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WHAT'SNEW?

In addition to the base capahilities of the previous-generation PCAP Il product, the PCAP I Plus
system offers the following enhanced capahilities:

e More Processing Power

o

(0]
(0]
(0]

Two additiona generd filter stages now available (increased to 6 from 4)

Two new broadband filter stages now available

50% increase in adaptive filter taps (increased to 6144 from 4096)

New 1.8GHz floating-point processng core for implementing enhanced filtering
functions (e.g., broadband noise reduction) and future software upgrades

e |mproved Spectrum Anayzer

o

6X improvement in screen refresh rate

¢ Re-engineered Graphicd User Interface

o

o O oo

More intuitive look and fedl

Improved visua statusindications

Quicker response on dl controls, graphs, and indicators
Direct “text box” numeric entry on dl filtering parameters
Higher efficiency for improved productivity

¢ New Broadband Noise-Reduction Filters

0]
0]
0]

NoisesEQ™ frequency-selective spectrd subtraction filter

NoiseReducer general spectral subtraction filter

Both effective at reducing difficult random noises such as waterflow, wind, hiss, RF
gatic, and GSM RF interference coupling

¢ Enhanced Digital Media Processing

o

AutoSYNC feature on digital audio 1/0 dlows easy integration with PC-based audio
workstations such as Digidesign Pro Tools® for direct processing of digita audio
evidence

Supports al 16- and 24-hit, consumer and professiond audio formats up to 96kHz
samplerate

Xi
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FOREWORD

The PCAP 11 Plus Enhanced-Capability Persona Computer Audio Processor is the latest generation of
the most popular forensc audio andyss and processng system used by the law-enforcement and
inteligence communities. The PCAP |1 Plus offers the following advantages over typica PC-based
audio processors.

Designed from the ground-up to implement generaly-accepted forensic voice enhancement /

clarification principles and methodologies, not origindly designed as a commercid audio post-

production, “sweetening”, or phonograph audio restoration tool

Powerful, interactive, real-time noise reduction processing using the latest DSP technology

Compact, field-deployable packaging

Direct digital audio input/output with AutoSYNC; interfaces directly with Digidesign Pro
Tools® systems for direct processing of file-based digitd audio media

Both monaural and stereo signal processing
Up to 12 sequentia stages of enhancement processing
All Windows"™-based control: versatile configuration and easy, interactive adjustment

All sgnd processng contained in an externd unit; interfaces to PC serid port with a single
cable

Laptop or desktop computer control
Built-in duad channd FFT spectrum andyzer
Built-in digitd filter coefficient display

Disk file storagefrecall of filter setups

Stand-aone operation adlowing the hardware processor to be operated at desred settings
without PC

Report generator for hardcopy printouts and word processor files of filter setups

Unmatched flexibility and performance

Xiii



The PCAP Il Plus is applicable to a broad spectrum of voice and smilar audio sgnds. It attacks a
wide variety of noises in forensic applications. Body microphone, cassette, microcassette, telephone,
broadcast, and hi-fi audio sgnds can al be processed efficiently, snce the PCAP Il can be st to
operate a bandwidths of 3.2, 5.4, 6.5, 8.0, 11, and 16 kHz.

The PCAP Il is designed to replace an entire rack of audio processng equipment. With monophonic
sgnas, as many as 12 sequentid stages of digita processing can be performed smultaneoudy. With
gsereo Sgnds, nine sequentiad stages of stereo processing are available. A broad selection of filter
types/optionsis available in each of the processing stages.

An easy-to-use Microsoft Windows-based Master Control program alows intuitive control of the
entire process, including bandwidth selection, mono/stereo configuration, and number of digital
processing stages. Individuad process controls and filter modes for each digitd stage are easly
specified. Input and output level bargraphs are displayed, and the sgnd frequency spectrum at any
point in the process can be displayed utilizing the built-in spectrum analyzer. Also, the built-in
coefficient display dlows thefilter solutions for al adaptive filters to be viewed with ease.
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1: . SYSTEM BASICS

1.1: SYSTEM CONFIGURATION

The basic configuration of the PCAP 11 Plus system isillustrated in the following (Figure 1-1):

RS232 I nter connect Analog or Digital | nput
Source Audio Player
|
- : 0| [oooooo] 00|
- P B L 1/[
—F PCAPII Plus
Analog or Digital Output
Computer

Enhanced Audio Recorder

Headphones

Figure 1-1 PCAP Il Plus Basic System Configuration

For integration with a Digidesign Pro Tools system (e.g., Modd Digi002), an dternative configuration
isillustrated in the following (Figure 1-2):

RS232 I nter connect

S/PDIF Digital Audio I nterconnect

Analog/Digital Audio (AutoSYNC)

1/0
, | | | | | In IOut In lOut
[ ]
——— = o0 000000 [00] [0] [ooooo0] [00]
- —— ” Digioo2 PCAP 1 Plus

Computer

FirewireInterconnect

Headphones

Figure 1-2 PCAP Il Plus Alternative Pro Tools® Integration



Note that in this configuration the digitdl OUTPUT RATE should be configured for AutoSYNC for
proper digital audio interaction with Pro Tools.

The PCAP I Plus Master Control program iswritten to be run on Windows® 98 Second Edition, Me,
NT 4.0, 2000, and XP. For best peformance the following minimum system configuration is
recommended:

Windows® XP operating system

Intel Pentium® 111 CPU processor (at least 800 MHz)

256 Megabytes of RAM

10GB hard disk drive

CD-ROM Drive

1024x768 color SVGA or LCD active-matrix display with 0.28 or better dot pitch

Two-button mouse and/or touchpad

At least one spare RS232 port

Laser or dot-matrix printer
Performance will improve with higher speed CPUs and/or increased memory.
Please vist the Digidesign webste at http://www.digidesign.com/ for complete information regarding
computer/OS compatibility for Pro Tools products. Integration of the PCAP Il Plus product with Pro

Tools will require a computer platform that meets BOTH the requirements specified above and
Digidesign’ s requirements.



1.2: EXTERNAL PROCESSOR CAPABILITY

The PCAP Il Plus EXTERNAL PROCESSOR unit is a high-performance, sdf-contained digitd sgnd
processor and contains 38 DSP microprocessors, which are dlocated as follows:

24 HR filter processors which can be configured as 1 to 6 independent audio processors.
These flexible processors may be combined into mono and stereo configurations. Any of these
processors may be configured as an adaptive or adjustable digital FIR filter

Two FIR spectra equalizer processors
Four sample rate conversion processors
Four FIR highpass filter processors

Three genera-purpose microprocessors which execute specid DSP software, implement the
dud FFT spectrum analyzer, communicate with the PC via RS232, and provide system control

One high-performance floating-point DSP processor that performs broadband noise reduction
functions and other advanced agorithms

Andog-to-digitd and digitd-to-andog converson is peformed by sereo, 24-bit, sgma-delta
converters which perform 64x oversampling.

The base processing sample rate is adjustable from 7.2 kHz (3.2 kHz bandwidth) to 36 kHz (16 kHz
bandwidth), regardless of the input sample rate when the digital input is used (sample rates from
25-108kHz are supported via asynchronous conversion). All processing sample rates are exact
multiples of 50 Hz and 60 Hz, alowing maximum filter performance a harmonics of these frequencies.

Digitd, 200Hz highpass filters are provided on al inputs (pre-process) and on al outputs (post-
process) to remove rumble and other low-frequency noises.

Microprocessor-controlled limiters are provided on both anadog inputs to prevent overload. When
using the SPDIF digita inputs, the limiters prevent the digitd signd from exceeding a specified dB
leve.

Digitd AGCs are provided to compensate for near party/ far party voice leve differences.
Ten stand-aone nonvolatile memories are provided for onboard storage and recal of filter setups

created by the PCAP Il Plus Master Control Program. This alows the external processor to be
operated in any of 10 previoudy-stored setups without being connected to a PC.



1.3: EXTERNAL PROCESSOR FRONT PANEL

The front pandl controls are arranged into three logica groups: headphone MONITOR contrals,
STAND-ALONE controls, and INPUT LEVEL controls.

The MONITOR controls alow the user to listen to either the INPUT or OUTPUT signals with a pair
of stereo headphones connected to the 1/4" PHONES jack. Switching the headphones between the
INPUT and OUTPUT ggnals does not dter the signd flow to the LEFT OUT and RIGHT OUT line
output RCA connectors. The VOLUME levd can be adjusted to acomfortable listening level.

The STAND-ALONE CONTROLS dlow the user to sdect and run one of ten previoudy-
programmed filter setups stored in internal nonvolatile memory. For complete instructions on using the
STAND-ALONE memories, see Sections 4.10.3: and 5: .0.

The front pand of the PCAP |1 Plus external processor appears as follows (Figure 1-):

B
205 QO O oTTo|TTD

Figure 1-3 PCAP Il Plus Front Panel

The LEFT and RIGHT INPUT LEVEL controls dlow the user to adjust the input sgnas to the
proper leve for processing. Tricolor LEDs are provided to indicate sgnd levels, when the LEDs are
GREEN, the sgnds are at the proper levels, while YELLOW indicates caution. RED indicates
potentia input overload. Input signd levels are dso indicated by the displayed bargraphs on the PCAP
I Plus Master Control Pandl (See Section 3.2: PCAP |1 Tutorial).

The POWER led indicates when power is supplied to the unit, while the PC CONTROL led indicates
when the unit is under control of the PCAP |l Plus Master Control software.



1.4: EXTERNAL PROCESSOR REAR PANEL

The rear panel of the PCAP Il Plus external processor appears as follows (Figure 1-):
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Figure 1-4 PCAP Il Plus Rear Panel

DC power is provided to the unit through the externd POWER jack by ether the supplied externd AC
adaptor or direct connection to a9 - 18 VDC source. The POWER switch must be switched to the
ON position in order for the unit to operate.

A 9-pin RS232 jack is provided to connect the PCAP Il Plus external processor to a computer using
the supplied cable. The unit automatically senses RS232 activity and is put into PC CONTROL mode
whenever the PCAP Il Plus Master Control software establishes communication. After terminating the
software, the unit will return to stand alone mode after about 10 seconds (PC CONTROL mode is
indicated by the LED on the front pandl).

Andog stereo input and output RCA jacks are provided on the rear pand. PCAP Il Plus includes
digitd SPDIF input and output jacks as well. Using the INPUT SELECT switch, the user can select
which type of input (ANALOG or DIGITAL) to use. When DIGITAL input is selected, the PCAP 1
Plus will automaticaly synchronize to any legitimate digital input signa over a continuous range of
sample rates from approximately 25kHz-108kHz. Both the ANALOG and DIGITAL outputs are
adways active.

The output rate of the digital output can be selected using the OUTPUT RATE switch. On PCAP 1I
Plus, available output rate selections are 44.1kHz (standard, CD-compatible), 48kHz (professiond,
DAT-compatible), and AutoSY NC. The 44.1kHz and 48kHz selections force the digital outputs to the
specified rate regardless of the input or processing sample rates; this is achieved through the use of
asynchronous sample rate converson technology. In the case of AutoSYNC, the digital output rate
will synchronize to the digital input rate whenever the INPUT SELECT switch is set to DIGITAL, or
be forced to 44.1kHz when ANALOG input is selected.






2: INSTALLATION INSTRUCTIONS

2.1: CAUTIONSTO USER

To ingtdl the PCAP Il Plus hardware and software, the user must have a good working knowledge of
IBM PC-compatible computers and the Microsoft Windows operating environment. Particularly, the
user mugt know which RS232 COM ports are COM1, COM2, COM3, etc. On most modern PCs,
there is a sngle COM port that is designated “COM1” that is suitable for connecting the PCAP Il
external processor; the standard ingtalation procedure assumes that this is the case, that this sngle
COM port is free (not connected to something else), and configures the software accordingly.
However, if no free COM port is avallable, the user will need to create afree COM port viaany of the
following methods:

0 Obtain a “USB to Serid” converson module and ingal it onto any of your computer's
available USB ports

0 Obtana“Serid Interface’ card and ingtal it in afree PCl dot insde your computer

0 Inthecase of lgptops, dternatively obtain a“ Serid Interface” PCMCIA module and ingal it in
afree PCMCIA dot in your laptop

WARNING: Should you instead choose to share a single COM port connection with a PDA, eg. a
Palm Pilot, connecting each to the COM port only when needed, be sure to shut down any “Hot
Sync” manager application that might be running before attempting to run the PCAP 11 Plus
Master Control software. Otherwise communication with the PCAP 11 Pluswill fail due to conflict
with the Hot Sync manager.

Mog likdly, if any of these aternative options is used to create a free COM port, the new COM port
will not be COM1, but rather might be COM2, COM3, COM4, etc. Therefore, it will likely be
necessary to reconfigure the PCAP Il Plus software COM port selection to the correct port by
performing the procedurein Section 6.1: after completing the installation procedure in Section 2.2: .

The Microsoft Windows operating environment must be in place prior to ingtalling the PCAP Il Plus
software. All video drivers, device drivers, etc. must be installed and operating properly.

For advanced users who need to configure the PCAP Il Plus to operate at RS232 symbol rates dower
than 115200 baud (factory default), please see Section 6.2: .

NOTE: Altering thebaud rate setting is not recommended.




2.2:

INSTALLATION PROCEDURE

Carefully remove the PCAP Il Plus externa processor from the shipping container. Confirm
that the AC power adapter, RS232 cables (2), demongtrator audio CD, and software disk(s)
areincluded. Also confirm that any optiona accessories are included.

Connect the AC power cord to the PCAP Il Plus rear panel POWER connector. Keep the
POWER switch OFF for now.

With the PCAP Il Plus POWER switch OFF, plug the AC power adapter into an AC outlet.

With the computer turned OFF, connect the supplied RS232 cable between the CONTROL
PC RS232 connector on the PCAP 1l Plus rear pand and the desired computer COM port
(You may need to purchase an adapter if the COM port has 25 pins).

Now that they are connected together, switch ON both the PCAP Il Plus and the
computer (sequencing is not critical).

Once Windows has booted up (Windows 95, 98, NT, 2000, or XP), insert the PCAP Il
Plus Master Control software CD into the CD-ROM drive in your PC. The installation
program should automatically run. If not, use the Run command in the Windows Start
menu to browse the CD-ROM and select the setup.exe installation program.

NOTE: If for any reason you ever lose the software instalation CD, or need to instal
upgrades and/or bug patches, the latest version software is always available for
download at www.dacaudio.com; please contact DAC to obtain the proper
access information

The Setup Utility will now ingtdl the PCAP 1 Plus Master Control software on your PC's hard
disk. Please follow any ingtructions displayed by the Setup Utility.

Once the Setup Utility has completed ingtaling the software, the icon in Figure 2-1 should
appear on your screen:
7

"ll."
PlUs

Figure 2-1 PCAP Il Plus Master Control Icon



Double click on thisicon now to run the program. A screen similar to Figure 2-2 should appear:

Figure 2-2 Master Control Panel

If an error message is displayed, it is possible that the software is not configured for the correct COM
port (software defaults to COM1). If you know to which COM port the PCAP |l Plus externd
processor is connected, configure the Master Control program for the correct COM port by following
the procedurein Section 6.1 .

The PCAP |1 Plus system should now be installed and ready to run.



10



3: GETTING STARTED

Operation of the PCAP Il Plus system is highly intuitive; most operators can quickly learn while
using. The Fast Start procedure in Section 3.1: should alow first time users to quickly begin
processing audio and utilizing the basic enhancement capabilities of the PCAP Il Plus. For a
lesson in operating the PCAP Il Plus controls, it is recommended that the user also complete the
Tutorial in Section 3.2: . Section 3.3: applies the PCAP 1l Plus to different noise problems
contained on the PCAP Il Plus Training CD.

In the following sections the manua will refer to both a Source Audio Player and an Enhanced Audio
Recorder. The Source Audio Player can be any type of playback unit such as a Cassette, CD, Minidisc,
Microcassette, or Digital Audio Tape (DAT) playback unit; for live processing applications, it could
a0 be alive audio source. The Enhanced Audio Recorder can smilarly be any type of audio recorder
and/or output feed in the case of live processing.

In the case of a Digidesign Pro ToolsS® integration, Source Audio Player refers to the track(s) being
played into the PCAP 1l Plus via the Digita Audio Interconnect, while Enhanced Audio Recorder
refers to the track(s) being recorded from the PCAP |1 Plus output viathe Digital Audio Interconnect.

Always consder that the quality of both the playback and the recording equipment will limit the quaity
of the processed and enhanced audio. Always try to use digital audio connections whenever they are
avalable, as this avoids unnecessary analog-digital converson losses. In the case of andog origina
materid, eg. cassette and microcassette, aways use the highest quaity machine you can obtain for
playback, as everything ese will be limited by this step. Direct digital recording of the enhanced
audio is always recommended.

3.1: FAST START

Fast sart the PCAP 11 Plus asfollows:

1 Set the rear panel INPUT SELECT switch to ANALOG and connect the LEFT and RIGHT
channd line-level audio outputs (AUDIO OUT jacks) of your Source Audio Player to the
LEFT (PRI) and RIGHT (REF) ANALOG INPUTS RCA jacks on the PCAP I Plus externd
processor rear pand as shown in Figure 3-1. Note that the RIGHT (REF) sgnal is only used
in stereo configuration and with the 2CH Adaptive Filter in mono configuration. Alternatively,
for direct digita input of digitd audio materia, the INPUT SELECT switch can be st to
DIGITAL and the digital output of your Source Audio Player can be connected to the INPUT
DIGITAL 1/0 RCA jack.

2. If you wish to record the enhanced audio, connect the line-level audio inputs (AUDIO IN
jacks) of your Enhanced Audio Recorder to the LEFT and RIGHT ANALOG OUTPUTS
RCA jacks on the PCAP Il Plus externd processor rear panel as shown in Figure 3-1.
Alternatively, for direct digital recording of the enhanced audio, connect the OUTPUT
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DIGITAL I/0O RCA jack to the corresponding digita input jack of your digita Enhanced
Audio Recorder.

Connect your stereo headphones to the PHONES jack on the PCAP |1 Plus external processor
front pane as shown in Figure 3-1. Make sure that the MONITOR pushbuttons are set to
OUTPUT, LEFT, and RIGHT (the three buttons are “out, in, and in”, respectively). Turn the
phones VOLUME control to MIN. It is aso recommended that headphones be connected to
the Enhanced Audio Recorder's headphone jack to confirm that the output signd is being
properly recorded.

RS232 I nter connect Analog or Digital | nput

(=1

| Source Audio Player

||
T T m [elelelolele] ’m
- = e
= PCAP I1 Plus D

Analog or Digital Output
Computer Enhanced Audio Recor der

Headphones
Figure 3-1 PCAP Il Plus Connection Diagram

With the ingtallation procedure in Section 2.2: complete, run the PCAP Il Plus Master
Control program by double-clicking on the screen icon. It may require several seconds for the
program to load and initidize the external unit.

With the PCAP |l Plus Master Control Pandl displayed on your PC screen, insert some
recorded audio materia into the Source Audio Player, then pressthe PLAY button.

With the audio now flowing into the PCAP Il Plus, adjust the LEFT and RIGHT INPUT
LEVELS controls on the externa processor front pand until the Input Levels bargraphs on the
PCAP Il Plus Master Control Panel indicate GREEN with occasond peaks in the YELLOW
range. Note that some monaural material may not have audio present on the right channel.

With the phones VOLUME initidly set to MIN, place the stereo headphones on your ears and
dowly adjust the phones VOLUME for comfortable listening.

NOTE: If you wish to listen to the unprocessed anadog audio going into the PCAP Il Plus,
toggle the MONITOR switch on the externa processor to INPUT (button “in”); this does
NOT work for digital input materia. To listen to the PCAP Il Plus output, toggle the
MONITOR switch back to OUTPUT.
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If you wish at this point to discontinue the Fast Start procedure and experiment with the PCAP 11 Plus
Master Control Pandl on your own, please fed free to do so - you will not damage anything. If,
however, you il fed unsure of what to do, please continue the Fast Start procedure as follows:

8. From the PCAP |l Plus Magster Control Panel menu bar, click on File. This will cause the
following pulldown menu to appesar:

| File Sektings Stand-Alone Repaork-Ger
Mesw Filker Configur ation Ur
Save IZIE!tlJI:I F||E' kel
Qpen Sekup File k|40 -
1z

Edit File Descripkion
Edit Warking Folder In
Exit B

T I - I T

Figure 3-2 Fast Start File Pulldown Menu

9. Click on Open Setup File to bring up awindow smilar to Figure 3-3:

M open setup File x|
Look in: Ia PCAP]+ j
-1 Comman Files ~||#] BODYMIKE DAC  [] S04.DAC
(21 ComPlus Applications Factory Defaults.dac ] 505.D4C
=] Conl2000 HUMBUZZDAC  [s] S0GDAC
-3 Del . . PHOME DAC 8] S07.04C
EI{:[ Digital Audio Corporatn:_l RADIOTY. DAL 9 508.0AC
% m;ﬁ'&c . REVERB.DAC ] 509040
IS PLAP | 5014040 =] 510.04C
. FEAEE SO1E.DAC #]511.040
502040 4] 513.0AC
&1 554BR
-] InstalShield Installatior ¥ | {21 503 DAC
4| | 3
File name: IHEVEHB.DAE
Description: [REVEBERATION REDUCTION =]

Figure 3-3 Fast Start Open Setup File Window
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10.

