forward Propagation 
and arrive at the Master unit at the top of the stack. 
The Master unit adds signals from its own inputs and 
generates the Final Mixes that are then propagated 
back to all units below it in the stack. The source for all 
outputs in all units in the stack are taken from the 48 

Final Mixes.

ASPEN PORT

Forward Propagation
Sub-mixes added by 
each unit in the stack

Back Propagation
48 Final Mixes sent 
from the Master to all 
Slaves

Every unit in the stack has access to all 48 Final Mixes 
even if the unit itself has only a few physical outputs. 
This signal flow structure simplifies the setup of the 
signal routing and matrix assignments and also allows 
the use of any physical output on any unit in the stack 
to deliver any of the final mixes to an external device.

One of the advantages of this signal flow structure is 
realized when multiple physical outputs all deliver the 
same final mix signal to different locations. Each output 
can process the audio differently with unique settings 
for delay, filters, compressor, level and limiter to suit the 
needs of each location. For example, a particular final 
mix can be sent to an auditorium sound system from 
one output, to a small sound system in a lobby from a 
second output, and to a media feed outlet for record-
ing from a third output, with each output having its own 
unique signal processing.

Low Latency
The throughput latency of a single master board is only 
1.33 ms, regardless of how much processing is being 
used. Each additional PCB adds only 0.125 ms.

200 inputs can be handled with only 4.33 ms latency 
(1.33 ms for the master PCB plus 24 additional PCBs at 
0.125 ms each.

Latency is not affected by the amount of processing be-
ing used at any stage in the signal chain.

Every input is automatically synchronized to eliminate 
phase differences between the inputs included in the 
final mixes.

[1] M. Padmanabhan, K. Martin, and G. Peceli, Feed-
back-Based Orthogonal Digital Filters, Theory, Applica-
tions and Implementation, Kluwer Academic Publishers, 
Boston, 1996. SHARC® is a registered trademark of Analog Devices, Inc.
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ASPEN Software
The scalable display will 
place multiple channels in 
one view depending upon 
how many will fit into the 
adjusted display size.

If necessary, a tab on the 
lower left is created auto-
matically if all channels will 
not fit on one screen.

The matrix setup tab opens 
a work area that displays 
multiple units and all 48 
crosspoints to provide an 
overview of the signal rout-
ing.

Crosspoints can be selected 
individually, by column or 
row, and by clicking and 
dragging across the desired 
area.

Gain values and mixing 
modes are quickly set with 
right click options.

Crosspoint settings can be 
copied and pasted individu-
ally or in groups.

For some settings, a detailed 
display is provided for higher 
resolution, such as for the 
equalization setup screen.

Adjustments can be made 
by clicking and dragging 
handles or entering desired 
numerical values directly.

Since the software is directly 
connected to the proces-
sor, changes to filters and 
other settings are immedi-
ately audible. This is a valu-
able feature when fine tuning 
an installation.
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The Feature Bundle
The result of Optimized Architecture provides a full suite 
of signal processing features and functions in even the 
smallest ASPEN model - the SPN812. This is a single 
rack space 8 in/12 out processor that can address the 
entire ASPEN matrix.

Dual board models use two boards of one type or 
another to create a variety of models to suit the needs 
of a particular installation. Each additional board adds 
its own processing blocks. For example, the SPN1624 
uses two 812 boards, so the number of processing 
blocks is twice the list at right, except for the matrix 
crosspoints (the matrix supports a maximum of 48 
outputs).

Additional inputs are added to the matrix when addition-
al processors are added to the stack with no practical 
limit.

The SPN812 includes the following:

256 First-order filter stages

64 Notch filters for ADFE 
(equivalent to 128 first order filters)

76 True RMS level meters

20 Compressors

12 Limiters

20 Delay Blocks

1 Pink Noise Generator

1 White Noise Generator

1 Tone generator with adjustable amplitude 
& frequency

1 Sweep generator

20 Gain Stages

8 Noise reduction filters (32-band - equiva-
lent to 256 first-order filters)

576 Crosspoints with 5 mixing modes (Direct, 
Auto, Phantom, Override, Background 
- All independently selectable for every 
crosspoint)

NRF: Noise Reduction Filter
ADC: Analog-Digital Converter
DAC: Digital-Analog Converter
ADFE: Automatic Digital Feedback Elimination

Mic/Line
Inputs

Mic/Line
Outputs

Input Processing Chain Output Processing Chain

Block diagram of signal flow and processing in ASPEN mixers
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Automatic Mixing Algorithm
Purpose and Function

An automatic mixer is a hardware/software solution to 
two fundamental issues that arise when multiple micro-
phones are used in a sound reinforcement system:

•	 Acoustic	Feedback

•	 Intelligibility

Acoustic feedback occurs when the sound from a 
loudspeaker system re-enters the microphones and is 
then returned to the loudspeakers. This recirculating 
loop (oscillation) will produce either sustained “ringing,” 
or if the gain is high enough, loud howling or squealing 
when the system goes into runaway feedback.

Intelligibility in a sound system is a measure of how 
well listeners will understand what is being said. Distor-
tion of the sound, accompanying noise and a mix of 
several different voices all have a destructive effect on 
intelligibility.

Automatic mixing attenuates inactive or lesser used mi-
crophone channels to address the issues listed above. 
There are several different approaches to auto mixing 
ranging from simple gating (turning channels on or off) 
to more sophisticated and natural sounding techniques 
using continuous gain modulation.

Correctly implemented, an auto mixer will maintain 
individual channel gains so the final mix of all channels 
is equal to one microphone at full gain. This design goal 
and its result is normally expressed as the Number of 
Open Microphones = 1, or NOM = 1. When this goal is 
achieved, a sound system will be just as stable against 
acoustic feedback with many microphones as it is with 
just one microphone.

The ASPEN auto mixing algorithm operates in the 
same manner as a human operator mixing a confer-
ence manually on a console. Unused and less active 
mics are turned down and those in use are turned up.

Auto mixing is also very beneficial in teleconferencing 
even when there is no sound reinforcement system 
in place. Background noise gathered by inactive mi-
crophones and echo that returns from the far end of a 
conference are both suppressed, which improves the 
intelligibility of the system significantly.

Gating vs. Adaptive Proportional Gain
Lectrosonics pioneered adaptive proportional gain 
automatic mixing algorithms with patents issued in the 
mid 90’s. The proprietary algorithm employed in AS-
PEN processors* is a seamless process that eliminates 
abrupt switching (gating), controls acoustic feedback 
and suppresses background noise and comb filtering.

All active input channels are summed, and then the 
level of each channel is compared to the total sum. A 
gain value is applied to all channels so that the sum is 
equal to one channel at full level (NOM=1). Channels 
are never turned off, but instead, the gain is adjusted 
continuously to eliminate abrupt level changes that are 

audible.

The patented algorithm includes a unique adaptive 
skewing process that applies a subtle priority to the 
channel that has been the loudest for the longest period 
of time. The skewing further reduces the gain on inac-
tive and lesser active channels and prevents comb 
filtering by never allowing two channels to be mixed at 
the same level.

Sound levels at the microphones

Sound levels in the final mix

Sound levels at the microphones

Sound levels in the final mix

Conventional

Sound levels in the final mix

With Skewing

Auto Mixing at the Matrix Crosspoints
Conventional auto mixing applies gain control or attenu-
ation at the inputs to the mixer. This is useful in a basic 
installation, but it imposes additional complexity when a 
microphone signal is to be used for multiple purposes, 
such as sound reinforcement, recording and teleconfer-
encing at the same time.

ASPEN auto mixing takes place at the matrix 
crosspoints, which allows a single input signal to exhibit 
a different behavior at different outputs. For example, 
input channel 4 could be configured for Auto behavior 
(normal auto mixing) in the mix feeding at output 6 for 
local sound reinforcement, Direct behavior (no attenu-
ation) in the mix feeding output 10 for recording, in the 
Override mode as the dominant (chairman mic) at 
another output, and in the unique Phantom mode at 
another output for mix-minus zoning in sound reinforce-
ment. The input is routed to multiple crosspoints, each 
with a different mixing mode.

Crosspoint Auto Mixing Modes
The auto mixing mode is set in the matrix display in the 
control panel software. There are five different behav-
iors available:

•	 Auto	-	normal	gain	proportional	auto	mixing

•	 Direct	-	no	attenuation

•	 Override	-	dominant	in	auto	mixing	activity

•	 Background	-	subordinate	in	auto	mixing	activity

•	 Phantom	-	special	mode	for	mix-minus	systems
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The desired mode is selected from a dialog box that 
opens with either a right or left click of the mouse.

The Phantom mode is used to combine the auto mixing 
signal contribution in multiple zones without deliver-
ing the actual audio signal into the zone. This is used 
in mix-minus reinforcement systems to let every micro-
phone in the overall room participate in the auto mixing 
gain allocation, yet preserve the audio signal routing 
defined in the mix-minus setup.

Final mixes are defined for each loudspeaker zone in 
the setup. The microphones within each loudspeaker 
zone are set to the phantom mode as shown in the 
diagram.

Auto Mixing in a Teleconference
This auto mixing algorithm, working in conjunction with 
the AEC in the ASPEN Conference processor, provides 
impressive echo cancellation.

Auto mixing in the local reinforcement system suppress-
es echo returned to the far side by lowering the level of 
inactive and less active microphones. This reduces the 
echo return path for far side signals delivered by the 
local loudspeakers.

The gain proportional algorithm is also applied to the 
near and far side signals in a teleconference. When the 
near side is louder in the conversation, the gain for the 
far side signal is reduced. When the far side signal is 
louder, the near side level is reduced, which gives the 
AEC the opportunity to converge even further.

The ASPEN AEC is uniquely able to maintain conver-
gence during the auto mixing activity. It will not diverge 
during double talk, and it will continue to deepen the 
convergence at every opportunity when the far side 
signal is louder than the near side signal.

NOTE:  Refer to the section entitled Acoustic 
Echo Cancellation for details on the background 
and performance of the ASPEN AEC.

Phantom mode in Mix-minus signal routing

ZONE 1

ZONE 3

Final Mix 1
Zone 1 mics in Phantom mode
Zone 2 mics in Auto mode
Zone 3 mics in Auto mode

Final Mix 2
Zone 1 mics in Auto mode
Zone 2 mics in Phantom mode
Zone 3 mics in Auto mode

Final Mix 3
Zone 1 mics in Auto mode
Zone 2 mics in Auto mode
Zone 3 mics in Phantom mode ZONE 2

* US Patents 5,414,776 and 5,402,500
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ASPEN Noise Reduction 
Filter
The Problem

Fighting noise is a very old problem because noise 
cannot be eliminated. All electronic devices, resistors 
and other passive components generate noise. In audio 
systems all these can be kept below the audible level 
but ambient noise may not be avoided even if the audio 
system is designed according to the best practices. In 
these cases some noise reduction technique can help. 
Here we discuss two types of noise reduction tech-
niques: 

•	 Noise reduction filtering (NRF) is a “blind” method. 
A signal processing method is called “blind” if the 
statistical properties of the involved signals are 
known but the actual values of them are unknown.

•	 Noise cancelation (NC) is a reference based 
method. In this case we have access to the noise 
source but its actual effect on the signal is unknown.

These two approaches work in different manners and 
incur significantly different costs. NRF is essentially 
“free” in that it is an integral part of the signal process-
ing chain on every input channel. NC, on the other 
hand, is a significantly more complex method that re-
quires additional signal processing resources to imple-
ment, therefore, it is much more expensive than NRF. 
See Table 1 for a more detailed comparison of the two 
techniques.

Since ASPEN processors apply settings immediately, 
the amount of NRF applied to any one or more inputs 
can be adjusted in real time as the system is operating 
by a control device connected via ethernet, USB or RS-
232 ports, using macros, or directly adjusted using the 
command terminal interface included in the ASPEN 
software.