11

The Setup Files box should contain a list of al PCAP Il Plus setup files on your hard disk.
The ingtallation procedure in Section 2.2: should have ingtdled severd setup files which have
the .DAC extension onto your hard disk. Included in these setup files are:

File Description
PHONE.DAC “Landling’ telephone audio enhancement
GSMBUZZ.DAC GSM mobile phone RF interference noise reduction
BODYWIRE.DAC “Body wire’ receiver static noise reduction and voice enhancement
MOTOR.DAC Motor/engine noise reduction
HUMG60HZ.DAC Powerline hum and buzz remova (North America)
HUM50HZ.DAC Powerline hum and buzz remova (adl countries outsde North

America)

JAILCELL.DAC Cancellation of severe room echoes and reverberations (e.g., jail cdl)
RADIOTV.DAC Cancdllation of radio and/or TV audio from live or recorded audio

using areference

These basic setups should be able to improve the voice quaity of most typical law-enforcement
recordings. To begin processing audio with one of these setups, open the desired setup file by
clicking on itsfilename in the Setup Files box, then click on OK.

When the mouse cursor returns to norma, the setup file opening will be complete. Toggle the
MONITOR switch on the externa processor between INPUT and OUTPUT to hear the
difference between the unprocessed input signa and the processed output signa (again, the
MONITOR INPUT sdlection does not function when you are using the DIGITAL input).

Fed free to experiment with the PCAP |1 Plus Master Control Pand settings — the settings |oaded from
the setup file can usudly be twesked by the user to improve the processed result. Remember - you can
aways go back to the origind setup a any time by repeating steps 8-12. Also, any setup you create
can be saved for later reuse by clicking File, then Save Setup File. Or, if you wish to try loading any of
the other basic setup files, sSmply repeat steps 8-11 and select a different file.

Once you become comfortable recaling the basic setup files, you are encouraged to complete the
PCAP I Plus Tutorid in Section 3.2: .
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3.2. PCAPII TUTORIAL

This brief tutorid should dlow the user to quickly learn the basic operation of the PCAP Il Plus
controls. It should require about 1 hour for completion.

NOTE: A subset of the PCAP Il Plus functions are utilized in this tutorial. Refer to Chapter 4. for
detailed information on dl of the PCAP Il Plus functions.

Tutorial Steps:
W FLAP 11 Ples Master Conteol Pasel mlE|
Fie  Seifings Siand-Skre  Appori-Gererston  Heln
Input Limssmdn Corfiquration Genersl FlerSinges Cutpir Lev=is
Leb | SmbamBandeadh Len
i, Hisnber o Doereesi Fiber B -
a Lot B I S S T T
1 I Rhdn - Fikar 1 E
[ - ——
4 [Baciar | [Corba ] i
: EEl .
e Fikur 2 1t
: r L ez L :
= B ackve| [Conlig &
= DAL AT -
- CORPORATION -
- a8
= 3 "
& i ProcessarEnaliked s
| Outpn HFF
[ [ saptEnabisd ] B el b {Braine | [Foria]
L = ikar
E L [ =r— s
. = [ [Bew] [T
| isuslization E=T M T a —||
Limitar |
[Ciacie | (e | MI Equsiizer Siege Commuricaiicn:
= | J Caaffieknt Display Equakzed
e fremsree ] | = |
Lt [nmmmm] e
(@ saen) [E| ") EpmCrumAnafzar [®ace) [consy) FIE;';:E:W

Figure 3-4 Tutorial Master Control Panel

1 With the ingtdlation procedure in Section 2.2: completed, run the PCAP Il Plus Master
Control program by clicking from the Windows Start menu on Start->Programs->PCAP I
Plus>PCAP Il Plus. A window smilar to Figure 3-4 Tutorial Master Control Panel will
apped’

Thisisthe Master Control Pand, from which all features can be accessed. The Master Control

Panel is organized logicaly from left to right, with audio input controls at the far left, digital
processing controls in the middle, and audio output controls at the far right.
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10.

Use the mouse* to set the Input HPF, Limiter, Output HPF, AGC, System Bandwidth,
Input Mode, Number of General Filter Stages, Adapt Enabled, and Processor Enabled
buttons as they are shown in Figure 3-4. Do not set up the Filter blocks and Equaizer blocks
a thistime.

Connect the LEFT and RIGHT outputs (AUDIO OUT jacks) of the audio player to the LEFT
and RIGHT ANALOG INPUTS jacks on the PCAP 11 Plus externa processor; make sure that
the INPUT SELECT switchisset to ANALOG. Insert the PCAP 11 Plus Training CD and set
to thefirst track.

Connect a pair of stereo headphones to the PHONES jack on the PCAP Il Plus externa
processor.  Switch the MONITOR switches to INPUT/LEFT/RIGHT and adjust the
headphone LEVEL control to MIN. Mono headphones should not be used as possble damage
to the headphone amplifier could occur.

Play the demongtration audio CD. Adjust the INPUT LEVELS controls on the PCAP Il Plus
externa processor 0 that the peak audio level, as measured by the bargraphs on the Master
Control Pandl, is approximately -6 dB.

NOTE: The audio needs to be playing throughout this tutorid. If you reach the end of the
audio before completing the tutorid, please restart it (some CD players dlow a track to be
continually repested.)

With the demonstration audio CD playing, dowly increase the headphone VOLUME until
audio can be clearly heard in the left ear (no Sgnd in the right ear).

Click on the Active button in both the Filter 1 block and the Filter 2 block until both buttons
indicate that the filter is out (bypassed, RED LED unlit).

Click on the Active button in the Equaizer block until the button indicates equdizer is out
(bypassed, RED LED unlit).

Switch the MONITOR switches on the PCAP Il Plus external processor to
OUTPUT/LEFT/RIGHT. Readjust the headphone VOLUME if necessary.

Switch the Input HPF in and out by clicking on the Active button in the Input HPF block.
Y ou should hear the low frequency effects of this control. Restore the Active button such that
the Input HPF isin.

* Fast keys are also available for buttons having an underlined letter. Pressing <Alt> in combination with the
letter causes that button to toggle, e.g. pressing <Alt-P> toggles the Processor Enabled button in our out.
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11

12.

13.

14.

15.

16.

Switch the Output HPF in and out by clicking on the Active button in the Output HPF block.
You should hear the low frequency effects of this control. Restore the button such that the
Output HPF isin.

Click on the Config button in the Limiter block to activate the Limiter Setup Window. The
following window (Figure 3-5) will appesar:

£
-Release Time—— ~Threshold -
i 0125 seconds i -G6dB
i+ 0,250 seconds i+ EldB
i 0500 seconds i 12dB
i 1.0 seconds i -15dB
0 Active

Figure 3-5 Tutorial Limiter Setup Window

When the limiter is active, red markers will gppear in the Input Leve bargraphs on the Master
Control Pandl. These markersindicate the limiter threshold setting.

Use the mouse to st the Release Time to 0.250 seconds and the Threshold to -9dB, as shown
in Figure 3-5. Click on OK when done*.

Adjust the headphone VOLUME control to MIN. Increase both INPUT LEVELS controls
fully clockwise to the MAX pogtion. This should cause the PCAP 1l Plus audio inputs to
overload (this will not damage the unit but will distort the audio). The tricolor level LED
should indicate RED on pesks, and the Left bargraph in the Input Levels block should be
frequently popping up into the RED zone, indicating overload.

Slowly increase the headphone VOLUME until distorted audio can be clearly heard.

Switch the Limiter In and Out by clicking on the Active button in the Limiter block. You
should notice the indicated bargraph levels decrease to -9dB and the audio quality (as heard
through the headphones) dramatically improve whenever the Limiter block Active button is it
RED. The input limiter is dectronicaly lowering the INPUT LEVELS to avoid overload.

*If you try to click anywhere on the Master Control Panel while a control window (such as the Limiter Setup
window) is displayed, a warning beep will sound, indicating that you need to first close the control window by
clicking the OK button.
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17.

18.

19.

20.

Restore the Active button to the out position (LED unlit) and restore the INPUT LEVELS
controlsto normal levdl.

Click on the AGC Setup button in the Output Levels block. The following window (Figure
3-6) will appear:

AGC Config ) A

kaximurm Gain

~-Release Time
™ B0 milizeconds " EdB " 2548
100 milizzcands 1048 3048
= 200 millizeconds " 16dB " 35dB
400 miliseconds {2048

Figure 3-6 Tutorial AGC Setup Window

Use the mouse to set the Release Time to 200 milliseconds and the Maximum Gain to 20dB, as
shown in Figure 3-6. Click on OK when done.

Reduce the INPUT LEVEL until the Output Level Bargraphs indicate a pesk signa level of
goproximeately -36dB.

Switch the AGC in and out by clicking on the Active button in the AGC Block. You should
notice the output level bargraphs dowly increase to gpproximately -18dB indicated level and
the audio level as heard through the headphones dramatically increase whenever the button
indicates that the AGC isin. The AGC attempts to make the Output Level congtant and is
useful in near party/far party Stuations. Restore the Active button to the AGC is out, and
restorethe INPUT LEVELS controlsto norma level.

Click the filter selection box within the Filter 1 block. A drop-down window smilar to the one
in Figure 3-7 will appear below the sdector. Use the mouse to click on 1-Channe
Adaptive. The Filter 1 block should now indicate that the sdected mode is 1-Channd
Adaptive.
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Filter 1
1-Ch Dodaptive
1-Ch Leaptive
Lompazs
Highpass
Bandpazs
Bandztop
Carnb

Motizh

hiuttiple Motch

Figure 3-7 Tutoria Filter Selection Window
21. Click on the Sdlect button in the Filter 2 block and select L owpass.

22. Click on the Control button in the Filter 1 block. Thewindow in Figure 3-8 will appear:

x
— Conditional Adaptation ~ Prediction Span——————— ~AdaptRate—————
Threshold — Input [z SR
Fileh il sape A0 |dB B [ S.E'Tnples Rl
. millisecords —-—
% Always a
" 1f Input » Threshold r £ -
" If Input ¢ Threshold “12 i~ Filter Size (1024 taps max] — Proceszor Output
" 1f Mommal Output 3 Threshold 2 IT taps * Marmal " Rejected
£ If Normal Dutput < Theshold a0 [ 1778 rillissconds
— Adapting -4 '-
| o"

e’

[ @ Fiteractive ] [ oK

Figure 3-8 Tutorial 1-Channel Adaptive Filter Control Window

This is the 1-Channel Adaptive Filter Control Window. It is used to select Filter Size, Adapt
Rate, and Prediction Span. It dso permits configuration of the filter for Conditional
Adaptation.

23. Use the mouse to set all controls to match the settings shown in Figure 3-8*. Do not click on
the OK button at thistime.

24, Listen to the filter OUTPUT through your headphones. Note the effect on the sgnd as the
Filter Active button istoggled between thein state (LED islit RED) and the out state (LED is

*Scroll bars are used throughout the PCAP |1 to adjust various filter parameters. Drag the scroll box "slider" or
click within the scroll bar to make coarse adjustments. Click on the scroll arrows on either end of the scroll bar to
make fine adjustments. The text boxes also alow precise entry of values.
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25.

26.

27.

28.

29.

3L

32.

unlit). You should notice a reduction in background noise whenever the filter isin. Press the
Clear button to cause Filter 1 to readapt to theinput sgndl.

Restore the Filter Active button to the out state (LED unlit) and click on OK to exit the 1-
Channd Adaptive Filter Control Window.

Click on the Control button in the Filter 2 block. The window in Figure 3-9 will appear:

£ Lowpass (Filter 2) x|
— Cutoff Frequency——————— Stopband Attenuation
I 2800 Hz I B0 dB
= Tranzition Slope
13650 dB/Octave A —————
| @ Fiteractive } [ ok ]

Figure 3-9 Tutorial Lowpass Filter Control Window

This is the Lowpass Filter Control Window. It is used to sdlect Cutoff Frequency, Stopband
Attenuation, and Trangition Sope.

Use the mouse to set adl controls to match the settings shown in Figure 3-9. Do not click on
the OK button at thistime.

Listen to the filter OUTPUT through your headphones. Note the effect on the sgnd as the
Filter Active button is toggled in and out. You should notice a dramatic reduction in high-
frequency sound whenever the button indicates that the filter is in. Try adjusting the Cutoff
Frequency control to various settings; as the Cutoff Fregquency is increased, you should hear
high-frequency sounds increase, and as Cutoff Frequency is reduced, high-frequency sounds
will be reduced.

Click on OK to exit the Lowpass Filter Control Window.

Click on the Active button in the Filter 2 block of the Master Control Pand until it indicates
that the filter is out.

Click on the Active button in the Equalizer Block until it indicates that the Equalizer isin.

Click on the Equdizer selection box in the Equalizer Block. The window in Figure 3-10 will
apped’.
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Equalizer
20-Band Graphic
20-Band Graphic
Spectral Graphic
[ual Paramettic
CompressarExpander

|

Figure 3-10 Tutorial Equalizer Selection Window

Use the mouse to click on the 20-Band Graphic. The Equdizer block should now indicate
that the selected modeis 20-Band Graphic.

Click on the Controal button in the Equalizer block. Thewindow in Figure 3-11 will appesr.

This is the 20-Band Graphic Equalizer Control Window. The twenty vertical scroll bars, or
"diders’, are used to set the equalizer attenuation for each of the 20 frequency bands.

=]
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HEI 300 500 MO M 1K I I WK 1% 2 AFK XK XEK GHC O 480 12K LIE TAK —

Fiequency %
[ Link Fraguercy Sldess " ELQ Active o l

Figure 3-11 Tutorial 20-Band Graphic Equalizer Control Window

Use the mouse to et dl didersto match the settings shown in Figure 3-11.

Click on the Store button to bring up the Store 20-Band Graphic Equalizer window as in
Figure 3-12.
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36.

37.

39.

JiStore 20-Band Graphic Filter B x|

Laakir: =3 PCAP Il Plus =

=] Digital Audio Corporatic |
(2] JPF2

(21 JFF3

{21 MCAP

-] MicreDaC
(2] MiniDAC

{21 PCaP I

{7 PCAP Il Java

45 FCAP || Plus

(] PCAPVS

- PicoDAC Configurs »
4| | k -
File: narme:  |Hisfe] S

Individual filker saved settings are available to all filker stages and are configuration [ dac''] file independent.

Figure 3-12 Tutorial Store 20-Band Graphic Equalizer Window

Enter a the filename “Testl.tbg” (the OK button will be endbled when a valid filename is
entered). (We will recdl these settings later.) Once you have clicked the OK button, the
system will automatically return to the 20-Band Graphic Equalizer control window.

While ligening to the OUTPUT audio with the headphones, adjust the diders and listen to how
each affects the sound. (Remember, you can drag the box, click in the bar, or click on the end
arrows. Also note that the gain vaue is displayed above each bar.) Observe the effect on the
sgnd asthe Active button is toggled between having the equdizer in and out. Also, note that
whenever a dider is adjusted, the filter will automatically be switched in (Active button
illuminated).

Click on the Reduce All 1dB button a few times and see how dl the diders move down
together 1dB at atime. (This enables you to increase the gain of adider previoudy a 0 dB.)
Click on the Normalize button and see how dl the diders will instantly move up together so
that the highest dider is exactly OdB. (Once the equdizer is adjusted, it should be normalized
to minimize Sgnd 10ss.)

Click on the Zero All button to ingtantly set dl the diders to the OdB position. The origina
dider settings would now be lost had we not previoudy stored them in step 36.
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40. Click on the Recall button to bring up the Recall 20-Band Graphic Equalizer window. The
window in Figure 3-13 will appear.

e ol 20-Band Graphic Filber |

Leck v {3 FCAP 1l Flus

2| Diglal Audo Coporats = | |l iR
1 IFF2
1 IFF3
O Micowc v
0 MiriDAL
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{=y PLEP 1T Pl
] PL&PYE

_ Frolar ij;l
1I r k
Pl e [Tesrl b [or) [coren)

Inchwidal b s2tnd settinge: aie avalable o all lhes slapes: ard ascofigaalon [ dac'] e rdamerdent

Figure 3-13 Tutoria Recall 20-Band Graphic Equalizer Window

41. Sdect the file “Testl.tbg” that was saved in Step 36 to recdl the dider settings previoudy
stored. Once you have clicked this button, the system will automatically return to the 20-Band
Graphic Equalizer control window and the stored dider settings will be restored’.

42. Click on OK to exit the 20-Band Equalizer Control Window.

43. Click on the Spectrum Analyzer button. This will cause the Spectrum Andyzer window
(Figure 3-14) to appear as follows: (The actual spectra display will depend upon the audio
being processed.)

Use the mouse to set up al controls as they appear in Figure 3-14. Make sure that the L eft In
selection is chosen in the Trace 1 Signal select box, that the Line Output selectionischosenin
the Trace 2 signdl select box, and both Show Trace boxes are checked.

" Any time afilter setting is stored, a file named “Previous Filter Settingsitbg” is created. If after recalling the settings,
you wanted to return to the original settings, you can reload thisfile.
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460-line Spectrum Analyzer
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46.

Figure 3-14 Tutorial Spectrum Analyzer Window

Try adjusting the Number of Averages control using the + and - buttons in the Averager
block. Notethat asthe Number of Averages parameter isincreased, the spectrum traces react
more dowly and smoothly to the input signal. Return the Number of Aver ages setting to 8.

Click on the Run button in the Averager block until GREEN LED is no illuminated. You
should see the spectrum waveform stop updating.* Click on the Clear button in the Averager
block; both spectrum waveforms should now be cleared completely away. Restore the Run
button to the active state to alow the spectrum waveform to resume responding to the input
sgnd.

Click the mouse anywhere on the spectra waveforms to move the vertica red marker to that
point. A readout of frequency (Frequency:) and magnitude (Magnitude:) of Trace land Trace
2 will beindicated beow the display grid. Use the text entry box by the  Frequency:” indicator
to more precisdly control the marker.

*The spectral analysis freezes immediately; however, the display will briefly continue to update as remaining data
isread from the PCAP |1 Plus external processor.
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47

49,

51.

52.

Click the Find Peak button to automaticadly move the marker to the largest magnitude
displayed. Adjust the Gain controls for both Trace 1 and Trace 2 and note how the indicated
magnitude for each trace isincreased as gain isincreased.

Set the Gain controls for the Yelow Trace to 40dB and the Blue Trace to 0dB. While the
demo audio CD is playing, notice how the word Gain changesto OVL* (display overload) for
Trace 1 and how the magnitude (Magnitude) indication for the Trace 1 changes color from
yellow to red whenever strong peaks occur. Reduce the Gain to avoid overload distortion of

the spectrd display.
Return both Gain controlsto OdB.

Click outside the Spectrum Anayzer window on the Master Control Panel window to bring up
that window, leaving the spectrum analyzer active. Do not close the Spectrum Analyzer
window. Make sure that the two HPFs, Limiter, AGC, Filters, and Equdizer are dl switched
OUT. Click onthe Filter 2 Config button to bring up the Lowpass filter control window.

Notice how the Master Control Pandl will disappear while the Lowpas Configuration Window
and Spectrum Anayzer windows are displayed on the same screen.  Click the Filter Active
button in the Lowpass window until it indicates that the filter isin. Trace 1 now displays the
ggna going into the Lowpass filter, while Trace 2 displays the signal coming out of the
Lowpass filter. Adjust any of the Lowpass filter controls, noting the effect on the Trace 2°.

Click onthe OK button in the Lowpass window to return to the Master Control Pandl.

Note Coefficient Digplay and Spectrum Analyzer buttons on the Master Control Panel
alows the user to access ether the Coefficient Digplay or the Spectrum Andyzer display, but
not both at the sametime. Click on Spectrum Analyzer to return to the Spectrum Anayzer
window if it isnot dready visble.

Now turn off the Spectrum Anayzer by clicking on the Close button in the Spectrum Anayzer
window. The system will now return to the Master Control Pandl.

! The GAIN affects the display only, enabling weaker signals to be seen; an OVL indication will not distort the
processed audio.

2 The Spectrum Analyzer functions may be adjusted by moving the mouse cursor to that window. However, the
Spectrum Analyzer window may not by closed at thistime.
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55.  Accessthe Save Setup File feature by clicking on File in the menu bar. The pulldown menu in
Figure 3-15 will appesar.

@PEAP II Plus Master Control Panel

File Settings Stand-Alone  Report-Gener:

ew Filker Configuration

Save Setup File

Qpen Setup File

Chrl+0

Edit File Description
Edit Working Folder

Exit

- Wl

Figure 3-15 Tutoria File Pulldown Menu

56. Click on Save Setup File to bring up the Save Setup File window as shown in Figure 3-16.

For now, do not change the Look In or Folder Selection settings; just keep in mind that you
could change these settings to allow setup files to be stored to any directory of any drive. This
window will initidize the folder and drive to whatever was set in the Edit Working Folder

Window.
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Figure 3-16 Tutoria Save Setup File Window

57.  Click your mouse cursor on the Description text box. Using your keyboard type in “My First
Setup”. See Figure 3-17.

58. Now click your mouse cursor on the File Name text box. Usethe left arrow key to move the
cursor to just before the .DAC extension, then type “mysetup”. These entries should appear as
inFigure 3-17.
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59.

61.

62.
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Figure 3-17 Tutorial Store in File Name Text Box

Click on OK to store your first setup file and return to the Master Control Pandl.

Click on File to access the File Pulldown Menu as in step 56. Click on Open Setup File to
bring up the Open Setup File window smilar to Figure 3-3, but with mysetup.dac added to
thefileslist.

For now, do not change the path settings, just keep in mind that you could change these
settings to alow setup files to be recdled from any folder of any drive.

Click on each file liged in the file list box on the right of the window. Notice how the
Description for each appears at the bottom of the window as each is clicked.

Click on PHONE.DAC, then click on OK to open the recommended settings for processing
telephone audio. If you do not have a printer installed on your computer, skip now to step 65.

Access the hardcopy report generator by clicking on Report Generator in the menu bar. The
pulldown menu shown in Figure 3-18 will appear.

Make sure your printer is ready, then click on Print Report to Printer. A report listing dl
screen settings for the telephone filter setup will be printed (you will be prompted to sdlect the
printer to which to print to as well as whether or not to make the report single or double-

spaced.)
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65.  Open your origind filter settings by repeating steps 60 and 61 to bring up the Open Setup File
window. Next, click on mysetup.dac in the list box, then click on OK to return to the Master
Control Pandl.

Repaort-Generator  Help

Print Report To Prinkter
Print Report Ta File
fppend Repork To File

How Ta Prink Screens
|

Figure 3-18 Tutorial Report Generator Pulldown Menu

This completes the PCAP 1 Plus Tutorid. Please fed free at this point to experiment with the on-
screen filter settings. Remember you can aways recall filter settings that will likely work using the
Open Setup File feature. To exit the Master Control Panel, either double click on the - (minus) button
at the upper left corner of the window, or click on the File menu bar option, then click on Exit.

Please refer to Chapter 4: for more detailed instructions on using the windows in the Master Control
program.
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3.3: TRAINING CD RECORDINGS

The PCAP 1 Plus Training CD supplied with the PCAP Il Plusisauseful training tool. Each of its 13
noise sample recordings is accompanied by a several suggested setup files (“.dac” files), ingalled on
your computer along with the other software by the instalation procedure.

Table 3.1 summarizes the contents of the training CD. The SETUP column contains the name of the
setup files ingdled on the disk as part of the software installation procedure (Section 2.2: ). To access
a satup file, click on File in the Master Control menu bar (or press <Alt-F>). Next, click on Open
Setup File (or press <Alt-O>). The available setup files should then gppear in the Setup Files box;
setup files have the extension “.dac” . If the needed setup file is not displayed hen attempting to open a
setup file, the path information may require changing. Refer to Section 4.10.2: for additiond detalls.

According to Table 3.1, the first setup file “Training CD Track 3 Solution A.dac” is the suggested
setup file for Track 3 (voice plus swept tones). In al cases the name of the proper setup file for a
particular training track is Training CD Track X Solution Y.dac, where X is the track number and Y'is
the solution letter. Usudly solutions“A” are the most smple solution, providing basic noise remova.
Solution “B” is the more advanced noise solutions involving severd filters to further improve the
intdligibility of the speech. For more information about each solution file, view the Description from
within the Open Setup File window as each file is sdected. You may dso use the Edit File
Description option from within the File Menu.

The mgority of tracks on the Training CD are real world examples chosen to demonsirate both the
processing power of the PCAP Il Plus as wdl as to show how difficult some noise problems can be.
The inteligibility of a few of the more difficult tracks may be very low, even after enhancement.
Remember, too, that the god of forensic audio enhancement is inteligibility, not audio “qudity”. The
am is to understand what is said, not to make the tracks sound like they were recorded in a studio
environment.

All recordings except Track 13 are monophonic, i.e., the left and right channels have the same audio.
The 13th recording is a Reference Cancdller filtering example and has the primary microphone audio
on the left channel and the TV reference audio on the right channd. Make sure to have the reference
audio (right channel) dightly louder than the primary microphone audio for best results.

Playback the CD on a standard CD player connecting its Left and Right Line Outputs to the PCAP I1
Plus LEFT and RIGHT ANALOG MAIN INPUTS, respectively. As each track is played, open the
suggested setup file. Try varying individual control parameters to observe overdl processing effects.

Have fun!
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Track

Time

Noise Description

Setup

Comments

02:30

500 Hz tone

Training CD Track 1 Solution A.dac

Training CD Track 1 Solution B.dac

Adjust Notch Freq to null tone

Single tone requires small filter size

02:20

400 Hz and 1100 Hz
tones

Training CD Track 2 Solution A.dac

Training CD Track 2 Solution B.dac

Adjust Notch Freq to null tones with
notch filter(s)
Compare adaptive and notch filters

01:11

Swept tones

Training CD Track 3 Solution A.dac

Training CD Track 3 Solution B.dac

Adjust Prediction Span and Adapt
Rate comparing effects
Compare use of ASIF to balance audio

02:21

High frequency hiss

Training CD Track 4 Solution A.dac
Training CD Track 4 Solution B.dac

Adjust LPF cutoff and attenuation
Compare with addition of Adaptive and
SIF to improve quality

00:44

Radio interference

Training CD Track 5 Solution A.dac

Training CD Track 5 Solution B.dac

Combined use of small and large
adaptive filters, small for tones, large
for reverb

Added Noise Reducer

01:14

A.C. hum

Training CD Track 6 Solution A.dac

Training CD Track 6 Solution B.dac

Hi Res Graphic restores high
frequencies. Adjust Comb Frequency
to minimize 60 Hz hum

Compare addition of SIF

02:40

Telephone A.C.
hum

Training CD Track 7 Solution A.dac

Training CD Track 7 Solution B.dac

Adjust Comb Freguency to minimize
60 Hz hum

ASIF added to make audio sound more
natural

02:24

Acoustic resonances

Training CD Track 8 Solution A.dac

Training CD Track 8 Solution B.dac

SIF and Adaptive use to remove
resonances
ASIF used instead of SIF

02:34

Jail Cell

Training CD Track 9 Solution A.dac
Training CD Track 9 Solution B.dac

Hi Res Graphic restores high
frequencies

Adaptive filters used to attack
resonances

10

01:11

Body transmitter

Training CD Track 10 Solution A.dac

Training CD Track 10 Solution B.dac

Hi Res, SIF, and Adaptive used to
reduce reverb
Adaptive used first

11

02:26

Bar music

Training CD Track 11 Solution A.dac

Training CD Track 11 Solution B.dac

Filter cannot separate voices (spoken or
sung) but does reduce muffling
Compressor/Expander used in
conjunction with ASIF

12

02:10

Interview and
argument

Training CD Track 12 Solution A.dac

Very muffled audio with rumble noises,
adaptive filters and NoiseEQ used to
reduce

13

04:52

Radio/TV

Training CD Track 13 Solution A.dac

Training CD Track 13 Solution B.dac

Ref Canceller adaptive filtering
followed by Adaptive to reduce reverb
Addition of Lowpass and ASIF to
reduce high frequency music noises

Table 3.1 PCAP Il Plus Training CD Summary
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4: PCAP Il PLUS SOFTWARE REFERENCE MANUAL

This portion of the user's manua is designed as a reference guide to which the user may refer for
more detailed information regarding the PCAP Il Plus Master Control program graphical user
interface (GUI). It is assumed in this section that the user has a good working knowledge of
Microsoft Windows, has properly installed the PCAP Il Plus hardware and software using the
installation instructions in Section 2.2: , and has either completed the Tutoria in section 3.2: or
attended the “DAC School” training course. Please contact DAC if you would like to schedule
participation in the next available DAC School session.
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Figure 4-1 PCAP Il Plus Master Control Panel
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4.1: MASTER CONTROL PANEL

When the PCAP Il Plus Master Control program is run from Microsoft Windows, the Master Control
Pandl appears. The Master Control Panel features are shownin
Figure 4-1.

From this screen, dl audio processng capabilities can be accessed. The Master Control Pand is
organized logicaly from left to right, with audio input controls at the far Ieft, digital signa processing
controls in the middle, and audio output controls at the far right. Master Control functions are as
follows:

Title Bar Used to “drag” the Master Control window to the desired area of
the display. Also indicates the filename for any .DAC sstup file
currently in use; see Section 4.10: for further details on filter setup
files

Menu Bar Used to access the Master Control pulldown menus that alow
saving and opening of filter setups from disk files, configuring
RS232 communication with the externa processor, storing filter
setups in nonvolatile memories inside the externa processor for
Stand-Alone operation, generating hardcopy setup reports, and
getting online help. See Section 4.10: for further details on these
features.

Input Levels Box Used to view input signa levels via bargraph display, adjust
input levels via dider controls if desired, Configure the Input
HPF stage and toggle its Active status, and Configure the
input Limiter stage and toggle its Active status. Also, in the
case where the DIGITAL input is used, the status of the
channel swapping feature is indicated just above the bargraphs;
see Section 4.10: for further details on these features.

Configuration Used to select the System Bandwidth for the external processor
Box* which most closdy matches that of the input sgnas (physicdly
adjusts the processng sampling rate of the PCAP Il Plus). For
speech processing applications, settings of 3.2kHz to 6.5kHz work
best. For wider bandwidth applications, 8.0kHz to 16kHz is
recommended. Also, alows specifying the Input Mode, Mono
alows the user to enhance asingle input signal (Left channd only)
with as many as 12 successive stages of signa processing. Ster eo,
Linked dlows the user to process two input sgnals

* Changing any of these settings will automatically clear all Ref Canceller, 1CH Adaptive, Noise Reducer,
NoiseEQ, Multiple Notch, Multiple Slot, Spectral Inverse, and Hi-Res Graphic Filters.
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Generd Filter
Stages Box

Output Levels Box

Minimize Button

Exit Button

Visudization Box

Processor Enabled
Button

dmultaneoudy with as many as nine dages of digitd sgnd
processing; each stage is identicd for both the Left and Right
channels. Stereo, Independent is the same as Stereo, Linked,
except that the processing stages may be setup and controlled
independently for the Left and Right channels.

Selects the number of Generd Filter Stages that are to be used.
Between 1 and 6 of these stages are available, depending upon the
gpecified System Bandwidth and Input Mode. For each Generd
Filter Stage, any of 17 different types of filters can be sdected
usng the drop-down menu; aso, dedicated Master Control
buttons for each stage alow the user to toggle the Active status
(filter is active when the LED illuminated RED, inactive when not
illuminated) and open specid didogs that Configure the detailed
filtering parameters. For adaptive filter sdections (1-Channd
Adaptive and Ref Canceller), additiona buttons allow the user to
toggle the Adapt Satus (adaptation is enabled when the LED
illuminated GREEN, inactive when not illuminated) and Clear the
adaptive filter solution from memory. See Section 4.4: for detailed
descriptions of the individud filter controls.

Used to view output signal levels via bargraph displays, Configure
the Output HPF stage and toggle its Active status, and Configure
the AGC stage and toggle its Active status. See Section 4.2.1:
for further details on the Output HPF and AGC stages.

Standard Windows control, alows the Master Control screen to
be hidden while till running. To make the screen viewable again,
amply click the PCAP Il Plus icon on the Windows Task Bar,
which isnormdly at the bottom of the Windows desktop.

Standard Windows control, alows the Master Control program to
be terminated; alternatively, the user can utilize the Menu Bar and
cick on File, then Exit, or type <Alt-F4> using the keyboard.
After termination, the PCAP Il Plus External Processor will
automaticaly switch back to STAND ALONE operation after 10
seconds.

Allows user to activate ether the built-in Coefficient Display (see
Section 4.9: for more details) or the built-in Spectrum Andyzer
(see Section 4.8.2: for more details).

Toggle control used to specify whether the origina input sgnals

(LED not illuminated) or the processed sgnds (LED illuminated
RED) are routed to the ANALOG and DIGITAL outputs.
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Adapt Enabled
Button

Clear All Button

Broadband Filter
Stage Box

Equdizer Stage
Box

Communications
Box

Toggle control used either to freeze dl adaptive filters (LED not
illuminated) or to alow non-frozen filters (as specified by the
Adapt button for each Filter) to adapt (LED illuminated
GREEN).

Clears the filter coefficient solutions of any adaptive filters
sected. If no adaptive filters are present, then the Clear All
button has no effect.

NOTE: To individudly clear any adaptive filter without disturbing
other adaptive filters, click on its individuad associated Clear
button.

Used to control the Broadband Filter Stage. In Mono and Stereo,
Linked Input Modes, one Filter block will be displayed. In Stereo,
Independent Input Mode, separate Filter blocks will be displayed
for the Left and Right channdls. Sdlect the type of broadband filter
to be implemented using the drop-down menu (See Section 4.3.3:
for more details). Setup the selected filter's parameters using the
Config button to view the control screen for that filter (See
Section 4.5: for further details). Switch each filter stage In or Out
of the process using the Active button.

Used to control the equalizer stages. In Mono and Stereo, Linked
Input Modes, one equdizer block will be displayed. In Stereo,
Independent Input Mode, separate equaizer blocks will be
displayed for the Left and Right channds. Sdlect the type of
equdizer to be implemented using the drop-down menu (See
Section 4.3.3: for more details). Setup the selected equaizer's
parameters using the Config button to view the control screen for
that equaizer (See Section 4.5: for further details). Switch each
equdizer stage In or Out of the process using the Active button.

Indicates the status of the RS232 communications between the
Master Control software and the Externad Processor. Normally
should indicate “Connected COM 1", “115200 Baud” if everything
OK; if the word “Closed” appears in the box, troubleshoot the
connection as described in Sections 6.1: and 6.2: .



4.2: INPUT AND OUTPUT PROCESSORS

4.2.1: Input Level Measurement/Adjustment

Application:

It iscritical that the input sgnals coming into the PCAP 11 Plus be adjusted in level such that
the Input Levels bargraphs on the Master Control screen are maximized in intensity without
indicating an overload condition (display fully pegged in the RED zone). Therefore, the Input
Levels controls are provided.

There are two ways that the user can adjust the levels of the Left and Right input signals: 1)
knob control via the external processor front panel, and 2) software dider control via the
Master Control screen. Note that in the STAND-ALONE processing mode, only the knob
control isavailable.

Sdlection of the level control method is accomplished in the Settings menu as shown in Figure 4-2.
When “Enable Software Input Level Controls’ is checked, the diders located under the Input Levels
bargraphs on the Master Control screen are used; moving the diders up and down increase and
decrease, respectively, the input audio levels, and the “0” buttons are used to ingtantly set the levels
precisely to the OdB point (especidly useful when the DIGITAL input is used and it is desirable not to
change the audio level during the processing). Otherwisg, if unchecked the INPUT LEVELS knobs on
the external processor are used; rotating the knobs clockwise and counterclockwise increases and
decreases the levels, respectively.

E!M Stand-Alone  Report-Generator  E

Connect to PCAP 1T Plus

Connect Settings s

v Enable Software Input Level Controls
Swap Digital Input Channels

Enable Calibration Mode
_— o L S e

Figure 4-2: Software Input Level Control Enabling

Indication of the input audio levels is smilarly accomplished via both the Master Control software
screen and the external processor front panel. Interpretation of the Master Control bargraphs is
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illusrated in Figure 4-3; interpretation of the external processor front pand “tricolor” LEDSs is
illugtrated in Figure 4-4.
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Figure 4-3: Master Control Bargraph Interpretation

MPUT LEVELS MPUT LEVELE MPUT LEVELS
QA O Q= @O QXA O
" N WAX LM PAK N WAX " N WAX

LEFT LOWY, RIGHT LEFT LOW, RIGHT BOTH G000 (IDEALY
MEAR OVERLOAD OVERLOADING

Figure 4-4: Tricolor LED Interpretation
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4.2.2: Digital Input Channel Swapping

Application:

Particularly on occasions where a digital audio tape recorder (DAT) is used to record
“Primary” (e.g., microphone) audio and “ Reference” (e.g., TV) audio simultaneously
onto the same tape, it is possible that the channels may be swapped; e.g., the Primary
audio may be recorded onto the Right audio channel and the Reference audio recorded
on the Left audio channel. If this has occurred, then when inputting the audio digitally to
the PCAP Il Plus, the Ref Canceller filter would normally not be able to provide
cancellation of the Reference audio, as it would be on the wrong channel.

Traditionally, it has been necessary to first convert such recorded signals to analog and
then swap the cables going into the analog inputs; now, however, the new Channel Swvap
feature allows the channels to be swapped digitally without having to convert to analog,
thereby improving the results of the Ref Canceller processing.

The Channel Swap feature is accessed via the Settings menu as shown in Figure 4-5. When
checked, “Swap Digital Input Channels’ causes the Left and Right audio channels of the
DIGITAL input to be transposed (Left -> Right, Right -> Left).

NOTE: thisONLY affectsthe DIGITAL input, not the ANALOG INPUTS.

E!@ Stand-Alone  Report-Generator  +

1 Connect to PCAP I Plus
L ; ;

Connect Settings 4

v Enable Software Input Level Controls

Swap Digital Input Channels

Enable Calibration Mode
= P _—

Figure 4-5: Channel Swap Feature Selection

When the Channel Swap feature is activated, the Input Levels section of the Master Control
screen will appear as shown in Figure 4-6.
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Figure 4-6: Channel Swap Feature Indication

4.2.3. Input and Output Highpass Filters (HPFs)

Application:

The Input HPFs are used to remove rumble or other low-frequency noises which occur below
100 Hz to 500 Hz (adjustable) from the input signals before they enter the digital processors.
Snce very little speech information is lost in bandlimiting below these frequencies, this filter
is recommended for voice enhancement. However, for wide bandwidth and hifi sgnals, the
low-frequency cutoff may result in some loss of desired signal components.

The Output HPFs function the same as the Input HPFs, except that they remove low-
frequency noise after the input signal has passed through the digital processors. (Sgnal
processing may restore some of the low-frequency energy.)
Clicking on the Active button within the Input HPF block will cause its RED LED to toggle between
illuminated and not illuminated as shown in Figure 4-7; this indicates whether the Input HPFs are in

(RED) or out (GRAY) of the process. Similarly, clicking on the Active button within the Output
HPF block will toggle the Output HPFs in and out of the process.

0 Active ) Active

Figure 4-7 Input/Output HPF Active Button
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For fast access* to the Input and Output HPFS, pressing <Alt-1> or <Alt-O> may aso be used to
toggle the Input or Output HPFs, respectively, in or out of the process.

Adjustment of the Input HPF cutoff frequency is accomplished by clicking on the Input HPF Config
button. When this button is pressed, the window shown in Figure 4-8 appears.

Input HPF Config k|

Cutoff Freguency

200 Hz

[@Acive] [ oK )

Figure 4-8 Input HPF Config Window

Specify the cutoff frequency in 10 Hz increments using the dider control. Minimum cutoff frequency is
100 Hz, while the maximum cutoff frequency is 500 Hz. Similarly, the Output HPF cutoff frequency
can be adjusted by clicking on the Output HPF Config button to bring up the Output HPF Config
Window (identical to the Input HPF Setup Window shown in Figure 4-8).