Noise Reduction Filtering
The theoretical background of this method is optimal or 
Wiener filtering after Norbert Wiener who researched 
this area in the 1940’s and published his results in 
1949.[1] 
The model of optimal filtering is shown in Figure 1. 

Figure 1. Optimal (Wiener) filtering signal flow

The signal of interest (X) is contaminated by an additive 
noise (V). In order to improve the signal integrity, the 
observed noisy signal (Y) is passed through a filter. The 
output of the filter (Z) is an estimate of the unknown 
signal (X). The estimation error, the difference of X 
and Z, has the lowest possible power if the frequency 
response of the filter (H) is given by:

 
=

+
H f

S f

S f S f
( )

( )

( ) ( )
X

X V

where SX and SV are the power spectral density func-
tions (PSD) of X and V, respectively, which are, by as-
sumption, statistically independent.

In ASPEN we use a 30-band 1/3-octave filter bank to 
implement the noise reduction filter. Figures 2 and 3 
on the next page show an example in which the noise 
(cyan) has equal power in every band, i.e. it is a pink 
noise and the signal (blue) concentrates its power in the 
mid-audio range. Figure 2a and 2b show the signal and 
noise before and after the filtering, respectively. Figures 
2 and 3 differ in that in figure 2 the signal is plotted on 
the top of the noise and in figure 3 the noise is on the 
top. 

We can clearly see the benefit of the filtering. The at-
tenuation is negligible in those bands where the signal 
has much more power than the noise, i.e. the signal-
to-noise ratio is high; and the attenuation is high in 
the bands with poor signal-to-noise ratio. The result is 
an improved overall signal-to-noise ratio at the cost of 
some linear distortion of the signal.



System Design Guide

www.lectrosonics.com 11

20 Hz 200 Hz 2000 Hz 20 kHz

Figure 2a

20 Hz 200 Hz 2000 Hz 20 kHz

Figure 2b

Figure 2. Signal (blue) and noise (cyan) 
spectra (a) before, and (b) after filtering.

20 Hz 200 Hz 2000 Hz 20 kHz

Figure 3. Signal (blue) and noise (cyan) 
spectra (a) before, and (b) after filtering

Figure 3a

20 Hz 200 Hz 2000 Hz 20 kHz

Figure 3b
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Table 1. Comparison of NRF and NC

NRF NC

A blind algorithm, using 
and requiring no reference 
signal.

Requires a reference signal 
coming from a reference 
microphone placed close to 
the noise source.

Frequency-selectively 
attenuates both the signal 
and the noise to improve 
the overall signal-to-noise 
ratio.

Subtracts the estimated 
noise from the noisy signal 
therefore it does not alter 
the signal content.

Increases the attainable 
gain before feedback.

Does not affect the attain-
able gain before feedback.

The noise must be 
quasi stationary (steady or 
slowly changing).

The noise may be transient 
or quickly changing.

The noise may be originat-
ed from multiple sources.

Multiple noise sources 
require multiple sensors and 
a multi-input noise canceller. 
The references cannot be 
mixed because the effect of 
the individual noise sources 
on the useful signal is un-
known and different.

Easy to use (there is only 
one adjustable parameter: 
depth) and requires rela-
tively low DSP capacity.

The implementation is 
roughly as complex as 
an echo canceler so it is 
expensive.

There are two reasons why the Wiener filter cannot be 
used in its original form as a noise reduction filter in 
audio systems:

•	 The	signal	and	noise	spectra	are	unknown	therefore	
the equation for the frequency response of the opti-
mal filter cannot be evaluated.

•	 We	may	assume	the	noise	spectrum	to	be	quasi	
stationary (changing slowly), but the audio signals 
(such voice signals) as are a highly time variant.

To implement a noise reduction filter we made some 
assumptions and complemented the Wiener filtering 
algorithm with an adaptation method that automatically 
separates the signal and noise spectra and continu-
ously changes the filter  parameters (see figure 4). 
Proper operation of the noise reduction filters in ASPEN 
requires that:

•	 The	noise	be	quasi	stationary	but	its	spectral	distri-
bution can be arbitrary.

•	 The	audio	signal	change	its	spectral	distribution	
rapidly. Stationary components will be misidentified 
as noise hence they will greatly be attenuated.

Figure 4. The practical noise reduction filter

Main features of the NRF in ASPEN:
•	 Every	audio	channel	has	an	NRF	so	it	scales	with	

the size of the system.

•	 The	depth	of	the	noise	reduction	is	adjustable	in	a	
wide range: 6 dB - 36 dB.

•	 30	frequency	bands	all	have	1/3-octave	bandwidth.

•	 Zero	latency,	minimum	phase.

•	 Optimal	(Wiener)	filtering	algorithm.

•	 Fast	adaptation.	

Follow these simple rules to use the NRF:
•	 Enable	the	NRF	only	if	it	is	necessary	(the	noise	is	

distracting).

•	 Enable	the	NRF	only	for	the	noisiest	microphones.

•	 Use	the	minimum	noise	reduction	depth	that	ef-
fectively attenuates the noise. This may greatly vary 
depending on the characteristics of the noise and 
the acoustical properties of the environment as well 
as on personal preference.

Noise Cancellation
Noise cancelers (NC) use an adaptive filter to recon-
struct the noise that effects the original signal. In this 
case a reference signal is needed which usually is a mi-
crophone placed close to the noise source. In this case 
an adaptive filter is necessary because the relationship 
between the noise source and the actual noise that 
contaminates the audio signal is unknown.  

Note the difference between NRF and NC. While the 
NRF is placed directly in the signal path, the NC pre-
dicts contamination and subtracts it from the observed 
signal. Therefore the signal is unaltered resulting in a 
higher sound quality. The computation burden of NC 
is comparable to and acoustic echo canceler which 
usually requires a dedicated DSP for every or, at least 
every two, audio channels.