NOTE: Both the Input HPF and Output HPF Active buttons are overridden by the Processor
Enabled button. When the Processor Enabled LED is not illuminated, both the Input HPF and the
Output stages HPF will be bypassed, regardless of their buttons status.

*Fast access keys use the Alternate key and the underlined letter simultaneously.
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4.2.4: Digitally-Controlled Limiter

Application:

The dual-channd input Limiter automatically protects the input circuits from overload
distortion by reducing input signal levels whenever loud sounds, such as door dams, exceed a
specified Threshold. When the overload goes away, the Limiter returns the input signal levels
to their original settings over the specified Release Timeinterval. If no loud sounds exceed the
specified Threshold, the Limiter will not affect the input signals. In Stereo Input Modes, the
two inputs may be linked, allowing an overload on any input channel to reduce the gain
equally on all inputs, which minimizes the impact on signal processing and maintains proper
stereo perspective.

Clicking on the Active Button within the Limiter block will cause the RED LED to toggle on and off
asshown in Figure 4-9, indicating whether the Limiter isin (RED) or out (GRAY) of the process.

0 Active () Active

Figure 4-9 Limiter Active Button

For fast access to the Limiter, pressing <Alt-L> may also be used to toggle the Limiter in or out of the
process.

NOTE: TheLimiter Active Button is never overridden by the Processor Enabled button.

The Limiter Config button is used to view the dialog that adjusts the Limiter control settings. When
this button is pressed, the window shown in Figure 4-10 gppears.

Thiswindow allows the user to adjust the Release Time, Threshold, and Link settings of the Limiter.

Release Time specifies how quickly input signd levels will return to norma after an overload condition
goes away; the shorter the Release Time, the more quickly the levelswill return to norma. The Release
Time options are 0.125 seconds (fastest), 0.250 seconds, 0.500 seconds, and 1.0 seconds (dowest).
The 0.250 seconds setting is

recommended for voice applications. Release Time settings longer than 0.250 seconds may result in
excessvely long periods of reduced sgnd level after an overload occurs.
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Figure 4-10 Limiter Config Window

Threshold specifies the input bargraph level which is considered to be an overload condition; any time
an input sgna exceedsthis level, the gain will be decreased for that input until it no longer exceedsthe
Threshold. The Threshold options are -6dB (highest), -9dB, -12dB, and -15dB (lowest). The -9dB
setting is recommended for most applications. In generd, Threshold settings lower than -9dB will
provide better overload protection, but with significant sacrifice in pesk signd level (dynamic range).

The Link option is provided in Stereo Input Modes to give the user the option of making the input
channels Linked or Independent (In Mono configuration, the extra inputs are used only with the
Reference Canceller, and are aways Linked). When Linked, the Limiter gains are equa at all times for
al channels, and are reduced in response to an overload on any input channd. When Independent, the
Limiter gains are not necessarily equal, each reduced in response to only its own input channd. For
stereo or multiple microphone applications, the Limiter inputs should be Linked to avoid annoying
Left/Right differential gain shifts and loss of stereo perspective; however, Independent Limiter gains
should be used when processing two unrelated monophonic signasin a Stereo Input Mode.

When the limiter is active, red markers will gppear in the Input Level bargraphs on the Magter Control
Panel. These markersindicate the limiter threshold setting.
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4.2.5: Digitally-Controlled AGC

Application:

The dual output Automatic Gain Control automatically attempts to boost low-level output
signalsto a peak reference level (-18dB bargraph level) by gradually increasing output sgnal
gain over a specified Release Time interval until either the proper level or Maximum Gain
has been reached. This compensates for near party/far party conversations and for lossesin
sgnal level which may have occurred during the enhancement process. If the output signal
levelsare at or above the -18 dB reference level, the AGC will have no effect.

Clicking on the Active Button within the AGC block will cause its RED LED to toggle on and off as
shown in Figure 4-9, indicating whether the AGC isin (RED) or out (GRAY) of the process.

0 Active
Figure 4-11 AGC Active Button

For fast access to the AGC, pressing <Alt-G> may aso be used to toggle the AGC in or out of the
process.

NOTE: The AGC's Active Button is overridden by the Processor Enabled button. When the LED
on the Processor Enabled button is not illuminated, the AGC stage will be bypassed.

When the AGC Config button is clicked, the window in
Figure 4-12 will appear. Thiswindow allows the user to adjust the Release Time, Maximum Gain, and
Link settings of the AGC.

Release Time specifies how quickly the AGC will react to decreases in output Sgnd level. The shorter
the Release Time, the more quickly the AGC will react. The Release Time options are 50 milliseconds
(fastest), 100 milliseconds, 200 milliseconds, and 400 milliseconds (dowest). For most voice
applications, the 200 milliseconds setting is recommended. Release Time settings less than 200
milliseconds may result in annoying "pumping’ sounds as the AGC changes gain during rapid-fire
conversations.
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Figure 4-12 AGC Config Window

Maximum Gain specifies how much gain the AGC can apply in its attempt to bring the output signd up
to the proper level. The greater the Maximum Gain, the lower the output sgnd level that can be
brought up to proper level. The Maximum Gain options are 5dB, 10dB, 15dB, 20dB, 25dB, 30dB, and
35dB. For most near party/far pary applications, the 10dB setting is recommended. Maximum Gain
Settings greater than 10dB may eevate background noise during pauses in gpeech. A “soft AGC” using
5dB is often useful even when large voice leve differences are not present.

The Link option is provided in Stereo Input Mode settings to give the user the option of making the
AGC gains on the two output channels Linked or Independent (In Mono Input Mode, the linking
option isirrdevant). When Linked, the AGC gains are equd at dl times, and are increased in response
to the largest sgnd level of the two output channes. When Independent, the AGC gains are not
necessarily equal, each increased in response to only its own output channd. For most applications, the
AGC outputs should be Linked to avoid annoying Left/Right differentia gain shifts and loss of stereo
perspective; however, Independent AGC gains should be used when processng two unrelated
monophonic Sgnasin a Stereo Input Mode.
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4.3: DIGITAL PROCESSING SELECTION

4.3.1: General Filter Stages Filter Selection

To sdlect the type of filtering to be applied by any of the Generd Filter Stages, use the filter select
combo box (or “drop-down menu”) shown in Figure 4-13. To sdect the filter, first click on the smdl
arrow to theright of the combo box and then, using the menu that appears, click on the desired filter.

Filter 1

Lowpazs j
1-Ch Bdaptive -

Highpass

Eandpazs 1=
Bandztop

Carnb

Moz

hiuttiple Match l

Figure 4-13 Genera Filter Stages Filter Selection Combo Box

Clicking the Config button in any General Filter blocks causes the control window for the selected
filter type to appear. See Section 4.4: for detailed information on control windows for each filter type.

4.3.2: Broadband Filter Stage Filter Selection

The Broadband Filter Stage follows the Genera Filter Stages in the processing chain. To sdect the
type of filtering to be gpplied by the Broadband Filter Stage, use the filter select combo box (or “drop-
down menu”) shown in Figure 4-13. To sdlect the filter, first click on the smal arrow to the right of
the combo box and then, using the menu that appears, click on the desired filter.

Filter

Moize EC) ~|

Moize Reducer

Figure 4-14 Broadband Filter Stage Filter Selection Combo Box

Clicking the Config button causes the control window for the selected Broadband filter type to appear.
See Section 4.4: for detailed information on control windows for each filter type.



4.3.3: Equalizer Stage Processing Selection

The Equdizer Stage follows the Broadband Filter Stage in the processing chain. To select the type of
processing to be applied by the Equaizer Stage, use the filter select combo box (or “drop-down
menu”) shown in Figure 4-13. To make a sdlection, first click on the smal arrow to the right of the
combo box and then, using the menu that gppears, click on the desired selection.

Equalizer
Cumpressnr.fxpandej
20-Band Graphic
Spectral Graphic
[wal Parametric

Cornprezzor/Expander

Figure 4-14 Equalizer Stage Processing Selection Combo Box

Clicking the Config button causes the control window for the selected Equalizer type to appear. See
Section 4.5: for detailed information on control windows for each type of Equalizer stage.
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4.4: GENERAL FILTER CONTROL WINDOWS

This section provides detailed description of the control window for each type of processing that the
PCAP |1 Plus implementsin the Generd Filter, Broadband Filter, and Equaizer processing stages. For
any Filter or Equdizer block, the control window for the selected filter is accessed by clicking on the
Config button.

44.1: Ref Cancdler Filter

Application:

The Ref Canceller adaptive filter is used to automatically cancel from the Left channel (or
“Primary”) input any audio which matches the Right channedl (or “ Reference’) input. For
example, the Primary (Left) input is microphone audio with desired voices masked by radio or
TV sound. The radio/TV interference can be cancelled in real-time if the original broadcast
audio, usually available from a second receiver, is Smultaneoudy connected to the Reference

(Right) input.
[Ed Reference Canceller (Filter 1) W 5'
— Conditional Adaptation — Delay —AdaptRate——————————
T hreskold Ihptit N 100 el Mu= IT‘ i 2-14
10 [dB &
Filter will adapt: -2 l 8333 milizecands -—
5
© B E
= |f lnput > Threshald it %
—Delay Channel————  —~ Processor Dutput
£ If lnput < Threshald -3
A2 * Input " Ref N | " Rejected
 If Rejected > Thieshold . Lk St S ket
-15
£ If Rejected < Threshold 98 | Filter Size (1024 taps max]
24
" If Reference > Thieshold i 1024 e [ Store ] [O Adapt]
" |If Reference < Thieshold
.39 I ili —
85,333 miliseconds [ﬂ] [ ETaaT ]
—Adapting 42 -
| @ 57

[ @ Fitteractive ] [0k )

Figure 4-15 Reference Canceller Filter Control Window

46



Description of controls (Figure 4-15) isasfollows:

Conditiona Adaptiation:

Filter Sze

Adapt Rate:

For advanced users only. Novice users should keep Filter will adapt set
to Always. The Threshold setting has no effect in this case.

Conditional Adaptation allows the adaptive filter to automatically
Adapt/Freeze based upon Master Control Panel bargraph levels.
This can be very useful in situations where there are pauses, or
breaks, in the speech being processed.

Hint: Conditiond adaptation is useful in maintaining adaptation once
the filter has converged. Motion in the room and air temperature
changes affect the filter's operation. First dlow the filter to
converge in Always and the click on If Normal Output <
Threshold. Adjust the threshold for adaptation (Adapting LED
is GREEN when adapting) by observing the bargraph leves
when the voice is not present; note that the threshold is shown on
the bargraph adong with the audio level, and that the bargraph
corresponds with the Left channel audio in the Stereo, Linked
Input Mode selection.

Click on the Clear button if you desire the filter to completely
readapt based upon the new Conditiona Adaptation settings.

The Adapting LED indicator shows the current adaptation status of the
filter; if the LED isilluminated GREEN, the filter is adapting, and when
the LED is not illuminated the filter is not adapting. In Stereo, Linked
Input Mode, only the Left channel adaptation status is displayed.

Used to set the number of FIR filter taps in the adaptive filter. Filter Sze
isindicated both in taps (filter order) and in milliseconds. Minimum Flter
Size is 4 taps, but can be set to as high as 6144 taps depending on
System Bandwidth, Input Mode, and Number of Generd Filter Stages
settings. Normally, the maximum filter sze possible is used in the Ref
Canceller adaptive filter

Used to set the rate at which the adaptive filter adapts to changing signa
conditions (mathematically known as Mu). A Mu of 1 x 2™ provides

a7



Auto Normalize:

Deday Channd:

Deay:

Processor Outpuit:

Filter Button:

Adapt/Freeze Button:

Clear Button:

very dow adaptation, while a Mu of 3808 x 2™ provides fastest
adaptation.* Asa rule set thisrate to approximately 100-200 initially, to
establish convergence, then back off to a mid value to maintain
cancdllation.

Selects Normalized (LED illuminated GREEN) or Fixed (LED not
illuminated) adaptation rate. Normalized is recommended. When Auto
Normdize is enabled, the specified Adapt Rate is continuoudy power
scaled based upon the input signd level. This generally results in faster
convergence for a given Mu. When Auto Normdize is not enabled, the
specified Adapt Rateis utilized at al times without power scaling

Specifies whether the delay line is to go into ether the Primary (Left)
channel or the Reference (Right) channel. For most applications , a
dight delay (typically 5 msec) is placed in the Primary channd, For
applications with long distances between the mike and radio/TV, adelay
in the Reference channd may be required. Extreme caution should be
exercised when using reference channe delay; excessve delay in that
channel will not dlow cancdllation to take place.

Sets the number of audio samples in the dday line. Dday is indicated
both in samples and in millissconds. Minimum Delay is 1 sample, but
can be st to as high as 32768 samples depending on Configuration and
Number DSP Stages settings.

Selects Residue or Filter output. The Residue output is the normal
output selection, which is the Sgnd left over after the Reference sgnad
has been cancelled from the Primary signal. The Filter ouput is the
modified Reference sgnd being subtracted from the Primary signdl.

Used to switch the Reference Canceller filter in and out of the process
without affecting the other filters in the process. The Filter LED
indicates that the filter is“in” when it islit RED. Thefilter is out of the
process when the Filter LED is unlit.

Used to freeze this adaptive filter independently. The filter is adapting
when the Adapt LED islit. Thefilter is frozen when the Adapt LED is
unlit.

Used to reset the coefficients of the Reference Cancdller to zero without

*2"1is ameans of expressing 2 raised to the —14™ power, which equals 0.000061; 256 x 2*is, therefore, equal to

0.016.
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affecting any other adaptive filtersin the process.

Store Button: Usad to store adaptive filter settings and coefficients.  This button is
dissbled in Stereo-Linked mode. See section 4.4.1.1. for more
information.

Recall Button: Used to load previoudy stored adaptive fitler settings and coefficients.

This button is disabled in Stereo-Linked mode. See section 4.4.1.2; for
more information.

NOTE: The same Filter, Clear, and Adapt/Freeze buttons are also available in the Filter block for
each filter on the Master Control Panel.
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44.1.1: Storing Adaptive Filter Settings and Coefficients

This section relates to both the Reference Canceller and the 1-Channel Adaptive Filter. Each of
these filters allows the user to store the filter settings of the adaptive filter as well as the
coefficients stored within the filter.

When clicking the Store button a window will appear (Figure 4-16) displaying the current
working folder and showing all the previously stored adaptive filter settings files. If there have
been no previous settings stored then no other files will be listed. These files have the extension
“* cof”. Coefficients stored from a 1-Channel filter can be loaded by a Reference Canceller and
vice versa, athough thisis not recommended.

il store Reference Canceller Filter ] |

Leak ifi |5 PCAP Il Plus =

= Digital Audio Eorporatic;l
-1 JPF2

-] JPF3

-1 MCaP

-0 MicreDac
] MiniDAC

[ PCAR I

] PCAP Il Java

-2 PCAP Il Plus

(] FCAPYE

"7 PicoDAL Configure ™
«| | »
File name: |.|::0f

Individual filter zaved settings are available to all filter stages and are configuration [ dac'’] file independent.

Figure 4-16 Adaptive Filter Store Settings Window

Before the OK button will be enabled a valid settings file name must be entered. Once a valid
name is entered, click OK to store the adaptive filter settings. All details about the filter will be
stored, including it’s number of taps and the value of each coefficient. After clicking OK, wait a
few moments as the coefficients are downloaded from the PCAP Il Plus. The filter will be frozen
(adaptation will be disabled) while this download takes place.

4.4.1.2: Recalling Adaptive Filter Settings and Coefficients

This section relates to both the Reference Canceller and the 1-Channel Adaptive Filter. Each of
these filters allows the user to recall the filter settings of the adaptive filter as well as the
coefficients stored within the filter.

To recall an adaptive filter's settings, click the Recall button on the adaptive filter's configuration
window. After clicking the button the Recall window will appear (Figure 4-17) displaying the
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current working folder and showing al the previously stored adaptive filter settingsfiles. If there
have been no previous settings stored then no other files will be listed. These files have the
extenson “*.cof”. Coefficients stored from a 1 Channel filter can be loaded by a Reference
Canceller and vice versa, although this is not recommended.

I Recall 1-Channel Adaptive Filter § x|

Laokirc |5 FCAP Il Plus =

=] Digital &udio EDrleatic;I @ Moizey B ar.cof

1:_-| JPFZ @ Previous Filker Settings. cof
-{_1 JPF3

- MCAP

-1 MieaDACly
{1 MiniDAC

[ PCAP I

-] PCAP Il Java

-4 PCAP Il Plug

{1 PCAPVE

-] PicaDAC Configure ™
| | X -
File narne: |E w

Individual filker zaved zettings are available to all filker stages and are configuration [ dac"] file independent.

Figure 4-17 Adaptive Filter Recall Settings Window

Before the OK button will be enabled a valid settings file name must be entered. Once a valid
name is entered, click OK to store the adaptive filter settings. All details about the filter will be
recalled, including it’s number of taps and the value of each coefficient. After clicking OK, wait a
few moments as the coefficients are uploaded from the PCAP 1l Plus.

NOTE: If the recaled adaptive filter settings require additional PCAP 11 Plus resources that
might be used by other filter stages, a warning will appear and the PCAP 1l Plus filter
stages will be reconfigured.

When recalling any filter settings, the existing filter settings will be stored in a file entitled
“Previous Filter Settings.cof”. This feature will allow you to reload the previous settings should
you decide they are needed.

Other files may be listed in the working folder entitled “Previous Filter 1 Settings.cof” or
“Previous Left Filter 1 Settings.cof”. These files are created when loading a PCAP |l Plus
settings (“.*.dac”) file that contains adaptive filters. These file contain the settings and
coefficients from when this settings file was created.

Upon loading the adaptive filter settings and coefficients the filter will be frozen (the adaptation
will be disabled).
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4.4.2: 1-Channel Adaptive Filter

Application:

The 1-Channd Adaptive filter is used to automatically cancel predictable and convolutional
noises fromthe input audio. Predictable noises include tones, hum, buzz, engine/motor noise,
and, to some degree, music. Convolutional noises include echoes, reverberations, and room

acoudtics.
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Figure 4-18 1-Channel Adaptive Filter Control Window

Description of controls (Figure 4-18) isasfollows:

Conditional Adaptation: The Threshold setting has no effect in this case.

Conditional Adaptation allows the adaptive filter to automatically
Adapt/Freeze based upon Master Control Panel bargraph levels.
This can be very useful in situations where there are pauses, or
breaks, in the speech being processed.

Hint: Conditiond adaptation is useful in maintaining adaptation once
thefilter has converged. Motion in the room and air temperature
changes affect the filter's operation. First dlow the filter to
converge in Always and the click on If Normal Output <
Threshold. Adjust the threshold for adaptation (Adapting
LED is GREEN when adapting) by observing the bargraph
levels when the voice is not present; note that the threshold is
shown on the bargraph aong with the audio leve, and that the
bargraph corresponds with the Left channd audio in the Stereo,
Linked Input M ode selection.

52



Filter Sze

Adapt Rate:

Click on the Clear button if you dedire the filter to completely
readapt based upon the new Conditiona Adaptation settings.

The Adapting LED indicator shows the current adaptation status of
the filter; if the LED is illuminated GREEN, the filter is adapting, and
when the LED is not illuminated the filter is not adapting. In Stereo,
Linked Input Mode, only the Left channd adaptation satus is
displayed.or GRAY when the filter is frozen. In Stereo, Linked
configuration, two indicators are provided for each filter block (one
LED for each channdl).

Used to set the number of FIR filter tapsin the adaptive filter. Filter Sze
is indicated both in taps (filter order) and in milliseconds. Minimum
Filter Szeis 4 taps, but can be st to as high as 6144 taps depending on
System Bandwidth, Input Mode, and Number of Generd Filter Stages
Settings.

Smdll filters are mogt effective with smple noises such as tones and
music. Larger filters should be used with complex noises such as severe
reverberations and raspy power hums. A nominal filter sSize of 512 to
1024 tapsis a good overall general recommendation.

Used to set the rate a which the adaptive filter adapts to changing
signd conditions (mathematically known as Mu). A Mu of 1 x 2™
provides very dow adaptation, while a Mu of 3808 x 2 provides
fastest adaptation.* As a rule set this rate to approximately 100-200
initially, to establish convergence, then back off to a mid value to
maintain cancellation.

Larger adapt rates should be used with changing noises such as music;
whereas, smdler adapt rates are acceptable for stable tones and
reverberations. Larger adapt rates sometimes affect voice qudity, as
the filter may attack sustained vowel sounds.