Figure 5. Noise cancellation signal flow
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Acoustic Echo Cancellation
The Problem

Teleconferencing with a sound reinforcement system 
poses a difficult problem caused by coupling between 
loudspeakers and microphones located in the same 
room. Sound from the far side of the conference is 
delivered into the room through local loudspeakers and 
enters the local microphones along with the sound from 
the local participant voices causing an echo to be heard 
at the far side.

Far sideTelephone 
interface

Local
sound system

Local 
loudspeaker

Local 
microphone

Echo return due to loudspeaker/microphone coupling

In addition to being mixed with local talker’s voices, re-
flections off of surfaces in the room, some of which are 
delayed by longer path lengths, also mix with the sound 
from the loudspeakers. If this echo-contaminated signal 
is sent to the far side, they will hear themselves as an 
echo along with the sound of the near side talkers.

The sound from the loudspeakers is attenuated by the 
loss due to the distance between them and the micro-
phones, and reflections in the room are absorbed by 
acoustical treatment in the building materials. This loss 
in level is called ERL (echo return loss).

Even with best practices in building construction materi-
als and sound system design, a significant amount of 
far side sound will be picked up by the microphones. 
Digital processes to further remove far side sound are 
called ERLE (echo return loss enhancement). The 
most common of these is a digital process called AEC 
(acoustic echo cancellation).  AEC is a DSP-based 
process used to remove as much of the sound from the 
local loudspeakers as possible from the signal that is 
sent to the far side. When the AEC processing identifies 
and removes the echo, it is said to have converged.

The total amount of echo suppression is the sum of 
ERL and ERLE. For example, if a room has a natural 
ERL of 15 dB and the ERLE (AEC cancellation) aver-
ages 25 dB, the total echo suppression is 40 dB. The 
amount of echo suppression varies as the system is 
operating when gain values in the local sound sys-
tem are changed and the echo return paths change 
when different microphones are used or moved. These 
changes make is more difficult for the AEC to converge 
and remain converged at a deep enough level to effec-
tively remove audible echo heard at the far side of the 
conference.

The AEC uses the far side received audio as a refer-
ence signal that is fed to the AEC so that it can be 
identified and removed from the local signal that is to 
be sent to the far side. The difficulty with this is the fact 
that during the coupling from the loudspeakers to the 
microphones, the signal is modified by reflections in the 
room and non-signal noise, which is depicted as EPF 
(echo pass filter) in the diagram.

The echo-contaminated far side signal is mixed with 
the sound from the local talkers and becomes the input 
to the AEC. The job of the AEC is to construct a digital 
filter that can be applied to remove the far side signal 
(echo) before the signal is sent to the far side. This filter 
is depicted as ERF (echo reconstruction filter) in the 
diagram.

Reconstructed 
Echo

ERFEPF

Far side 
receive signal

Effective 
echo Input 

signal

Reference 
signal

Local 
signal

Echo-contaminated signal

Enhanced 
signal Far side 

transmit 
signal

Adaptation 
Processor

Acoustic Echo Canceller

Acoustic Echo Cancellation process

The “magic” in the process takes place in the Adapta-
tion Processor where an advanced DSP algorithm is 
continuously monitoring the effectiveness of the ERF 
and updating it as needed to remove as much of the 
echo as possible.

The ASPEN AEC
ASPEN conference processors employ a proprietary 
AEC (US Patent Pending) that is extremely fast con-
verging, will not lose convergence during double-talk 
(both far and near sides equally active), and will con-
tinue to deepen the convergence with every tiny op-
portunity where the far side audio is dominant over the 
near side audio. The AEC is so robust, in fact, that it can 
handle any number of microphone input channels, all 
mixed with the patented, gain proportional auto mixing 
algorithm.*

This unique AEC makes an ASPEN system scalable so 
that any number of inputs can be added without having 
to purchase additional DSP processing power.
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ASPEN AEC Performance
This illustration was created from an actual audio con-
ference recording while the ERLE convergence depth 
was plotted along with the audio from both sides. The 
recording is 30 seconds in length and the illustration 
includes four different segments that demonstrate the 
effectiveness of the ASPEN AEC in a real world situa-
tion.

[1] In the first segment, the far side signal is dominant 
and the AEC converges to an ERLE depth of 24 within 
1.5 seconds. Then it picks up another 2 dB and main-
tains the convergence depth for another few seconds.

[2] At 10 seconds into the recording, a microphone is 
moved, which changes the path length between the 
loudspeaker and microphone. This requires that the 
AEC re-converge, which it does to a depth of a little 
over 20 dB, then maintains the convergence as the con-
versation moves to the near side being dominant.

[1] [2] [3] [4]

Far side audio (blue)

Local audio (orange)
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[1] [2] [3] [4]

Far side audio (blue)

Local audio (orange)
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[3] At just over 13 seconds into the conversation, the 
activity moves into what is called double talk where 
both near and far sides are talking at the same time and 
at similar levels. The AEC maintains the convergence 
depth during this period.

[4] At about 24 seconds into the recording, there is a 
brief pause at both sides, followed by the far side again 
becoming dominant. This allows the AEC to increase 
the convergence depth with brief peaks in the far side 
signal. This attribute of the AEC is evident at 26 sec-
onds into the recording when there is a brief peak in 
the far side audio that coincides with an increase in the 
convergence depth. 
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ASPEN Family of Components

SPNTrio

SPN2412

SPN1624

SPN1612

SPN812

SPNConference

SPN16i

SPN32i

Conference

16i

2412

PWRSTATUSDATA

1624

PWRSTATUSDATA

32i

PWRSTATUSDATA

Trio

PWRSTATUSDATA

812
PWRSTATUSDATA

1612

PWRSTATUSDATA

DNT

SPNDNT
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Hardware Architecture
The variety of models in this series are created by com-
bining “building block” circuit board assemblies:

•	 8	input,	12	output	mixer	board	

•	 16	channel	input	only	board

•	 8	channel	input	only	board

•	 Conference	interface	board

A single board can be enclosed by itself in a stand-
alone 1RU chassis, or combined with another board in 
a 2RU chassis to create a variety of models. The 2RU 
models include an LCD with comprehensive access to 
all system settings and activity.

812

1612

Mixer and input only units include the following models:

•	 SPN812	 8	input,	12	output	mixer

•	 SPN1612	 16	input,	12	output	mixer

•	 SPN1624	 16	input,	24	output	mixer

•	 SPN2412	 24	input,	12	output	mixer

•	 SPN16i	 16	channel	input	only

•	 SPN32i	 32	channel	input	only

•	 SPNConference	 Conference	interface

•	 SPNTrio	 8	input,	12	output	mixer 
 with Conference interface

Input only units deliver outputs to the digital bus, so they 
are always used with a mixer or conference board to 
provide physical audio outputs for the sound system.

The SPNConference model is used with a mixer to 
provide mic/line audio inputs and outputs.

All data and audio from the Slave units in the system is 
gathered in the Master, so a single connection between 
a computer and the Master allows software access to 
all units in the stack.

The slight throughput delay of inputs from slaves and 
the master in the ASPEN bus is automatically synchro-
nized to maintain absolute signal phase at all outputs.

At the core of each ASPEN board is a powerful com-
munications and control structure. A latest generation 
SHARC® processor* performs the millions of calcula-
tions required to implement signal processing, auto mix-
ing, echo cancellation and noise reduction. An FPGA 
with a gigabit transceiver interacts with the front panel 
controls and coordinates the data flow in and out of 
the ASPEN bus. The microcontroller interfaces with the 
I/O ports, the front panel LCD, the real time clock and 
oversees the temperature regulation.

Stacking multiple units is simply a matter of connect-
ing them as shown here. Each board assembly has two 
RJ45 connectors. The upper jack on each unit connects 
to the lower jack on the next unit above it, and so on. 
The unit at the top of the stack has no connection to the 
upper jack, so it automatically becomes the Master in 
the system. The lowermost unit has no connection to its 
lower jack, so it automatically becomes the lowermost 
slave. The units are presented in the software in the 
same manner they are interconnected with this cabling.

ASPEN PORT

Forward Propagation
Sub-mixes added by 
each unit in the stack

Back Propagation
48 Final Mixes sent 
from the Master to all 
Slaves

Network Audio Transport
The SPNDNT processor interfaces the ASPEN digital 
matrix with the Dante digital matrix to transport audio 
via a gigabit ethernet. Each ASPEN system in a net-
work operates independently, and sends and receives 
audio signals to and from the network, with 32 inputs 
and 32 outputs. Standard gigabit or AVB compliant 
switches can be used.

In essence, the SPNDNT is a full function DSP mixer 
and processor like other ASPEN models except that in-
stead of analog I/O ports, it uses digital network Dante 
ports. The on-board Audinate®* Brooklyn II module 
functions as a native Dante device using standard eth-
ernet or AVB compliant switches.

812 812

1612 1612

DNT DNT

Gigabit Ethernet

Dante Virtual Soundcard
Dante Enabled Audio Devices

Dante PCIe SoundcardOther Dante Devices

SPNDNT Processor SPNDNT Processor

ASPEN System ASPEN System

Primary Primary

SecondarySecondary
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Accessories
RCWPB8

Extensive remote control functions for DM Series pro-
cessors can be implemented easily and inexpensively 
with the RCWPB8 switch panel. LEDs built into each 
switch indicate various functions and states at a glance.

Example of two RCWPB8 controls mounted in a dual 
conduit switchbox with Decora* cover.

•	 Versatile	remote	control	for	DM	Series	processors	
through the logic I/O ports

•	 Switch	contacts	can	be	used	to	recall	presets,	
launch macros or control levels

•	 Upper	six	LEDs	under	control	of	logic	out	connec-
tions on DM processor

•	 Lower	two	LEDs	light	with	button	press

•	 Fits	standard	conduit	switchbox	and	Decora	cover	
plates

•		 Optional	CAT-5	to	DB-25	adapter	simplifies	installa-
tion

The optional DB2CAT5SPN adapter 
is pre-wired and configured for the 
logic ports on ASPEN processors.

*Decora is a registered trademark of Leviton Mfg. Co., Inc.

Typical control functions include recalling presets to 
configure the sound system for particular purposes, 
muting and enabling sound masking, level controls of 
single or groups of inputs or outputs, signal routing 
changes and numerous other custom functions created 
using macros in the processor.

The RCWPB8 is sold in a kit with 
mounting hardware and an adapter 
to fit a standard Decora switchplate. 
Conduit box and Decora switchplate not 
included.

Standard RJ-45 connectors allow a convenient interface 
to the processor logic ports using CAT-5 cabling. The 
optional DB2CAT5 adapter provides a convenient, pre-
wired interface between the control and processor.

A SWITCHBOX is required 
to mount the RCWPB8 
remote control panel. It will 
not fit into a DEVICE BOX.
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RCW-VLS
•	 LED	indicates	active	status

•	 Screw	terminal	connections	for	reliability

•	 Fits	single-gang	conduit	box

•	 Detented	rotary	action

•	 Selectable	(by	jumper)	FULL	or	-15dB	attenuation

•	 3-conductor	wiring

The RCW-VLS is a rotary 
volume control mounted on 
a circuit board and a 
single-gang wall plate for 
use with Lectrosonics 
automatic mixers and matrix 
units. The rotary action is 
detented for a smooth, 
accurate feel and repeatable 
selection. The unit can be 
connected to control indi-
vidual channels in any 
combination or to the main 
output control point on units 
with VCA taps. It is also 
used as an analog control 
on units with Programmable 
Input connections. Fully 

clockwise, no attenuation is applied. Full counter 
clockwise, the level is either fully attenuated or is 
reduced to -15dB, as determined by an internal 
jumper on the circuit board.