*2"1%is ameans of expressing 2 raised to the —14™ power, which equals 0.000061; 256 x 2*is, therefore, equal to

0.016.
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Auto Normalize: Selects Normdized (LED illuminated GREEN) or Fixed (LED not
illuminated) adaptation rate. Normalized is recommended. When Auto
Normdize is enabled, the specified Adapt Rate is continuoudy power
scaled based upon the input Sgnd levd. This generally resultsin faster
convergence for a given Mu. When Auto Normdize is not enabled, the
specified Adapt Rate is utilized at all timeswithout power scaling

Prediction Span: Sets the number of samples in the prediction span delay line. Prediction
goan is indicated both in samples and in milliseconds, and can be
adjusted from 1 to 4096 samples. Shorter prediction spans dlow
maximum noise remova, while longer prediction spans preserve voice
naturalness and quality. A prediction span of 2 or 3 samples is
normally recommended.

Filter Button: Used to switch the 1-Channe Adaptive filter in and out of the process
without affecting the other filters in the process. The Filter LED
indicates thet the filter is“in” when it islit RED. Thefilter isout of the
process when the Filter LED is unlit.

Adapt/Freeze Button: Used to freeze this adaptive filter independently. The filter is adapting
when the Adapt LED islit. Thefilter isfrozen when the Adapt LED is
unlit.

Clear Button: Used to reset the coefficients of the 1-Channel Adaptive Fitler to zero
without affecting any other adaptive filtersin the process.

Store Button: Used to store adaptive filter settings and coefficients.  This button is
dissbled in Stereo-Linked mode. See section 4.4.1.1: for more
information.

Recall Button: Used to load previoudy stored adaptive fitler settings and coefficients.
This button is disabled in Stereo-Linked mode. See section 4.4.1.2: for
more information.

NOTE: TheFilter, Clear, and Adapt/Freeze buttons are dso available in the Filter block for each filter
on the Master Control Pandl.



4.4.3: L owpass Filter

Application:

The Lowpass filter is used to decrease the energy level (lower the volume) of all signal
frequencies above a specified Cutoff Frequency, thus reducing high-frequency noises, such as
tape hiss, fromthe input audio. The Lowpassfilter is sometimes called a "hissfilter."

The Cutoff Frequency is usually set above the voice frequency range so that the voice signal
will not be disturbed. While listening to the filter output audio, the Cutoff Frequency can be
incrementally lowered from its maximum frequency until the quality of the voice just beginsto
be affected, achieving maximum elimination of high-frequency noise.

The amount of volume reduction above the Cutoff Frequency can further be controlled by
adjusting the Stopband Attenuation setting (maximum volume reduction is 60dB). The dope
at which the volume is reduced from normal (at the Cutoff Fregquency) to the minimum volume
(specified by Sopband Attenuation) can also be controlled by adjusting the Transition Sope

Setting.
9 Lowpass (Filter 1) x|
~ Cutoff Frequency————————— Stopband Atteration
I 3|00 Hz I B0 4B

— Tranzition Slope
[ Trae50 " de/Octave (ﬁ Fmermtiue] [ oK ]
[

Figure 4-19 L owpass Filter Control Window
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Description of controlsisasfollows:

Cutoff
Frequency:

Stopband

Attenuation:

Trangtion
Slope:

Filter Active Button:

OK Buitton:

Specifies frequency in Hertz above which al

sgnds are atenuated. Frequencies below this cutoff are unaffected. Minimum
Cutoff Frequency is 100 Hz, while the maximum Cutoff Frequency depends
upon the System Bandwidth setting. Cutoff Frequency can be adjusted in 1 Hz
steps.

Specifiesamount in dB by which frequencies
above the Cutoff Frequency are ultimately attenuated. Stopband attenuation is
adjustable from 10dB to 60dB in 1 dB steps.

Specifies dope a which frequencies above

the Cutoff Frequency are rolled off in dB per octave. Sharpest roll off occurs
when Trangtion Sope is set to maximum, while gentlest roll off occurs when
Trangtion Sope is set to minimum. Sharp rolloffs may cause the voice to
sound hollow but will dlow more precise remova of high frequency noises.
Note that the indicated value changes depending upon the Cutoff Frequency
and System Bandwidth settings.

Used to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when thefilter is
in the process, and is not illuminated (GRAY) when the filter is out of the
process.

NOTE: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Pandl.

Use dther this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.

A graphical description of the lowpass filter and its controlsis given in Figure 4-20.

Attenuation (dB)

%Tromsiﬁom Slope

Stopband | ________________ I
|

Attenuation +
Passband | Transition Stopband
(dB) | Bond 1 P
I
Cutoff

Frequency (Hz)

Frequency (Hz)

Figure 4-20 Lowpass Filter Graphical Description
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4.4.4: Highpass Filter

Application:

The Highpass filter is used to decrease the energy level (lower the volume) of all signal
frequencies below a specified Cutoff Frequency, thus reducing low-frequency noises, such as
tape or acoustic room rumble, from the input audio (The Highpassfilter is sometimes called a
"rumblefilter").

The Cutoff Frequency is usually set below the voice frequency range (somewhere below 300
Hz) so that the voice signal will not be disturbed. While listening to the filter output audio,
the Cutoff Frequency, initially set to 0 Hz, can be incrementally increased until the quality of
the voice just begins to be affected, achieving maximum eimination of low-frequency noise.

The amount of volume reduction below the Cutoff Frequency can further be controlled by
adjusting the Stopband Attenuation setting (maximum volume reduction is 60dB). The dope
at which the volume is reduced from normal (at the Cutoff Frequency) to the minimum volume
(specified by Sopband Attenuation) can also be controlled by adjusting the Transition Sope

Setting.
[£3 Highpass (Filter 1) x|
— Cutoff Frequency———————————— Stopband Attenuation
300 Hz I R0 dB

— Trangition Slope
[1a31 dBf’DCta"; [ @ Fiteractive ) [ox )

Figure 4-21 Highpass Filter Control Window
Description of controlsisasfollows:

Cutoff Frequency: Specifies frequency in Hertz beow which dl dgnds are attenuated.
Frequencies above this cutoff are unaffected. Minimum Cutoff Frequency is O
Hz (no frequencies attenuated), while the maximum Cutoff Frequency depends
upon the System Bandwidth setting. Cutoff Frequency can be adjusted in 1 Hz

steps
Stopband Specifiesamount in dB by which frequencies
Attenuation: below the Cutoff Frequency are ultimately attenuated. Stopband attenuation is

adjustable from 10dB to 60dB in 1 dB steps.
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Trangtion Sope:

Filter Active Button:

OK Buitton:

Specifies dope at which frequencies below the Cutoff Frequency are attenuated
in dB per octave. Sharpest attenuation occurs when Trangtion Slope is set to
maximum, while gentlest attenuation occurs when Trandtion Slope is et to
minimum. Note that the indicated vaue changes depending upon the Cutoff
Frequency and System Bandwidth settings.

Usad to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when thefilter is
in the process, and is not illuminated (GRAY) when the filter is out of the
process.

NOTE: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Pandl.

Use dther this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.

A graphical description of the highpassfilter and its controlsis asfollowsin Figure 4-22.
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Figure 4-22 Highpass Filter Graphical Description

58



4.4.5:

Bandpass Filter

Application:

The Bandpass filter is used to decrease the energy level (lower the volume) of all signal
frequencies below a specified Lower Cutoff Frequency and above a specified Upper Cutoff
Frequency, thus combining the functions of a Lowpass and Highpass filter connected in series
into a single filter. The signal region between the Lower Cutoff Frequency and the Upper
Cutoff Frequency is called the passhand region. The Bandpass filter is useful for
smultaneoudy reducing both low-frequency rumble and high-frequency hiss.

The Lower Cutoff Frequency is usually set bel ow the voice frequency range (somewhere below
300 H2) so that the voice signal will not be disturbed. While listening to the filter output
audio, the Lower Cutoff Frequency, initially set to 0 Hz, can be incrementally increased until
the quality of the voice just begins to be affected, achieving maximum elimination of low-
frequency noise.

The Upper Cutoff Frequency is usually set above the voice frequency range (somewhere
above 3000 Hz) so that the voice signal will not be disturbed. While listening to the filter
output audio, the Upper Cutoff Frequency, initially set to its maximum frequency, can be
incrementally lowered until the quality of the voice just begins to be affected, achieving
maximum elimination of high-frequency noise.

The amount of volume reduction outside the passband region can further be controlled by
adjusting the Sopband Attenuation setting (maximum volume reduction is 60dB). The dope
at which the volume is reduced from normal (at each Cutoff Frequency) to the minimum
volume (specified by Sopband Attenuation) can also be controlled by adjusting the Transition
Sope setting.

[£] Bandpass (Filter 1} x|

— Lowwer Cutoff Frequency — Upper Cutoff Frequency
a0 Hz I 3500 Hz
— Tranzttion Slopge——————  — Stopband Attenuation
Ll:uwer:l 1431 dBADctave I 30 dB
Ilpper: I 33279 dB/Dctave -

B (erienne) [or)

Figure 4-23 Bandpass Filter Control Window
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Description of controlsisasfollows:

Lower Cutoff
Frequency:

Upper Cutoff
Frequency:

Trangtion Slope:

Stopband
Attenuation:

Filter Active Button:

Specifies frequency in Hertz below which dl

ggnals are attenuated. Frequencies between this cutoff and the Upper Cutoff
Frequency are unaffected. Minimum Lower Cutoff Frequency is O Hz, while
the maximum Lower Cutoff Frequency is 10 Hz below the Upper Cutoff
Frequency. Lower Cutoff Frequency can be adjusted in 1 Hz steps.

NOTE: The Lower Cutoff Frequency can never be set higher than 10 Hz
below the Upper Cutoff Frequency.

Specifies frequency in Hertz above which dl

sgnas are atenuated. Frequencies between this cutoff and the Lower Cutoff
Frequency are unaffected. Minimum Upper Cutoff Frequency is 10 Hz above
the Lower Cutoff Frequency, while the maximum Upper Cutoff Frequency
depends upon the System Bandwidth setting. Upper Cutoff Frequency can be
adjusted in 1 Hz steps.

NOTE: The Upper Cutoff Frequency can never be set lower than 10 Hz
above the Lower Cutoff Frequency.

Specifies dope a which frequencies below the Lower Cutoff Frequency and
above the Upper Cutoff Frequency are attenuated in dB per octave. Sharpest
attenuation occurs when Trangtion Slope is set to maximum, while gentlest
attenuation occurs when Trangtion Slope is set to minimum. Note that the
indicated value changes depending upon the Cutoff Frequency and System
Bandwidth settings. Also, note that the Lower and Upper Transtion Slopes
aways have different vaues, thisis because the frequency width of an octaveis
proportional to Cutoff Frequency.

Specifiesamount in dB by which frequencies

below the Lower Cutoff Frequency and above the Upper Cutoff Frequency are
ultimately attenuated. Stopband Attenuation is adjustable from 10dB to 60dB
in1dB seps.

Usad to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when thefilter is
in the process, and is not illuminated (GRAY) when the filter is out of the
process.

NOTE: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Pandl.
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OK Button: Use dther this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.

A graphical description of the Bandpassfilter and its controls followsin Figure 4-24.
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Figure 4-24 Bandpass Filter Graphical Description
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4.4.6:

Bandstop Filter

Application:

The Bandstop filter is used to decrease the energy level (lower the volume) of all signal
frequencies above a specified Lower Cutoff Frequency and below a specified Upper Cutoff
Frequency. The signal region between the Lower Cutoff Frequency and the Upper Cutoff
Frequency is called the stopband region. The Bandstop filter is useful for removing in-band
noise fromthe input signal.

The Lower Cutoff Frequency is usually set below the frequency range of the noise, while the
Upper Cutoff Frequency is set above the frequency range of the noise. While listening to the
filter output audio, the Lower and Upper Cutoff Frequencies can be incrementally adjusted to
achieve maximum elimination of noise while minimizing loss of voice.

The amount of volume reduction in the stopband region can further be controlled by adjusting
the Sopband Attenuation setting (maximum volume reduction is 60dB). The dope at which
the volume is reduced from normal (at each Cutoff Frequency) to the minimum volume
(specified by Sopband Attenuation) can also be controlled by adjusting the Transition Sope
setting.

Description of controlsisasfollows:

Lower Cutoff Specifies frequency in Hertz below which no
Frequency: sgnas are attenuated. Frequencies between this cutoff and the Upper Cutoff

Frequency are attenuated. Minimum Lower Cutoff Frequency is O Hz, while
the maximum Lower Cutoff Frequency is 10 Hz below the Upper Cutoff
Frequency. Lower Cutoff Frequency can be adjusted in 1 Hz steps.

NOTE: The Lower Cutoff Frequency can never be set higher than 10 Hz
below the Upper Cutoff Frequency.
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Figure 4-25 Bandstop Filter Control Window

Specifies frequency in Hertz above which no

sgnals are atenuated. Frequencies between this cutoff and the Lower Cutoff
Frequency are attenuated. Minimum Upper Cutoff Frequency is 10 Hz above
the Lower Cutoff Frequency, while the maximum Upper Cutoff Frequency
depends upon the System Bandwidth setting. Upper Cutoff Frequency can be
adjusted in 1 Hz steps.

NOTE: The Upper Cutoff Frequency can never be set lower than 10 Hz
above the Lower Cutoff Frequency.

Specifies dope a which frequencies above

the Lower Cutoff Frequency and beow the Upper Cutoff Frequency are
atenuated in dB per octave. Sharpest attenuation occurs when Trangtion
Sope is st to maximum, while gentlest attenuation occurs when Trangtion
Slopeis set to minimum. Note that the indicated va ue changes depending upon
the Cutoff Frequency and System Bandwidth settings. Also, note that the
Lower and Upper Trandtion Sopes dways have different vadues, this is
because the frequency width of an octave is proportiona to Cutoff Frequency.

Specifiesamount in dB by which frequencies

above the Lower Cutoff Frequency and below the Upper Cutoff Frequency are
atenuated. Stopband attenuation is adjustable from 10dB to 60dB in 1 dB
steps.

Usad to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when the filter is
in the process, and is not illuminated (GRAY) when the filter is out of the
process.
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OK Buitton:

NOTE: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Panel.

Use dther this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.

A graphical description of the Bandstop filter and its controls followsin Figure 4-26.
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Figure 4-26 Bandstop Filter Graphical Description



4.4.7: Comb Filter

Application:

The Comb filter is used to remove, or "notch out”, harmonically related noises (noises which
have exactly equally-spaced frequency components), such as power-line hum, constant-speed
motor/generator noises, etc., from the input audio. The filter response congsts of a series of
equally-spaced notches which resemble a hair comb, hence the name " Comb filter™”.

Adjust the Comb Frequency to the desired spacing between notches (also known as
"fundamental frequency”). Set the Notch Limit to the frequency beyond which you do not
want any more notches. Set the Notch Depth to the amount in dB by which noise frequency
components are to be reduced.

Normally, the Notch Harmonics option will be set to All, causing frequencies at all multiples
of the Comb Frequency (within the Notch Limit) to be reduced. However, certain types of
noises have only the odd or even harmonic components present. In these Stuations, set the
Notch Harmonics option to either Odd or Even.

[£4 Comb {Filter 1) |
—LComb Frequency————————————  — Motch Limit
I E0O00  Hez I 1200 Hz

—Match Harmonice————— — Motch Depth

Al EE:

¢ Ddd |

" Ewen

| @ Fitteractive | [ oK)

Figure 4-27 Comb Filter Control Window
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Description of controlsisasfollows:

Comb Frequency:

Notch Limit:

Notch Depth:

Notch Harmonics:

Filter Active Button:

OK Buitton:

Specifies fundamental frequency in Hertz of comb filter. Notches are
generated at multiples, or harmonics, of thisfrequency.

NOTE: Comb Frequency changes whenever the System Bandwidth setting is
dtered; if you change the System Bandwidth setting, you will need to readjust
the Comb Frequency for any Comb Filters selected.

Specifies frequency in Hertz above which no notches are generated. Minimum
Notch Limit is 100 Hz, while maximum Notch Limit depends upon the System
Bandwidth setting. Notch Limit is adjustable in 50 Hz steps.

Depth of notches that are generated. Notch Depth is adjustable from 10 dB to
60 dB in 1 dB steps.

Specifies whether notches will be generated at All, Odd, or Even multiples, or
harmonics, of the Comb Frequency. If, for example, the Comb Frequency is
st to 60.000 Hz, then sdlecting All will generate notches a 60 Hz, 120 Hz,
180 Hz, 240 Hz, 300 Hz, etc. Sdlecting Odd will generate notches a 60 Hz,
180 Hz, 300 Hz, etc. Selecting Even will generate notches at 120 Hz, 240 Hz,
360 Hz etc.

Usad to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when thefilter is
in the process, and is not illuminated (GRAY) when the filter is out of the
process.

NOTE: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Pandl.

Use dther this button or the “X” button a the upper right corner of the
window to exit the dialog and return to the Master Control panel.

Hint: A comb filter isadjusted in the following manner. Set the Notch Limit and Notch Depth to their
maximum pogitions; set notch harmonics to All. Next adjust the Comb Frequency to achieve
maximum hum removal; normally this will be in the vicinity of 60 or 50 Hz. (Analog recordings will
seldom be exactly 50 or 60 Hz due to tape speed errors.

Next, adjust the Notch Limit down in frequency until the humis bearly heard, then increase it 100 Hz
Adjust the Notch Depth up following the same procedure. Finally, select the Odd or Even if they do
not increase the humlevel; otherwise, use All.
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This procedure minimizes the filtering to only that needed for the hum. Snce a comb filter is a
reverberator, a 1-Channe Adaptive Filter is often placed after it to reduce the reverberation and
clean up any residual noises escaping the comb filter.

A graphical description of the Comb filter and its controls followsin Figure 4-28.
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o
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Figure 4-28 Comb Filter Graphical Description
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4.4.8: Notch Filter

Application:

The Notch filter is used to remove, or "notch out", a narrow-band noise, such as atone or a
whistle, from the input audio with minimal effect to the remaining audio. The Notch filter
works best with stable noise sources which have constant frequency; if the frequency of the
noise source varies, then the 1-Channdl Adaptive filter is recommended.

To properly utilize the Notch filter, you will first need to identify the frequency of the noise;
this is best done using the Spectrum Analyzer window. See Section 4.8.2: for complete
instructions on operating the Soectrum Analyzer window.

Initially set the Notch Depth to 60 dB and the Notch Width to the narrowest possible value.
Next, set the Notch Frequency to the noise frequency. Fine adjustment of the Notch Frequency
may be necessary to place the notch precisdly on top of the noise signal and achieve
maximum reduction of the noise. This is best done by adjusting the Notch Frequency up or
down 1 Hz at a time while listening to the Notch filter output on the headphones.

Often, the noise frequency will not remain absolutely constant but will vary dightly due to
modulation, recorder wow and flutter, and acoustic "beating." Therefore, you may need to
increase the Notch Width from its minimum setting to keep the noise within the notch.

For maximum noise reduction, set the Notch Depth to 60dB. It is best to adjust the Notch
Depth up from 60 dB until the tone is observed, then increase the depth 5 dB.

[=3 votch (Filter 1) x|
— Motch Frequenoy————————— Match Depth
I 1000 Hz I =] fuls]
— il [
— Match width
SRl (@ Fiteractive ] ok )
[

Figure 4-29 Notch Filter Control Window

Description of controlsis asfollows:

Notch Frequency: Specifies frequency in Hertz which is to be removed from the input audio.
Minimum Notch Frequency is 10 Hz, while maximum Notch Frequency
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depends upon the System Bandwidth setting. Notch Frequency is adjustablein
1 Hz steps.

Notch Depth: Depth of the notch that is generated. Notch Depth is adjustable from 10 dB to
60 dB in 1 dB steps.

Notch Width: Width of the generated notch in Hertz.

NOTE: Notch Width varies with the System Bandwidth setting.

Filter Active Button: Used to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when thefilter is
in the process, and is not illuminated (GRAY) when the filter is out of the
process.

NOTE: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Pandl.

OK Button: Use dther this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.

Hint: A notch filter is best for stable tones, as it has a sharp, or “V’, bottom. If a flat-bottom, or
“gguare’ , notch is needed, the bandstop or Multiple Notch filter may be preferred. Also, a 1-Channel
Adaptivefilter (Section 4.4.2: ) isuseful for automatically tracking varying tones.

A graphical description of the Notch filter and its controls follows in Figure 4-30.
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Figure 4-30 Notch Filter Graphical Description
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4.4.09:

Multiple Notch Filter

Application:

The Multiple Notch filter is used to remove, or "notch out", up to 16 single-frequency noises,
such as tones or whistles, from the input audio with minimal effect to the remaining audio.
This is accomplished using a frequency-sampling-synthesized 1024-tap FIR filter which is
calculated in the PC by the PCAP 11 Plus Master Control program. The Multiple Notch filter,
unlike the Notch filter, is able to tolerate moderate wow and flutter variances in the frequency
of a noise source as it implements a “ square”’ notch, not a “ V' notch. If the frequency of a
noise source varies excessively, then the 1-Channel Adaptive filter is recommended.

To properly utilize the Multiple Notch filter, you will first need to identify the noise
frequencies; this is best done using the Spectrum Analyzer window. See Section 4.8.2: for
complete instructions on operating the Spectrum Analyzer window.

Once the noise frequencies have been identified, set the Notch Freg(uency) of each notch to
be used to the desired noise frequency.

Usually, the noise frequencies will not remain constant but will vary dightly due to
modulation, wow and flutter, and acoustic "beating”. Therefore, you may need to increase
the Notch Width of each notch from its minimum setting to avoid having the noise move in
and out of the notch.

Once all the Notch Fregs and Notch Widths have been entered, you will need to build the
actual filter using the Build command. Unlike the Notch Filter, which responds to controls
immediately, the Multiple Notch Filter must be constructed in the computer and transferred to
the external unit. A brief delay thus occurs before the filter isimplemented.

Figure 4-31 depicts the control window for notches 1 through 8. A second window for 9
through 16 is button accessed.
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Figure 4-31 Multiple Notch Filter Control Window

Description of controlsisasfollows:

Notch Freq (1-16):

Notch Width
(1-16):

Build Button:

Specifies frequency in Hertz which is to be removed from the input audio by
each of the 16 notches. Minimum Notch Freq is 1 Hz, while maximum Notch
Freq depends upon the System Bandwidth setting. Set Notch Freq to Out
(scroll box in full left podtion) if the notch is not desired. Notch Freg is
adjustablein 1 Hz steps.

Specifies width in Hertz for each of the 16
notches. Minimum and maximum Notch Widths and adjustment resolution
depend upon the System Bandwidth setting.

Causes the FIR filter coefficients for the Multiple Notch filter to be calculated
and loaded into the externa processor for implementation. While this is
occurring, an "hourglass' mouse cursor will appear.

NOTE: You must click the Build button after any Notch Freg or Notch Width
is changed in order for the change to take effect. Y ou must dso click the Build
button after any change in System Bandwidth or Input Mode in order to
rebuild thefilter.
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Depth Contral:

Clear All Button:

Filter Active Button:

Usad to specify the dB attenuation to be applied for al notches currently
implemented. However, unlike the Notch Freq and Width controls, the Depth
contral is fully interactive and has instantaneous effect at al times; clicking the
Build button is not necessary for the Depth control to have effect. Range of
adjustment is 0 to -90.3dB.

Clears dl Notch Freg and Notch Width settings for all 16 notches and restores
the Multiple Notch filter coefficientsto an dlpassfilter (no notches).

Usad to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when the filter is
in the process, and is not illuminated (GRAY) when the filter is out of the
process.

NOTE: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Pandl.

Set for DTMF Button: This button will set the first eight notches to each of the eight specific DTMF

OK Buitton:

tones. Thisisuseful for cancelling noise introduced into phone conversation by
the DTMF tones. After the button is clicked the filter must be rebuilt.

Use ether this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.

A graphical description of the Multiple Notch filter and its controls follows in Figure 4-32:
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Figure 4-32 Multiple Notch Filter Graphical Description
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4.4.10:

Slot Filter

Application:

NOTE: The Slot filter has very little use in speech enhancement applications; the main
valueisin isolating other types of sgnalsthat are non-speech in nature.

The Sot filter is used to isolate, or "dot", a single-frequency signal, such as a tone or a
whistle, in the input audio, attenuating all other audio. Thisis the exact opposite of the Notch
filter function.

To properly utilize the Sot filter, you will first need to identify the frequency of the signal to
be isolated; this is best done using the Spectrum Analyzer window. See Section 4.8.2; for
complete instructions on operating the Soectrum Analyzer window.

Once the frequency of the signal has been identified, initially set Sopband Attenuation to 60
dB and the Sot Width to the narrowest possible value. Next, set the Sot Frequency to the
signal frequency. Fine adjustment of the Sot Frequency may be necessary to place the dot
right on top of the signal. Thisis best done by adjusting the Sot Frequency up or down 1 Hz
at a time while listening to the Sot filter output on the headphones.

Usually, the sgnal frequency will not remain constant but will vary dightly due to
modulation, recorder wow and flutter, and acoustic "beating”. Therefore, you may need to
increase the Jot Width from its minimum setting to avoid having the signal move in and out
of thedot.

To optimize background noise reduction for your application, set the Sopband Attenuation to
60dB. If, however, you wish to leave a small amount of the background noise mixed in with
the isolated signal, adjust the Sopband Attenuation to the desired value.

[=3 slot (Filter 1) X
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Figure 4-33 Slot Filter Control Window
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Description of controlsisasfollows:

Sot Frequency:

Stopband Attenuation:

Sot Width:

Filter Active Button:

OK Buitton:

Specifies frequency in Hertz which is to be enhanced in the input audio.
Minimum Sot Frequency is 10 Hz, while maximum Sot Frequency depends
upon the System Bandwidth setting. Sot Frequency is adjustablein 1 Hz steps.

Specifiesamount in dB by which frequencies  other than the Slot Frequency
are attenuated. Stopband attenuation is adjustable from 10dB to 60dB in 1 dB
steps.

Width of the generated dot in Hertz.

NOTE: Sot Width varies with the System Bandwidth setting.

Used to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when thefilter is
in the process, and is not illuminated (GRAY) when the filter is out of the

process.

NOTE: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Pandl.

Use dther this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.

A graphicd description of the Sot filter and its controls follows in Figure 4-34. Note that the dot
width isdefined a its -6 dB points.
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Figure 4-34 Slot Filter Graphical Description
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4.4.11:

Multiple Slot Filter

Application:

NOTE: The Slot filter has very little use in speech enhancement applications; the main
value is in isolating other types of signals that are non-speech in nature, eg. telephone
“DTMF” tones.

The Multiple Sot filter is used to isolate, or "dot", up to 16 single-frequency sgnals, such as
tones or whistles, from the input audio, eiminating all other audio. Thisis the exact opposite
of the Multiple Notch filter function, and is accomplished using a frequency-sampling-
synthesized 1024-tap FIR filter which is calculated in the PC by the PCAP 1l Plus Master
Control program.

To properly utilize the Multiple Sot filter, you will first need to identify the frequencies of all
signals to be isolated; this is best done using the Soectrum Analyzer window. See Section
4.8.2: for complete instructions on operating the Spectrum Analyzer window.

Once the frequencies of the signals have been identified, set the Sot Freg(uency) of each dot
to be used to the desired signal frequency.

Usually, the signal frequencies will not remain constant but will vary dightly due to
modulation, wow and flutter, and acoustic "beating”. Therefore, you may need to increase the
Sot Width of each dot fromits minimum setting to avoid having the signal move in and out of
thedot.

Once all the Sot Fregs and Sot Widths have been entered, you will need to build the actual

filter using the Build command. Like the Multiple Notch Filter, thisfilter is also constructed
inthe computer. A brief delay occurs after Build before it takes effect.
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Description of controlsisasfollows:

Slot Freq (1-16):

Siot Width (1-16);

Build Button:

Causesthe FIR filter coefficients for the Multiple Sot filter to be calculated and
downloaded to the external processor for implementation. While this is

Figure 4-35. Multiple Sot Filter Control Window

occurring, an "hourglass' mouse cursor will appear.

NOTE: You mugt click the Build button after any Slot Fregq or Sot Width is
changed in order for the change to take effect. Y ou must aso click the Build
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Specifies frequency in Hertz which is to be isolated from the input audio by
each of the 16 dots. Minimum Sot Freq is 1 Hz, while maximum Sot Freg
depends upon the System Bandwidth setting. Set Slot Freg to Out (scroll box
in full left pogtion) if the dot is not desired. Slot Freg is adjustable in 1 Hz

steps.

Specifies width in Hertz for each of the 16 dots. Minimum and maximum Sot
Widths and adjustment resolution depend upon the System Bandwidth setting.




Stopband Control:

Clear All Button:

Filter Active Button:

Set for DTMF Button:

OK Buitton:

button after any change in System Bandwidth or Input Mode in order to
rebuild thefilter.

Used to specify the dB attenuation to be applied in between the dots currently
implemented. However, unlike the Sot Freq and Width controls, the Stopband
control is fully interactive and has instantaneous effect at dl times; clicking the
Build button is not necessary for the Stopband control to have effect. Range of
adjustment is 0 to -90.3dB.

Clears dl Sot Freq and Sot Width settings for al 16 notches and restores the
Multiple Sot filter coefficients to an dlpassfilter (no dots).

Used to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when thefilter is
in the process, and is not illuminated (GRAY) when the filter is out of the
process.

NOTE: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Pandl.

This button will set the first eight notches to each of the eight specific DTMF
tones. Thisisuseful for isolating the tonesin atelephone call. After the button
is clicked the filter must be rebuilt.

Use dther this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.

A graphical description of the Multiple Sot filter and its controls follows in Figure 4-36.

Slot Width

—-80

Attenuation (dB)

e A e

1 Slot Width 2 Slot Width 16

Slot Slot Frequency (Hz)

Figure 4-36 Multiple Slot Filter Graphical Description
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4.4.12:

Spectral Inverse Filter

Application:

The Sectral Inverse Filter (SF) is an equalization filter which automatically readjusts the
spectrum to reduce noise and muffling effects. 1t is especially useful when the voice has been
exposed to reverberations and bandlimited noises. For an automatic implementation of the
SF, usethe ASF (see Sction 4.5.3:)

SF measures the signal’ s spectrum and uses this information to implement a high-resolution
digital filter for correcting spectral irregularities and reduce added noises. Figure 4-37
illustrates the process. The original audio spectrum (top trace) isinverted (middle trace). A
digital filter is implemented which has the shape of this middle trace. When the original
spectrum (top trace) is modified by this filter, low energy frequencies are boosted and high
energy frequencies are attenuated. Theresulting “ filtered” audio has a flat spectrum.

This mode of operation is called Equalize Voice. Available controls permit the operator to
reshape the output audio to flat, pink, voice-like, or custom spectrum. The operator also
specifies the spectral range to be equalized using upper and lower frequency limits;, audio
outside these limits is attenuated. The amount of spectral correction is adjustable using the
Filter Amount control.

Amplitude
Original Audio
M Power Spectrum
Frequency
Amplitude
Spectral Inverse
W Filter Curve
Frequency
Amplitude
Resultant Audio
Power Spectrum
Frequency

Figure 4-37 Basic Process of Spectral Inverse Filter
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The equalization effect of SF is very beneficial with reverberant audio and recordings
exposed to substantial recorder wow and flutter. The noise sources must remain stationary for
SF to be effective. SF cannot readjust itself to changing noises, such as music. In such cases,
the 1-Channel adaptive filter isrecommended.

A second SF equalization mode is Attack Noise. This mode is especially useful in reducing
band limited noises such as horns and mechanically induced noises. The operator isolates the
gpectral region where the noise is present with limit cursors and the noise is precisey
flattened within that region; audio outside these limits is unaffected.

x
—Analyzer = Filter Dperation —Filter Output————————————
Gain & Equalize Voice Filter &t Output Gain
I'_n_ d8 " Attack Noise °/° 57
Murnber of Averages - Output Shape |
DIT. & Flat Custam
£ Fink | .
.  Maice . |
Builel I
| e
Lt "‘""4 U’l H !
| ki

3234 Hz

(~ Lawwer Wiice Limit

‘--. I

—Upper Yoice Limit

n 2602 Hz

[ @ Fiteractive | [Tk )

Figure 4-38 SIF Control Window When Equalize Voice Selected
Description of controlsindicatorsis asfollows:

Filter Digplay: Usad to display the origind audio spectrum Input (Yelow Trace =
Filter) and the spectrd inverse filter curve (Blue Trace = Filter Shape).
For each trace, 460 spectrd lines and 70dB of dynamic range are
displayed. A grid is superimposed to ad the user in determining
frequency and amplitude.
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Anayzer Block:

Filter Operation Block:

Used to control the spectrum andyzer which acquires the origina audio
power spectrum; this spectrum is displayed and continuously updated
inthe Filter Display areaasaydlow trace. Anadyzer controlsinclude:

Clear button which is used to zero the averager memory and cause
the averaged spectrum to be recal culated anew.

Run button which dlows the user to stat (GREEN LED
indication) or stop (LED unlit) update of the averaged spectrum.

Number of Averages setting which dlows the user to specify the
degree of smoothing of the origind audio power spectrum. For
minimum smoothing, set to 1; for maximum smoothing, set to 128.
A long-term power spectrum (64 to 128 averages) is best for
setting up the filter.

Gain control which alows the user to apply adigital gain of up to
40dB to the analyzer input, alowing low-level spectrum
components to be displayed; however, if excessve gain is applied,
the analyzer input will overload, causing the Gain labd to change
to OVL (andyzer overload) and the captions at the bottom of the
Filter Display areato change color to red.

Specifies whether SIF is to be used to Equalize Voice or Attack
Noise. When Equalize Voice is sdected, the SIF control window
appears as shown in Figure 4-38. When Attack Noiseis sdected, the
SIF Control Window appears as shown in Figure 4-39.

Equalize Voice operation is used to reshape the origind input voice
audio to a more natural-sounding spectra shape over a pecified
frequency range. All audio outsde thisfrequency range is attenuated by
400B.

Attack Noise operation is used to attack large-magnitude narrow-band

noises (such as motor noises) over a Pecified frequency range. Audio
outside this frequency range remains unaffected (OdB attenuation).
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Figure 4-39 SIF Control Window When Attack Noise Selected

Filter Amount Block

SpecifiesFilter Amount and Output Gain.

Equdize Voice or Attack Noise Filter Amount specifies the maximum
amount of volume reduction that can be gpplied by the inverse filter
within the specified frequency limits; this may be set to the gpproximate
difference in amplitude between the largest and smallest input spectra
components within the frequency limits. This value varies between O
and 100%. O indicates no filtering, 100 indicates full filtering. Varying
the Filter Amount will update the blue trace in the Filter Display to
show how the filter is affected.

NOTE: Maximum Fitler Amount should only be used when
necessary; it may excessvely eevate background noises

For Equalize Voice operation, the inverse filter response rolls off to -
40dB outside the frequency limits. For Attack Noise operation, the
inverse filter response rolls up to OdB (no attenuation) outsde the

frequency limits.

81



Lower and Upper
Voice/Noise Limits

Output Shape Block:

Equaize Voice or Attack Noise Output Gain specifies the digitd
boost to be applied to the entire spectra inverse filter curve. Normally,
Output Gain isgpplied in the Equalize Voice mode;, the gainisusudly
0 dB inthe Attack Noise mode. This boost is hecessary to make up for
the volume reduction performed by the inverse filter. Output Gain
should beinitialy set to gpproximately 0dB. If Output Gain isapplied
and the filter output is distorted, reduce Output Gain setting and re-
Build the filter; if filter output leve is too low, try increasing the
Output Gain setting.

For Equalize Voice operation, specifies Lower Voice Limit and
Upper Voice Limit. These are the lower and upper frequency limits
over which the input voice audio is equalized. Audio outside these
limits is rolled off and ultimately attenuated by 40dB. A Lower Limit
above 300 Hz and an Upper Limit below 3000 Hz is not recommended,
asvoiceintdligibility may suffer.

For Attack Noise operation, specifies Lower Noise Limit and Upper
Noise Limit. These are the lower and upper frequency limits over
which noise in the input audio is attacked. These vaues should be set
to "bracket" any noise spikesin the origind audio power spectrum.

To st the upper and lower frequency limits, use the horizonta scroll
bars to pogition the two red markers on the Filter Display to the desired
frequency positions. You may aso click-and-drag the red markers in
the Filter Digplay to the desired frequency aswell as enter the frequency
amount in the frequency entry fields.

Specifies the find reshaping curve to be applied to the entire SIF filter.
For Attack Noise only Flat should be used. For Equalize Voice four
curves are available and include Flat (no reshaping), Voice (6dB/octave
rolloff above and below 500 Hz), and Pink (3dB/octave rolloff above
100 Hz), and Custom. The Voice and Pink curves are provided to
reshape the resultant audio power spectrum to that of a typicd voice
gpectrum;  the Voice curve provides "hard" reshaping, while the Pink
curve provides softer reshaping of the spectrum.

When selecting the Custom option the Edit button will be enabled.

Clicking the Edit button will display the SIF Custom Curve edit
window (Figure 4-40). Thiswindow operates exactly the same way
as the Hi-Res Graphic filter. For operation see Section 4.4.13: .
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[=1 SIF Custom Curye
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.........

=101 %]

Build Button:

Filter Active Button:

OK Buitton:

Store Button:

Figure 4-40 SIF Custom Curve Window

Builds the spectrd inverse filter based on the origind input audio
gpectrum and the SIF control settings. When clicked, the mouse cursor
will change to an "hourglass’ shape, indicating that the PC is busy
caculating the spectra inverse filter coefficients and sending them to
the externd processor. When the filter build is complete, the mouse
cursor will return to norma and the caculated spectrd inverse filter
curve will be displayed as ablue trace in the Filter Digplay area.

Hint: Before clicking the Build button, it is recommended that the
spectrum anadyzer be set to Freeze to dlow experimentation with the
control settings for the same input spectrum.

Used to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when the
filter isin the process, and is not illuminated (GRAY) when the filter is
out of the process.

NOTE: The Active button is a0 available in the associated Filter block
on the Master Control Pandl.

Use ether this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.

This button alows the user to store a caculated spectrd inverse filter
curve to a file, which will not be lost when the computer is turned off.
Clicking this button brings up the Store Spectral Inverse Filter
window (Figure 4-41) referencing the current working folder. Once a
vdid file name is entered in the File Name field the OK button in this
window will be enabled. Clicking the OK button will recall the
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istore Spectral Inverse Filter il

sdected file from disk.

These stored settings are bandwidth
independent, athough they will will only be relevant for the

bandwidth in which they were originally created
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Individual filter zaved settings are available to all filter stages and are configuration [ dac"] file independent.

Recdll Button:

Figure 4-41 SIF Store Settings Window

This button alows the user to recdl a previoudy stored spectrd inverse
filter curve from a file, Clicking this button brings up the Recall
Spectral Inverse Filter window (Figure 4-42) referencing the current
working folder. Once avdid file nameis entered in the File Name field
the OK button in this window will be enabled. Clicking the OK
button will recall the selected file from disk. These stored settings
are bandwidth independent, although they will will only be relevant

for the bandwidth in which they were originally created.

NOTE: When recaling an stored filter the current filter settings will

be stored to afile entitled “ Previous Filter Settings.sif”.
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Individual filter sawed zettings are available to all filker stages and are configuration [*'.dac"] file independent.

Figure 4-42 SIF Recall Settings Window

Examples of Spectral |nver e Filters:

In the examples below, SIF will equdize a voice spectrum using various Equalize Voice Filter
Amountsand Output Shapes. When the Filter Amount issmall, only the pesksin the spectrum are
flattened. Asthe Filter Amount is increased, lower energy segments are equaized. The top tracein
each of the figures below gives the filter curve and the bottom trace gives the origind input spectrum.
In Figure 4-43, Figure 4-44, and Figure 4-45 the EQ Range is increased. Each increasein Rangeis
accompanied by an increase in compensating Gain. Compare the filter curve (top) to the origind input
gpectrum (bottom). As the Filter Amount is increased, more peaks are attenuated. Figure 4-45
completely compensates al pesks and valleys. Note aso how the 40 dB attenuation outside the two

Limitsis affected.
Al Fites Opewatan Filer Dutpst
e  Erusker Voo Fllwrdnout Dupul Gain
0 g8 I Allack Haist B [T :
[0 fn || Oew -
Mt of Sheiagas Okt S

F Ha © Cwlon '.
|

.
g [ okorT1ocn - Fteriroid W Gloe] o Fibe e 2 e

[ Upoes Yoo Lint

| | HE R

Figure 4-43 Equalize Voice operation, Filter Amount set to 60%, Output Shape set to Flat
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Figure 4-44 SIF with Filter Amount set to 85%
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Figure 4-45 SIF with Filter Amount set to 100%, Output Gain set to 3.2 dB
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The Output spectral Shape may be selected as Flat, illustrated in Figure 4-43, Figure 4-44, and Figure
4-45 above. It may aso be set to Voice or Pink. See Figure 4-47.