DNTBOB 88
This is a high quality, general purpose network adapter 
that converts analog audio to Dante signals, and Dante 
signals to analog audio. Two or more units operate 
as a stand-alone gigabit network audio transport with 
either dedicated CAT-6 cabliing between them, or via 
an external switch shared with other devices. Automatic 
discovery and clock synchronization makes this truly a 
“plug and play” device.

This adapter will also interconnect with an SPNDNT 
Dante network processor to bring external analog audio 
signals into the ASPEN matrix.

IPad Developer’s Kit

The iPad developer’s kit for Aspen consists of a Lec-
trosonics library of faders, knobs, meters, and other 
on-screen objects. These objects can be used for the 
easy creation of custom touch panel designs using the 
iViewer application from CommandFusion. With the 
iPad and the Lectrosonics library, Aspen users can now 
fully control a complete system with a sophisticated 
wireless touch screen – all this while continuously 
receiving real-time feedback as to the system’s status 
and levels.

iViewer is a free application download from the Apple 
App Store. The iViewer application has received rave 
reviews for its ability to transform an iPad into a control 
interface for commercial or home automated systems. 
Aspen units in the system are controlled via TCP/IP 
over Ethernet using an inexpensive wireless link. The 
free iViewer application comes with a single landscape-
oriented page and a single portrait-oriented page. This 
is sufficient for simpler systems or testing. Multi-page 
designs require a modest licensing fee.

Lectrosonics is not affiliated with CommandFusion or 
Apple.

Crestron Modules
A Crestron archive (.zip) that contains a sample pro-
gram to control the entire ASPEN series of products. 
There are a total of 11 modules included. We also 
provided some additional helper modules (Selectors) for 
the programmer who is new to Crestron. All of the mod-
ules are event driven (no need for polling). All modules 
have been submitted to Crestron for certification and 
implementation into the SIMPL Windows IDE

http://www.lectrosonics.com/aspensupport/

http://lectrosonics.com/aspensupport
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Single Point of Control
All ASPEN models support simultaneous use of Eth-
ernet, RS232 and USB ports for setup, monitoring, 
diagnostics and control.

Installers and operators can use the software GUI to 
monitor the state of the processor via the USB port to 
verify that commands sent from the 3rd party controller 
(over RS232) are working correctly.

Remote monitoring and setup can be conducted via 
a network connection and from remote sites over the 
internet.

1624

Conference

16i

Ethernet RS-232

USB
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Courtroom System
Product(s) Used:  SPN1612, PA8

System Description:  A basic system with the essen-
tial components needed for most courtrooms to enable 
local sound reinforcement, recording and media play-
back for evidence review. Six microphones are routed to 
eight loudspeakers in a mix-minus configuration using 
the phantom mix mode at the crosspoints to eliminate 
acoustic feedback.

Gallery
Speaker Zone
(x9, 70 Volt)

CAT-6 JUMPER, DO NOT 
REMOVE

PROG. CONTROL
PORTS (DB-25)

IN 1-15, OUT 1-8

IN 16-30, OUT 9-16

RS-232 RX

TX

RX

TX

ASPEN BUS

IN  9 

IN  10 

IN  11 

IN  12 

IN  13 

IN  14 

IN  15 

IN  16 

OUT  10

OUT  9

OUT  11

OUT  12

IN  1 OUT  1

IN  2 

IN  3 

IN  4 

IN  5 

IN  6 

IN  7 

IN  8 

OUT  2

OUT  3

OUT  4

OUT  5

OUT  6

OUT  7

OUT  8

HEADPHONE OUT

SPN1612

ETHERNET

USB PA8

OUT  1

OUT  2

OUT  3

OUT  4

OUT  5

OUT  6

OUT  7

OUT  8

IN  1 

IN  2 

IN  3 

IN  4 

IN  5 

IN  6 

IN  7 

IN  8 

Judge 
Speaker
(8-ohm)

Prosectuion
Speaker
(8-ohm)

Defense
Speaker
(8-ohm)

Witness
Speaker
(8-ohm) Jury

Speaker
(8-ohm)

Clerk
Speaker
(8-ohm)

Judge

Defense

Prosecution

Clerk

Witness

Jury

Jury
Speaker
(8-ohm)

70 Volt Power
Amplifierin out

A/V Matrix
Router R

L

R

L

R

L

Stereo Aux 
Inputs

Multi-Track
Recorder

IN  1 

IN  2 

IN  3 

IN  4 

System Design Examples
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Medium Conference Room
Product(s) Used:  SPNTrio, SPN16i, PA8, R400a/LMa

System Description:  A conference room/boardroom 
with teleconferencing, video conferencing, speech 
reinforcement and stereo program audio playback 
capabilities. System inputs consist of twelve boundary 
microphones, two gooseneck microphones, two wire-
less microphone systems (R400a & LMa), stereo pro-
gram audio, stereo video codec receive, and two stereo 
auxiliary inputs.

All twelve outputs of the SPNTrio are used to drive 
seven mix-minus loudspeaker zones, left and right pro-
gram audio loudspeakers, an assisted listening system 
transmitter (mono), and a stereo feed for recording. The 
codec outputs of the trio feed the stereo inputs of the 
video codec.

Ceiling Speakers 1 - 8

Telephone 
Network

Telephone 
Desk Set

Video Codec

AV Matrix Switcher

Line In/Rec Out Wallplate

Table Mics 
1 - 10

Wireless Mics

Gooseneck Mics

Assitive Listening System

2-channel Sound 
System
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Medium Conference Room - Block Diagram



LecNet2™

LECTROSONICS, INC.24

Small Conference Room

Table 
mics 1...5

Telephone 
Network

Wireless mic

Products Used:  SPNTrio, R400a/LMa

System Description:  A basic conference room/board-
room with teleconferencing capabilities. System inputs 
consist of five boundary microphones, one wireless mi-
crophone system (R400a & LMa), and program audio.