The Attack Noise mode does not attenuate Out-of-Limits signd, but equdizes and attenuates in-
Limitssgnd frequencies. Figure 4-46 illustrates.

[£1 Spectral Inverse Filter (Filter 1) i]
—Analyzer — Filker Operation — Filter Qutput—
Gain " Equalize Yoice Filter Arnount Dutput Gain
i o d& & Attack Noie I = 12 4B
3 Run Clear I |
Mumber of Averages - Dutput Shape
Bl &4 i+ Flat ¢ Custom
1 Pink
. " Woice .
Builcl I
Store |
Recall |

‘YellowTrace : Filker Input BlueTrace : Filker Shape 3234 Hz
[~ Lower Maize Lirmit

‘_,. (o e

— Upper Moize Limit

| 1913 Hz

[ @ Fiteractive ] [0k )

Figure 4-46 Attack Noise operation, Filter Amount set to 100%

Applications Suggestions
The following suggestions may be beneficid in setting up and operating the Spectra Inverse filter.

Andyzer: The FFT spectrum analyzer automaticaly produces the power spectrum of the signa
entering the SIF. For SIF to be effective, a smoothed spectrum is necessary; SIF adjusts for long-term
stable noises including resonances and steady noises.  Short-term effects of voice and non-dationary
noises will decrease the filter's effectiveness; therefore, the Number of Averages should be st large.

At least 32 averages are recommended, but more will give a smoother spectrum from which to build a
filter.
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The Anadyzer Gain should be increased to display weaker energy components. Do not overload
(OVL) the analyzer, as the spectral information would become corrupted.

Try to capture a representative spectrum using the Run button. Once a stable, representative spectrum
is obtained on the display, freeze the andyzer (GREEN Run LED unlit). This same spectrum may be
used for severd different variations of the filter (changing Limits or Filter Amount, as an example).

NOTE: Immediately following a freeze, the screen will continue to update briefly, as the PC is
receiving the fina prefrozen spectra data from the externd unit.

Limits. In the Equalize Voice operation, the Upper and Lower Voice Limits should bracket the
voicesgnal. Outsde these limits, the audio is bandpass-filtered. Setting the L owerVoice Limit above
300 Hz and the Upper Limit below 3000 Hz may adversdy affect inteligibility. Try severd sets of
Limits; build the SIFs, Store the filters, and Recall and compare in an A/B fashion.

In the Attack Noise operation, bracket the noise band surgicaly with these Limits. If there are severd
digoint noise bands, series additiond SIFs. (The PCAP Il Plus will series up to four). The audio
outsde those limitsis unfiltered.

Filter Amount and Output Gain: SIF isagpectrd attenuator. The spectra peaks are pressed down
toward the spectra valeys. The amount of reduction is limited by the Fitler Amount scroll bar. If,
however, al peaks are reduced to the lowest valey, no more reduction takes place.

For example, if the distance from the highest peak to the lowest valey between the Upper and Lower
Limits is 30dB, the maximum range actudly used will be 30dB. Normaly a Range of 60-90% is
adequate, as attacking the stronger spectra peaks will provide the necessary enhancement. Go gently
at first and compare severd SIFs with different Filter Amounts. The Store and Recall memories are
useful in saving candidate filter solutions.

Since the SIF is an attenuator, the audio level should be restored with the Output Gain scroll bar.
Normally, setting thisto 3-10 dB. If output distortion occurs, reduce the Output Gain. The Output
Gain may be increased to make up for losses in previous Filter stages. Note that the Gain isusudly O
dB in the Attack Noise mode.

Output Shape: Four output spectral shapes are selectable by the user. The Flat shape requiresthe SIF
to produce a uniform (to the degree possible) long-term output spectrum. This can be subsequently
reshaped by the Hi-Res Graphic Filter or Output Equdizer to a more natura-sounding spectrum.
Alternately, the Voice or Pink shapes may be selected which have built-in output shaping. The Pink
shape is often the most pleasing. The Custom shape is used when the other three predefined shapes
are not adequate.
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Figure 4-47 SIF with Output Shape set to Voice
Experiment: Select a section of audio and display its spectrum. Freeze the andyzer and vary different

control settings, storing built filters. Compare the results and determine the best solution.  Always
compare these different filter solutions using the same input audio.
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4.4.13:

Hi-Res Graphic Filter

Application:

In some applications, it may be necessary to precisely reshape the spectrum of input audio
prior to passng it through successve filter stages. For example, if the audio is from a
microphone which has an unusual frequency response curve (for example, a microphone
acoudtically modified as a result of concealment), a compensation filter that reshapes the
audio to a normal spectral shape might be desirable.

The Hi-Res Graphic Filter is essentially a 460-band graphic equalizer; however, instead of
having 460 separate dider contrals, it allows the user to precisely draw the desired filter
shape on the computer screen, using the mouse, with as much or as little detail as desired.
Once the filter shape has been drawn, a linear-phase digital filter is constructed in the PC
and transferred to the external processor.

The Edit feature allows the user to make readjustments to the filter shape, while the
Normalize button allows the user to shift the entire filter curve up until the highest point is at
0dB.

A Store and Recall capability is also provided to allow the user to store commonly-used filter
shapes to disk memories so that they can berecalled later.

2] Hi-Res Graphic (Filter 1)

Figure 4-48 Hi-Res Graphic Filter Window
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Description of controlsindicatorsis asfollows:

Filter Digplay:

Graphicaly displays the current shape of the filter. Also used in conjunction
with the mouse to draw a new filter shape or to edit an existing one (see New,
Edit, and Normalize button descriptions). A grid is provided to assst the user
invisualy judging frequency and attenuation at any point in the display.

Freq and Atten Used to precisely readout the frequency in Hertz and attenuation in dB

Readouits:

Store Button:

Recdll Button:

Filter Active Button:

OK Buitton:

a any point in the filter curve. Hold the left Mouse button down while editing
the curve or drawing a new curve. These readouts below the grid indicate
precise frequencies and attenuations. Releasing the button draws the segment.

This button alows the user to store a curve to a user-specified disk file that will
not be lost when the compuiter is turned off. Clicking this button brings up the
diaog shown in Figure 3-12. Save the configuration to any specified filename;
clicking the Cancel button exits the Store window without storing the curve.

This button alows the user to recall a previoudy stored curve from any of the
saved disk files previoudy generated using the Store button. Clicking this
button brings up the window givenin Figure 3-13.

NOTE: The curve tha is in memory prior to recdling any specified file
EXCEPT the one named “Previous Filter Settings” will be stored in *Previous
Filter Settings’ as part of the recall operation. Therefore, you can reload the
previous curve a any time by recalling the “ Previous Filter Settings’ file.

Usad to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED is illuminated RED when the
equalizer isin the process, and is not illuminated (GRAY') when thefilter is out
of the process.

NOTE: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Pand.

Use dther this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.
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Figure 4-50 Hi-Res Graphic Filter Recall Window

4.4.13.1: Hi-Res Graphic Mini-Tutorial

The New, Edit, and Normalize buttons are used to graphically manipulate the shape of thefilter curve.

Their functions are complex, and thus are best illustrated in the following mini-tutoria:

1 Master Control Pandl, set System Bandwidth to 5.4 kHz, Input Mode to Mono, and
Number of General Filter Stagesto 1. Go to the Filter 1 block, then select Hi-Res Graphic

from the drop-down menu.
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2.

3.

Click on the Config button to bring up the Hi-Res Graphic Filter control window. When used
for thefirst time, the control window will be the that of the previous Figure 4-48.

Click on the New button to draw anew filter. The screen will now appear asfollows:

[=1 Hi-Res Graphic (Filter 1)

The first mouse
click in the graph
region determines
the DC [0 Hz) level.

0 Hz Atter: 172 dB

Figure 4-51 New Hi-Res Graphic Filter Display

Had you accidentdly clicked the New button, you could click on Abort to restore the previous
filter.

You should now natice that al the buttons on the control window have been replaced by a
ample Abort botton. Clicking on Abort at any time prior to completing the curve restores the
previousfilter.

To draw the new filter curve, you will need to carefully click the mouse cursor on points within
thefilter display areawhich correspond to the desired attenuations at the desired frequencies.

While the mouse click button is held down, the Freq and Atten readouts will be updated asthe
mouse is moved; you can use this feature to place points in the filter curve at exact frequencies
and attenuations. When the mouse click button is released, a line segment will be drawn from
the last defined point on the curve to the current mouse cursor position.

For this example, placing points at precise frequencies and attenuations is not required; draw
the curve gpproximately as shown in Figure 4-52 usng mouse clicks.

Note that the very first click always sets the O Hz attenuation starting point.

Hint: To advance the frequency a single step move the cursor to the left of the last frequency
position and click to mouse. The curve will advanced 12 Hz at the specified attenuation.
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[=1 Hi-Res Graphic (Filter 1)

Figure 4-52 Hi-Res Graphic Draw in Progress

Complete drawing the filter curve as shown below (Figure 4-53) by drawing points al the way
to the right edge of the filter display area.

[ Hi-Res Graphic (Filter 13 |
leas ! T
Mormigize |

-----------------

Figure 4-53 Completed Hi-Res Graphic Draw

When you have drawn the last point (must be a or beyond the right edge of the filter display
area), the mouse cursor will change to an "hourglass' shape for afew seconds while thefilter is
being caculated. When the cdculations are complete, the mouse cursor and the buttonsin the
Hi-Res Graphic control window will return to normal appearance.

Suppose you decide that you would like to remove the "dip" which occursin the filter curve at

approximately 3500 Hz in Figure 4-53, above. Click on Edit to bring up the following display
(Figure 4.51):
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8.

Hi-Res Graphic Edit

Select amount in dB by which to drop the trace prior o editing.  Click on
Proceed to driop trace and contitiug edit, or click on Cancel to abort.

MOTE: If pou select Froceed, pou will next need to define the portion
of the trace to be edited by clicking on the left and right edges of the

edit region,
" 20dB
- " 25dB
" 10dB " 30dB
" 15dB " 35dB

Cancel I OK I

Figure 4-54 Hi-Res Graphic Edit Window

In this window, you can make the entire filter curve drop by a specified amount prior to editing
the curve. This can be used to create headroom which can be used to increase the gain
(decrease the attenuation) in one portion of the curve relative to the rest of the curve. For now,
select adrop of 0dB (No Drop) and click on Proceed.

Y ou should now natice that al the buttons on the control window have been replaced with a
sngle Abort button, which permits returning to the pre-Edit filter.

To edit out the dip, you will first need to define the edit region by carefully specifying the left
and right edges of the portion of the filter curve that you wish to modify. Click your mouse to
the left and to the right of the dip to produce the following display (Figure 4-55):

[=1 Hi-Res Graphic (Filter 1)

Figure 4-55 Hi-Res Graphic Define Edit Region

Now, draw in the new portion of the filter curve usng mouse clicks as in Step 4, above,
roughly as shown below (Figure 4-56).
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[=1 Hi-Res Graphic (Filter 1)

Abort I

Figure 4-56 Hi-Res Edit In Progress

9. Complete drawing the new portion of the filter curve as shown beow (Figure 4-57) by
drawing points al the way to the right edge of the edit region:

[ Hi-Res Graphic (Filter 13 |
leas !
romaz: )

Figure 4-57 Completed Hi-Res Graphic Edit

When you have drawn the last point (must be at or beyond the right edge of the edit region),
the mouse cursor will change to an "hourglass' shape for afew seconds while thefilter is being
recaculated. When the cdculations are complete, the mouse cursor and the buttons in the Hi-
Res Graphic control window will return to normal appearance.

10. Normalizing the filter places the highest point on the filter curve a 0 dB. Doing so minimizes
lossin the filter and preserves system dynamic range. Now normdize thefilter curve to OdB by
clicking the Normalize button. Y ou should see the mouse cursor change to the "hourglass'
shape for a few seconds, when the normdization caculaions are complete, the filter shape
should appear asfollows (Figure 4-58):
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[=1 Hi-Ries Graphic (Filter 1)

Figure 4-58 Normalized Hi-Res Graphic Filter

This completes the Hi-Res Graphic Filter mini-tutorial.
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4.4.14:

20-Band Graphic Filter

The 20-band Graphic Filter is an easy-to-use linear-phase FIR digital filter that is used to
reshape the spectrum of the final output signal. Reshaping is accomplished with twenty
vertical scroll bars (also called "dider™ controls) which adjust the attenuation of each
frequency band. These controls are very smilar to the dider controls found on analog
graphic equalizers found on many consumer stereo systems, and thus should be very familiar
to even the novice user.

However, unlike analog graphic equalizers, this digital equalizer has some very powerful
additional capabilities. For example, the Normalize button allows the user to instantly move
all dider controls up until the top dider is at 0dB. The Zero All button instantly sets all the
diders to 0dB, while the Maximize button instantly sets all the diders to -40dB. The All
Down 1dB button instantly moves all diders down in 1dB increments. The Link Frequency
Sliders feature allows all the didersto move together in sync whenever one is moved. None of
these functions is available in an analog graphic equalizer! Notice also that the 20 didersare
spread across the selected Bandwidth and that the frequency spacing is optimized for voice
processing.

Additionally, since a computer with a disk drive operates the equalizer, a Store and Recall
capability is available. This allows the user to store commonly-used dider configurationsin
disk memories so that they can be instantly recalled later whenever they are needed, without
having to manually adjust the dider controls.
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Figure 4-59 20-Band Graphic Filter Control Window

Description of controlsindicatorsis asfollows:

Slider controls: The twenty verticd scroll bar "dider" controls are used to set the

frequency response of the equaizer. Each dider can st the gain of its
frequency band to any vaue between 0dB and -40 dB in 1dB steps.
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Link Frequency Sliders
Checkbox:

Center Fregquency:

Gain Indication:

Normalize Button:

Zero All Button:

Maximize All Button:

All Down 1dB Buitton:

Store Button:

Recdll Button:

When checked, this feature links the 20 dider controls together such that
when any one of them is moved, dl others move together in sync.
Uncheck the box to move the diders without affecting the others.

Note that the Center Frequency of each band is labelled underneath each
dider, and that bands are more closaly spaced at low frequencies

Above each dider control, the gain for that frequency band is given. The
gain can aso be visuaized graphicaly by the postion of the dider control.

This button ingtantly shifts dl dider controls up together until the top
dider isat 0dB. After normdization, the relative pogitioning of the diders
remains the same. This dlows the digital equalizer to implement the
desired equdization curve with minimum signd loss.

This button ingtantly moves the dider controls for al bands to 0dB,
defeating the entire equdizer. Thisis a useful feature when it is desired to
reset dl didersfrom scratch.

This button ingtantly movesthe dider  controls for al bands to -40dB,
maximizing the attenuation for dl bands. Thisis auseful feature when it is
desired to quickly adjust the diders such that only afew bands are passed
with al others rgjected.

This button shifts dl diders down by 1dB from their current position; no
dider, however, will be dlowed to go below -40dB. This button alows
the user to shift the entire equdizer curve down so that there will be room
to move one or more diders up relative to the others.

This button dlows the user to store a dider configuration to a user-
gpecified disk file that will not be lost when the computer is turned off.
Clicking this button brings up the didog shown in Figure 3-12 of Chapter
3: .0. Save the configuration to any specified filename; clicking the Cancel
button exits the Store window without storing the dider configuration in
any of the memories.

This button alows the user to recal a previoudy <ored dider
configuration from any of the saved disk files previoudy generated using
the Store button. Clicking this button brings up the window given in
Figure 3-13 of Chapter 3: .0.

Note: The curve that is in memory prior to recalling any specified file
EXCEPT the one named “Previous Filter Settings’ will be stored in
“Previous Filter Settings’ as part of the recall operation. Therefore, you
can reload the previous curve at any time by recadling the “Previous Filter
Settings’ file.
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Filter Active Button:

OK Buitton:

Used to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED is illuminated RED when the
filter isin the process, and is not illuminated (GRAY') when the filteris out
of the process.

Note: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Pandl.

Use either this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.

100



4.4.15:

Tri Parametric Filter

Application:

The Tri Parametric Filter conssts of three adjustable IR filter “ substages’, connected in
series, which can be used for both peaking and nulling portions of the input signal’s
frequency spectrum. These substages can be configured independently, and are typically used
as precision notch filters, which perform nulling of the input signal at a specified Center Freq
over a specified width. The Boost/Cut parameter can be set to a negative value (-1dB to —
60dB) for this type of operation. However, a substage is also capable of peaking, which
allows a positive gain (Boost/Cut of 1dB to +16dB) to be placed at the Center Frequency over
the specified Width.

The filter input signal is first attenuated as specified by the Input Atten control, then the
attenuated signal flows sequentially through Substage 1, Substage 2, then finally Substage 3.
Controllable parameters for each seriesed substage include Center Fregquency, Width, and
Boost/Cut.

Each substage can be independently bypassed using the individual Active buttonsin order to
allow the user to more quickly and easly adjust each stage for optimum results. Smply click
in the substage that isto be adjusted while the other stages are clicked out; repeat this process
for each substage that is used. Also, an input Input Attenuation control allows the user to
quickly reduce the overall gain of the entire parametric filter without altering the overall
shaping function.

An bargraph Output Leve indicator, as well as an independent Internal Overload indicator,
assists the user in avoiding output distortion by preventing the dynamic range limits of the
filter substages from being exceeded.
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Figure 4-60 Tri Parametric Filter
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Description of operation:

The Center Freq text box / dlider controls allow the user to either type in the desired
Center Frequency of each stage directly, or to make mouse adjustments. Center Frequency
can be specified in 1 Hz steps.

The Width text box / dider controls work similarly to the Center Freq controls. The
displayed Width, however, is proportional to the Center Frequency, and will thus be
automatically changed whenever the Center Freq controls are adjusted.

The Boost/Cut controls work similarly to the Center Freq and Width controls, as the
Boost/Cut can be typed directly or selected with the dlider control. The Boost/Cut
adjustment ranges from -60dB to +16dB in 1dB increments.

Warning: Pay particular attention to the Output Level and Stage Overload
indicators when positive Boost/Cut values are used, as the maximum digital signal
range for the system can easily be exceeded.

The individual Substage Active buttons allow the user to quickly switch any substage in
(LED illuminated RED) or out (LED not illuminated) of the process. These function in the
same manner as the Filter Active button, except they a

The Input Atten text box and dider control is normally set to 0dB, but can be used to
insert an attenuation of as much as 60dB in 1dB increments. This is a useful method for
quickly reducing the overal gain of the four combined parametric stages without having to
manually adjust all four Boost/Cut controls (for example, when a Stage Overload occurs),
allowing the overal shaping characteristics of the parametric filter to be retained. Type 0
in the text box to quickly restore the input attenuation to OdB.

The Output Level bargraph, which indicates the actual parametric filter output signal
level, is provided for convenience. It functions identically to the signal bargraphs on the
Master Control Panel.

The Filter Active button allows the entire parametric filter to be switched in or out of the
process at any time. The button LED is illuminated RED when the filter is in the process,
and is not illuminated (GRAY') when the filter is out of the process. NOTE: The Filter
Active button is equivalent to, and linked with, the Active button in the associated Filter
block on the Master Control Panel.

The OK button, or the “X” button at the upper right corner of the window, is used to exit
the dialog and return to the Master Control panel.

A graphical description of a parametric filter and its controls followsin Figure 4-61.
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Figure 4-61 Graphical Representation of a Parametric Filter
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4.4.16: Inverse Comb

Application:

The Inverse Comb filter is used to indentify harmonically related noises (noises which have
exactly equally-spaced frequency components), such as power-line hum, constant-speed
motor/generator noises, etc., from the input audio. The filter response consists of a series of
equally-spaced slots. Thisfilter isthe exact opposite of the Comb Filter.

Adjust the Inverse Comb Frequency to the desired spacing between dots (also known as
"fundamental frequency"). Set the Harmonic Limit to the frequency beyond which you do not
want any more dots. Set the Attenuation to the amount in dB by which noise frequency
components are to be reduced.

Normally, the Enhance Harmonics option will be set to All, causing frequencies outside all
multiples of the Fundamental Frequency (within the Sot Limit) to be reduced However, certain
types of noises have only the odd or even harmonic components present. In these situations, set
the Enhance Harmonics option to either Odd or Even.