This design utilizes the internal power amplifiers of the 
SPNTrio to drive two 8Ω ceiling loudspeakers. There is 
no speech reinforcement in this system, only far end re-
ceive and program audio are sent to the loudspeakers.
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Large Conference Room/Distance Learning System

Product(s) Used:  SPN1624, SPN32i, SPN16i, 
SPNConference, Venue, LMa, HH

System Description:  A conference room/boardroom 
or distance education classroom with teleconferencing, 
video conferencing, speech reinforcement and stereo 
program audio playback capabilities. System inputs 
consist of fifty-two PTT boundary microphones (wired to 
logic I/O), four wireless microphone systems (Venue, 2 
LMa, 2 HH), stereo program audio, stereo video codec 
receive, and three stereo auxiliary inputs.

Twenty-one outputs of the SPN1624 are used to drive 
ten mix-minus loudspeaker zones, left and right pro-
gram audio loudspeakers with subwoofers, an assisted 
listening system transmitter (mono), a stereo feed for 
recording, and two stereo auxiliary outputs. The codec 
outputs of the trio feed the stereo inputs of the video 
codec.

In a system this size, control can be an expensive op-
tion, considering the number of inputs and outputs. 

Speaker Zones 1 - 8

SPN1624

SPN32i

SPN16i

SPNConference

Table Mics 41 - 52

Venue Receiver

Table Mics 9 - 40

Telephone 
Network

Telephone 
Desk Set

Video Codec

AV Matrix Switcher

Stereo Aux Inputs Wallplate

Table Mics
1 - 8

PTT and LED

LMa and HH Transmitters

Assitive Listening System

(see block diagram on next page)
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Large Conference Room/Distance Learning System - Block Diagram
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From SPN32i 
ASPEN Bus TX

To SPNConference 
ASPEN Bux RX
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City Council Chamber
Product(s) Used:  SPN1624, SPN16i, and Venue, 
LMa, HH

System Description:  A city council room with local 
sound reinforcement consisting of 26 microphones 
distributed to various audience areas. Press feeds and 
recording are provided for live media uplinks and archi-
val recording. Assitive listening and media playback are 
also provided.

Council Mic 1

A/V Matrix
Router R

L

L

R

L

Stereo Aux 
Inputs

CAT-6 JUMPER, DO NOT 
REMOVE

PROG. CONTROL
PORTS (DB-25)
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RS-232
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PROG. CONTROL
PORT (DB-25)
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USB

RS-232
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Table Mic 1

Table Mic 2
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Table Mic 4

Podium Mic 1
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Council Mic 7

Council Mic 8
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Council Mic 14

Council Mic 15

Council Mic 16
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To SPN16i ASPEN
Bus RX

SPN16i

From SPN1624 
ASPEN Bus TX
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PA8
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P

P

P
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P

P

P

P
Press Feeds
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Small House of Worship System 
(no FOH console)

Product(s) Used:  SPN1612, Venue, LMa, HH

System Description:  A sound reinforcement and 
recording system for worship services and live vocal 
performance. Additional audio and video sources can 
be played back through the main system as well.

CAT-6 JUMPER, DO NOT 
REMOVE

PROG. CONTROL
PORTS (DB-25)
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Calculating PAG, NAG and POWER
The PAG-NAG Computer Program

The GAINCALC software is a proprietary program of-
fered by Lectrosonics to assist in sound system design. 
Following are descriptions of each of the three param-
eters calculated by the program, and some information 
about how those calculations are made.

What is PAG?
Potential Acoustic Gain (PAG) is a measure of how 
much extra reinforcement (acoustic gain) the sound 
system can be expected to provide for a distant lis-
tener above the level at which that listener would hear 
the talker without any sound reinforcement. Following 
through from the NAG calculation above, the PAG of a 
system should be at least equal to the NAG in order to 
provide sufficient SPL to the distant listener.

The PAG calculation is based on the assertion that 
the SPL generated by the sound system at the talker’s 
microphone can cannot exceed the SPL that the talker 
produces acoustically at the same microphone. If the re-
inforced SPL exceeds the original SPL from the talker, 
the system regenerates, producing what is commonly 
known as FEEDBACK. The closer the loudspeaker 
is to the microphone, or the farther away the talker is 
from the microphone, the lower the PAG of the system 
will be. The other factor in the PAG calculation is the 
distance of the distant listener from the nearest loud-
speaker. The farther the listener is from the speaker, the 
lower the system PAG.

In order to make a PAG calculation using GAINCALC, 
the boxed labeled D0, D1, D2 and Ds must be filled in. 
The formula for calculating PAG is:

PAG=20Log10((D1D0)/(D2Ds))

Note that the PAG calculated from this formula implies 
a sound system which is right on the verge of feedback. 
In the Options menu of GAINCLAC, you can check 
FSM (Feedback Stability Margin) compensation. FSM 
compensation will subtract 6dB from the calculated PAG 
value to give a more realistic indication of PAG. More 
explanation of what can be done to maximize PAG can 
be found in the GAINCALC Help file.

What is NAG?
Needed Acoustic Gain (NAG) is a measure of how 
much reinforcement a sound system must provide so 
that distant listener can hear a talker at a sound level 
comparable to when the listener is near the talker. As 
an illustration, assume that a listener near the talker 
experiences an average sound pressure level (SPL) of 
75dB in normal conversation without sound reinforce-
ment. 

Next, assume that a more distant listener hears the 
same conversation at an average level of 62dB. This 
level would be low enough that intelligibility could be 
a problem, particularly in the presence of sound back-
ground noise. For the distant listener to hear normal 
conversation at the same average level as the nearby 
listener (i.e. 75dB SPL), an extra 13dB is needed at the 
distant listener’s position. This is the Needed Acoustic 
Gain (NAG) for this example.

In order to make a NAG calculation using GAINCALC, 
the boxes labeled Dm, D0, Ld, and Lr must be filled in. 
The formula for calculating NAG is:

NAG = Lr-Ld-20Log10(Dm/D0)

As should be clear, NAG is a function of the physical 
distances between talkers and listeners. As yet, nothing 
has been said about a sound system. If the NAG value 
is positive, which it generally is, a sound system will be 
needed to provide acoustic gain at least equal to the 
NAG for the distant listener in order that they hear the 
same SPL as the nearby listener.

What About Loudspeaker Power?
After the NAG and PAG calculations have been made, 
it’s helpful to known how much amplifier power will be 
needed to produce the desired sound system SPL. 
GAINCALC uses the sensitivity data of the system 
loudspeaker(s), the distance between the distant lis-
tener and the closest loudspeaker, and the desired SPL 
at the distant listener’s position to calculate the needed 
amplifier power. Note that GAINCALC adds 20dB to 
the desired SPL factor Lr in order to account for peak 
speech levels without clipping. One result of this is that 
if you require high SPL at the distant listener’s position, 
you’ll find yourself needing enormous amounts of ampli-
fier power.

In order to make a power calculation, you should fill 
in the boxes labeled Spr Sens (db), @ Power (W), @ 
Distance, # of Speakers, Lr, and D2. The formula for the 
power calculation is:

Power = # of speakers x10a

Where a= (Lr+20 SpkrSens 20xLog(SpkrDist/D2))/10

Download the program FREE from the web:

www.lectrosonics.com
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PAG-NAG Software GUI
The program operates in two different scenarios, one 
for multiple loudspeaker systems such as in a board-
room (upper illustration) and the other for cluster or 
central loudspeaker systems in larger spaces (lower 
illustration). Values are entered into the data entry cells 
for distances between microphone, talker, loudspeak-
ers and listeners, and the targeted SPL at the listener’s 
ears is selected.

A performance meter is also provided that indicates an 
approximation of how well the system would work with 
the given values. The meter updates continuously as 
the different values are entered. The program is a very 
valuable aid early in the design phase of a sound sys-
tem project in determining the placement and quantity 
of loudspeakers and microphones.
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An ASPEN device can be remotely controlled using 
commands sent over USB, a serial port, or a network 
connection. An extensive command language is defined 
which is text-based and human readable. Touch panel 
controllers, for instance, use this command interface.

Macros are predefined groups of commands that are 
stored internally by an ASPEN device. All of the com-
mands contained in the macro can then be executed by 
issuing a single “run” command to the device. There are 
two advantages to this approach:

•	 Efficiency:  Only one command needs to be sent 
to a device to execute complex actions, which may 
involve dozens of individual commands. 

•	 Modularity:  Frequently executed sequences can 
be implemented as a macro which can be reused in 
other control designs, or combined with other mac-
ros to form complex actions. 

•	 Power:  Built in features like conditionals (if-then 
statements), loops (while-do statements) and user-
defined variables allow sophisticated control logic to 
be implemented within a macro. 

Macros are stored in nonvolatile memory. 256 macros 
are available, each with a maximum length of 64 com-
mands. Macros are global in scope, meaning that they 
are not associated with any particular preset.

Macros may be given a descriptive title which is stored 
along with the command list.

It is important to know that when a macro is run, the 
response messages normally returned when the com-
mands are executed individually are discarded un-
less the command is marked as a verbose command 
(prefixed by a ‘!’ (bang) character. This means that for 
non-verbose commands ill formed or unsuccessful com-
mands fail silently, as the error message is discarded.

Macros can be chained if necessary, meaning that one 
macro can call another macro by virtue of containing 
a “run” command. It is important to know that a run 
command issued from within a macro will be delayed 
until after the first macro has finished running. In other 
words, macros aren’t nested, they always run sequen-
tially. The best practice when chaining macros is to 
make the run command the last command in a macro.

The Control Panel contains a Macro Editor which is 
used to create new macros or edit existing ones when 
the PC is connected to an ASPEN device. Macros may 
also be opened and saved as files, making it possible to 
work with them in offline mode as well.

 The control panel also contains a Macro Recorder 
which allows a sequence of commands to be captured 
as a macro without typing them into the Macro Editor. 
The Macro Recorder works by capturing the commands 
generated by the control panel when the mouse and 
keyboard are used to make changes to device settings. 
It can be used in offline mode or while connected to a 
device.

Introduction to Macros for ASPEN
Macro Editor

ASPEN commands are assembled into a macro with 
the Macro Editor. Since these commands are expressed 
in a simple, human readable format, this is a very 
straightforward process. The editor makes it simple to 
open a macro from a file or recall a macro from a pro-
cessor, then edit its title and the command lines, then 
save it to a file or to a processor.

Macro Recorder
The Macro Recorder is used to capture ASPEN device 
commands generated by the control panel when the 
mouse and keyboard are used to make changes to 
settings. It can be a real time save since in many cases 
it removes the need to type lists of commands into the 
Macro Editor to create a macro.

A macro can be created while connected to a proces-
sor, or in an offline mode using the control panel soft-
ware. When connected directly to a processor, simply 
recall the macro to edit it, then save it to the processor 
and/or a file. In the offline mode, the file can be recalled, 
edited then saved to a file.

Running Macros
The control panel software must be connected to a pro-
cessor to run and test macros. A section of the control 
panel opens with the list of all stored macros, with but-
tons to run and edit the macros.

In actual use, macros are launched by external com-
mands delivered through the serial, ethernet or USB 
ports, and external switch and logic port activity.

Run Macro on Powerup
It is possible to designate a macro to be run every time 
an ASPEN device is powered up. This can be conve-
nient for initializing macro variables or fine tuning the 
device configuration at powerup time. This is an optional 
feature, the default is “None.”

Backing up and Restoring Macros
It is possible to backup the entire set of 256 macros 
to a file so that they can be restored at a later time to 
recover from accidental changes, or transferred as a 
group to another ASPEN device.

Macro backup and restore operations can be executed 
only when the PC is connected to an ASPEN device.

Help files and Writing Macros
Instructions for writing and using macros are provided 
in the control panel Help files with text, sample screens 
and examples.
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