[ Inverse Comb (Filter 1} x|
— Fundarnental Frequency r— Harrnoric: Lirnit
I E0.000 Hz I 1440 Hz
~ Enhance Harmonics ~Aftenugtion————————————
Lo | I 20 dB
" Odd —-—
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Figure 4-62 Inverse Comb Filter
Description of controlsis as follows:

Fundamenta Frequency: Specifies fundamenta frequency in Hertz of inverse comb filter.
Slots are generated at multiples, or harmonics, of this frequency.

Note: Inverse Comb Frequency changes whenever the System
Bandwidth setting is dtered; if you change the System Bandwidth
setting, you will need to readjust the Inverse Comb Frequency for
any Inverse Comb Filters selected.
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Harmonic Limit;

Attenuation:

Enhanced Harmonics;

Filter Active Button:

Specifies frequency in Hertz above which no dots are generated
and the signdl is attenuated. Minimum Harmonic Limit is 100 Hz,
while maximum Harmonic Limit depends upon the System
Bandwidth setting. Harmonic Limit is adjustable in 50 Hz steps.

Depth of the attenuation region around the dlots that is generated.
Attenuation is adjustable from 10 dB to 60 dB in 1 dB steps.

Specifies whether dots will be generated a All, Odd, or Even
multiples, or harmonics, of the Inverse Comb Frequency. If, for
example, the Inverse Comb Frequency is set to 60.000 Hz, then
selecting All will generate dots at 60 Hz, 120 Hz, 180 Hz, 240 Hz,
300 Hz, etc. Selecting Odd will generate slots at 60 Hz, 180 Hz,
300 Hz, etc. Selecting Even will generate dots at 120 Hz, 240 Hz,
360 Hz etc.

Used to switch the Inverse Comb filter in and out of the process
without affecting the other filters in the process. Button LED is
illuminated RED when the filter is in the process, and is not
illuminated (GRAY) when the filter is out of the process.

Note: The Filter Active button is equivalent to, and linked with, the

Active button in the associated Filter block on the Master Control
Pandl.
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4417

Limiter/Compressor/Expander

Application:

The LCE (Limiter/Compressor/Expander) is a three-section dynamic signal level processor,
recommended for advanced users only. Dynamic signal level processing enables the user to
manipulate the overall dynamic range of a signal, generally to correct for near-party/far-
party and/or “ quiet talker” scenarios.

The three types of level processing available (three sections) are limiting, compression, and
expansion. Unlike an analog implementation of this process, this digital implementation is
substantially easier to set up and operate and is far more accurate. All matching of amplifier
gainsis carried out automatically by the processor. Logarithmic level conversionsare carried
out precisely in real time.

These dynamic processes modify the amplitude of the signal using a variable-gain digital
amplifier. The amplitude is a rectified and smoothed version of the signal wave form, as
measured by a real-time digital envelope detector.

The operation of the envelope detector is governed by its Attack Time and Release Time,
which are adjustable. Normally a fast attack time and dow release time are used with speech.

Stting a fast attack time (less than 10 milliseconds) causes the processor to rapidly respond
to sharp sounds. The level detector will be more peak sengtive to fagt attack time and more
average-value sendtive to longer attack times. An Attack Time of 2-5 milliseconds is
recommended for Speech applications.

Short release times, less than 100 milliseconds, may make the level detector too responsive to
intra-syllabic pause creating an annoying “ pumping” artifact. Conversdly, long release
times, greater than 500 milliseconds for example, may fail to respond to breath group pauses
and exchanges between speakers. Therefore a Release Time of 200-400 milliseconds is
generally recommended for speech applications.

The gain algorithm dynamically adjusts the signal amplification based on input signal level
and its Gain Region (limiting, compression, or expansion). If the input signal level exceeds
the Limit Threshold, it is in the Limit region. If the input signal level exceeds the
Compression Threshold, but not the Limit Threshold, it isin the Compression region. And,
lagtly, if the input signal level is below the Compression Threshold, it is in the Expansion
region. The three Gain Regions are described below:.

Limit Region: In the limit region the output signal level is “ damped” or kept from
exceeding the specified Limit Threshold by applying attenuation.
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Compression Region: In this region the output signal level changes at a fraction of
the rate of the increase of the input signal level. The dynamic range of the output
signal is thus is reduced with respect to the input signal. As an example, a 2:1
compressor would produce an output level change of only 10 dB when the input
signal changes by 20 dB. Compression allows signals of wide dynamic rangesto be
squeezed into more limited dynamic ranges of recording media and transmission
channels. Compresson aso eases ligening, especiadly for noisy audio.
Compressors are generally preferred over AGC's since input signal level
differences are more modestly preserved.

Expansion Region: In this region the output signal has a wider dynamic range than

the input signal. Expansion is the opposite of compression. As an example, with
an expansion ratio of 1:3, the output signa will change by 30 dB with only a 10dB
change in the input signal. Expansion may be used to restore a signal's dynamic
range following compression; for example, if a2:1 compression has taken place, a
1:2 expansion would restore the signal to its original dynamic range. Expansion is
also used to attenuate objectionable low-level background sounds that are below
VOiCes.
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Figure 4-63 Limiter/Compressor/Expander Control Window

Description of operation (Six different parameters are adjustable on the LCE Control Window:)

The Expansion Ratio can be adjusted through arange of 1:1 to 1:100 by using the scroll
buttons beside its text entry box, by entering the value in its text entry box, or by clicking
on the Expansion Ratio Curve using the mouse pointer and adjusting it to the desired
value. NOTE: Only the portion of the ratio to the right of the colon is specified.
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The Compression Threshold can be adjusted through a range of —90dB to 0dB by using
the scroll buttons beside its text entry box, by entering the value in its text entry box, or by
clicking on the Compression Threshold line using the mouse pointer and adjusting it to
the desired value.

The Compression Ratio can be adjusted through a range of 1:1 to 100:1 by using the
scroll buttons beside its text entry box, by entering the value in its text entry box, or by
clicking on the Compression Ratio Curve using the mouse pointer and adjusting it to the
desired value. NOTE: Only the portion of the ratio to the left of the colon is specified.

The Limit Threshold can be adjusted through a range of -90dB to 0dB by using the
scroll buttons beside its text entry box, by entering the value in its text entry box, or by
clicking on the Limit Threshold line using the mouse pointer and adjusting it to the
desired value.

The Attack Time can be adjusted through a range of 1 to 250 milliseconds by using the
scroll buttons beside its text entry box or by entering the value in its text entry box.

The Release Time can be adjusted through a range of 50 to 2000 milliseconds by using
the scroll buttons beside its text entry box or by entering the value in its text entry box.

Other indicators are the Input and Output Level Displays. The Input Level Display shows
the current envelope level for the stage. The Output Level Display shows the output level
of the stage calculated by multiplying the input envelope by the gain. The current position
on the LCE graph is shown via a “dancing” orange dot. The Current Gain display shows
the current instantaneous gain value of between —90dB and 90dB, as calculated by the
external processor.

108



4.5. BROADBAND FILTER CONTROL WINDOWS

45.1: Noise Reducer

Application:

The Noise Reducer is a frequency-domain spectral-subtraction filter that implements automatic noise
reduction over 512 separate frequency bands. It operates by continually measuring the spectrum of
the input signal and attempting to identify which portions of the signal are voice and which portions
are non-voice (or noise). All portions determined to be noise are used to continually update a noise
estimate calculation; this is used to calculate the equalization curve that needs to be applied to the
input signal to reduce each band's energy by the amount of noise energy calculated to be in that
band.

The net result is an output signal that has all non-voice signals reduced in level as much as possible,
thereby “ polishing” the enhanced voice signal as much as possible prior to final equalization and
AGC.

Operation of the Noise Reducer is governed by two primary controls: the Master Attenuation Control
and the Noise Smoothing button. Adjusting the Master Attenuation Control allows the user to
precisely control the amount of noise reduction being applied; the greater the value, the more
aggressive the operation of the Noise Reducer.

Because large amounts of noise reduction invariably create audible “birdy noise” artifacts in the
output audio due to the nature of adaptive frequency-domain processing, the user should always try
to minimize the amount of noise reduction being applied to achieve the best balance between maximal
noise reduction and minimal audible artifacts.

In cases where a large amount of noise reduction needs to be applied, but audible artifacts are
unacceptable, it is recommended that the Noise Smoothing feature be activated in order to try to
minimize the audible artifact as much as possible.

Finally, for convenience an Output Gain control and Output level bargraph are provided to enable
the user to adjust the processed output signal to maximum level for better listening and recording.
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Figure 4-64: Noise Reducer Control Window

Description of controlsindicatorsis asfollows:

Master Attenuation
Control:

Noise Smoothing

Button:

Output Gain:

Clear Button:

Filter Active Button:

OK Buitton:

Used to specify the amount of noise reduction that the spectral subtraction
attempts to apply to the input signal. Adjustment range is O (no attenuation) to
100% (maximal attenuation) in 1% increments.

Used to activate or deactivate a specid feature that minimizes the amount of
audible artifacts that occur when aggressive settings are used for the Magter
Attenuation Control. Feature is either on (LED illuminated GREEN) or off
(LED not illuminated).

Allows user to apply between 0 and 30dB of

makeup gain to the processed output signal to maximize the signa level prior
to fina equalization, AGC, and ligening/recording. The associated Output
bargraph shows the actua output signd level after the gain has been gpplied.

Used to clear the spectrd subtraction solution currently in memory and restart
the dgorithm from scratch.

Used to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when thefilter is
in the process, and is not illuminated (GRAY) when the filter is out of the
process.

Note: The Filter Active button is equivaent to, and linked with, the Active
button in the associated Filter block on the Master Control Pandl.

Use dther this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control pand.
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4.5.2: NoiseEQ™

Application:

Like the Noise Reducer tool, the NoiseEQ™ is a frequency-domain spectral-subtraction filter that
implements automatic noise reduction over 512 separate frequency bands. It operates by continually
measuring the spectrum of the input signal and attempting to identify which portions of the signal are
voice and which portions are non-voice (or noise). All portions determined to be noise are used to
continually update a noise estimate calculation; this is used to calculate the equalization curve that
needs to be applied to the input signal to reduce each band’s energy by the amount of noise energy
calculated to be in that band.

The net result is an output signal that has all non-voice signals reduced in level as much as possible,
thereby “ polishing” the enhanced voice signal as much as possible prior to final equalization and
AGC.

Operation of the NoiseEQ is governed by two primary controls. the Frequency Soecific Noise
Reduction (FSNR) control group and the Noise Smoothing button. Adjusting the control diderswithin
the FANR section allows the user to precisay control the amount of noise reduction being applied
within each of 20 distinct groups of frequency bands, offering much more precise control of the
gpectral subtraction than is available in the Noise Reducer tool, though it does take more time to
setup.

Theideaisto tailor the FSNR controls to minimize the amount of noise reduction applied within the
speech frequency groups while maximizing it in other frequency groups. For each dider control, the
greater the value, the more aggressive the operation of the NoiseEQ will be within that group of
frequencies. Because large amounts of noise reduction invariably create audible “birdy noise”
artifacts in the output audio due to the nature of adaptive frequency-domain processing, the user
should always try to minimize the amount of noise reduction being applied in each band to achieve
the best balance between maximal noise reduction and minimal audible artifacts.

In cases where large amounts of noise reduction need to be applied, but audible artifacts are
unacceptable, it is recommended that the Noise Smoothing feature be activated in order to try to
minimize the audible artifact as much as possible.

Finally, for convenience an Output Gain control and Output level bargraph are provided to enable
the user to adjust the processed output signal to maximum level for better listening and recording.
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Figure 4-65: NoiseEQ™ Control Window

Description of controlsindicatorsis asfollows:

Frequency Specific
Noise Reduction:

Noise Smoothing
Button:

Output Gain:

Clear Button:

Used to specify the amount of noise reduction that the spectral subtraction
attempts to apply to the input signa within each of 20 separate groups of
frequency bands. Within each band, adjustment range is O (no attenuation) to
100% (maxima attenuation) in 1% increments. In much the same manner as
the 20-Band Graphic Equdizer, specid extra controls dlow the user to Link
Frequency Sliders, Zero All, Maximize All, Normdize, and Store/Recal
complete curvesto/from disk files.

Used to activate or deactivate a specid feature that minimizes the amount of
audible artifacts that occur when aggressive settings are used for the Magter
Attenuation Control. Feature is either on (LED illuminated GREEN) or off
(LED not illuminated).

Allows user to apply between 0 and 30dB of makeup gain to the processed
output sgnd to maximize the sgnd levd prior to fina equdization, AGC, and
ligtening/recording. The associated Output bargraph shows the actua output
ggnd level after the gain has been gpplied.

Used to clear the spectra subtractionsolution currently in memory and restart
the dgorithm from scratch.
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Filter Active Button:

OK Buitton:

Usad to switch the filter in and out of the process without affecting the
operation of the other filters. Button LED isilluminated RED when thefilter is
in the process, and is not illuminated (GRAY) when the filter is out of the
process.

Note: The Filter Active button is equivadent to, and linked with, the Active
button in the associated Filter block on the Master Control Pandl.

Use dther this button or the “X” button at the upper right corner of the
window to exit the didog and return to the Master Control panel.
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45.3: Adaptive Spectral Inverse Filter (ASIF)

Application:

The Adaptive Spectral Inverse Filter (ASIF) is an equalization filter that automatically readjusts
the spectrum to match an expected spectral shape. It is especially useful when the target voice
has been exposed to spectral coloration (i.e. muffling, hollowness, or tinniness), but it can also
be used to remove bandlimited noises. This filter is much like the Spectral Inverse Filter (SF,
See Section 4.4.12: ), except it continually updates the spectral solution, whereas the SF only
updates the solution when it is* built” .

The ASF maintains an average of the signal’s spectrum and uses this information to implement
a high-resolution digital filter for correcting long-term spectral irregularities. The goal of the
filter is to reshape the overall spectral envelope of the audio, not to respond to transient noises
and characteristics.

Several user controls are available for refinement of ASF operation. The user can specify the
expected spectrum so that the output audio is reshaped to a flat, pink, voice-like, or custom
curve. An adapt rate setting controls the update rate for the spectral average, which in turn
determines how quickly the filter responds to changes in the input audio. Upper and lower limit
controls allow the user to specify the range over which equalization is applied, and a mode
setting controls whether frequencies outside the equalization range are attenuated or |left
unaffected. The amount of spectral correction is adjustable using the Filter Amount control.
The user can enable the auto-gain functionality to ensure that the output audio level is
maintained at approximately the same as the input audio level. If the user disables the auto-
gain, an output gain dider is available to manually boost the level of the output signal.

As an aid to visualizing the filter operation, the user can choose to view the input and output
audio traces or the filter coefficient trace.
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Figure 4-66: ASIF control window

Description of controls/indicatorsis asfollows:

Display Trace and The display trace can be used to view either the filter input and output
Display Controls: audio or the ASIF filter response. The radio buttons in the Display
Trace block alow the user to select which type of trace is shown.

When viewing audio on the display, the user can choose to view the
Input Audio only, the Output Audio only, or both input and output
audio. This selection is made using the checkboxes in the Audio Trace
block. Theinput audio is aways shown in yellow and the output audio is
aways shown in blue. The audio trace shows 460 spectral lines and a
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Adaptation:

Adapt Button:

Clear Button:

Adapt Rate Control:

dynamic range from O to -70 dB.

When viewing the filter response on the display, the user can choose the
dynamic range of the trace. This selection is made using the drop-down
menu in the Filter Trace block. Because the filter can both attenuate
and boost frequencies, the trace grid does not have hard range limits.
Instead, the trace limits are automatically adjusted to “good” settings
based on the user-specified range and the filter response values. The
trace will always obey the user-specified range, but the minimum and
maximum vaues on the verticad axis will adjust as necessary to
accommodate the filter response values. The filter response trace reflects
the actual coefficients that are applied to the input audio to get the output
audio. This means that the trace will reflect the voice limits, output
shape, filter amount, operation mode, and the applied auto gain or
manual gain.

A marker is available to help identify the value of a specific point on the
trace. The marker, which looks like a set of crosshairs, can be placed
anywhere on the trace and its frequency (horizontal position) and
amplitude (vertical position) can be read just below the trace display.
The marker is available on both the audio and filter response traces.

The controls in this block are used to specify the adaptation rate of the
averager on which the ASIF is based

When the green light is lit (and the button depressed), the ASIF is
adapting in response to incoming audio. When the light is unlit (and the
button unpressed), the ASIF response is frozen.

This button allows the user to re-initialize the ASIF response and restart
adaptation.

Note: After a Clear operation or after re-enabling adaptation, there will
be an adaptation period while the filter adapts to the current input signal.
The length of this adaptation period depends on the Adapt Rate control
setting.

This control alows the user to select the rate of adaptation for the
gpectral average on which the ASIF response is based. The spectra
averager uses an exponential average of the form Hi., = (8)(Xi+1) + (1-
a)(H;). The value shown in the display box corresponds to the averaging
constant a in the exponential average. The lower the adapt rate value,
the dower the filter will respond to changes in the input audio.

Note: “Fast response” sounds like a good thing, so it can be tempting to
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Filter Operation:

Output Shape:

set the adapt rate to a high value. However, the goa of the ASIF is not
to remove transient noises, but rather to reshape the long-term spectral
envelope of the signal. If the adapt rate is too fast, the filter will respond
too quickly to transient audio characteristics, which will produce artifacts
in the output audio and will prevent the filter from settling on a good
average solution. For this reason, most applications will work best with
adapt rates at the low end of the available range. If you hear tona
artifacts that come and go in the output audio, or if the filter trace display
coefficients seem to be changing rapidly, you probably need to reduce the
adapt rate.

In this block, the user can select the operational mode of the filter. If the
filter is being used to correct spectral coloration, the Equalize Voice
mode should be selected. If thefilter is being used to remove bandlimited
noise, the Attack Noise mode should be selected.

Note: The Filter Operation mode selection only affects the behavior of
the filter outside the range selected by the upper and lower limits. In
Equalize Voice mode, the frequency ranges outside the limits are
attenuated. In Attack Noise mode, the frequency ranges outside the
limits are left unaffected (subject to a transition region near the limits). If
the auto gain is disabled and the manual gain is set to O dB, frequencies
outside the limits and transition regions will be unaffected. However, if
gain is applied, the gain will be reflected over the entire frequency range.
See the section on Upper and Lower Voice Limits for more
information on selecting the range.

Note: Changing the filter operation mode does not require an adaptation
period to arrive at a “good” solution. Because a full average spectrum is
maintained regardless of the mode setting, the new mode takes effect
instantaneously in both the output audio and the display traces.
However, since the auto gain adapts based on the actual applied filter
with operational mode taken into account, there may be some adaptation
time required to reach a stable auto gain value after the mode is changed.

In this block, the user can select the target spectral shape that the filter
attempts to achieve. The ASIF has an inherent spectral flattening effect
on the audio. The selected spectral shape is applied to further reshape
the audio spectrum. The following output shapes are available:

Flat — no additional shaping after ASIF flattening

Pink -- 3 dB per octave rolloff above 100 Hz is applied in addition to
ASIF flattening

Voice — 6 dB/octave rolloff above and below 500 Hz in addition to
ASIF flattening
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Custom Curve:

[-1 ASIF Custom Curve

Mew

Marmalize

---------

Custom — user draws custom curve to be applied in addition to ASIF
flattening

Note: Changing the output shape does not require an adaptation period
to arrive at a “good’ solution. Because a full average spectrum is
maintained regardless of the output shape setting, the new output shape
takes effect instantaneoudy in both the output audio and the display
traces. However, since the auto gain adapts based on the actual applied
filter with the shaping curve taken into account, there may be some
adaptation time required to reach a stable auto gain vaue after the
shaping curve is changed.

To draw a custom curve, select Custom and then click the Edit button
beneath the Custom selection button; the ASIF Custom Curve window
will open. Click New to begin anew curve. To draw the curve, use your
mouse to make single clicks within the axes; the curve is built piecewise
by “connecting the dots’ at the click locations. For fine control of the
click locations, use the cursor coordinate information located at the
bottom of the drawing axes. The ASIF custom curve drawing window is
identical to the Hi-Res Graphic Filter drawing window. For more
information on drawing a custom curve, see Section 4.4.13: .

Y ou can save custom curves for later use. Click the Store button to save

your custom curve to a file. Click the Recall button to load a custom
curve that was previoudy saved to afile.

=10l x|

Filter Outpuit:

Figure 4-67: ASIF custom curve drawing window

The controls in this block alow the user to make adjustments to the filter
output. An output level bargraph is shown as an aid to determining the
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Filter Amount

Output Gain and
Auto Gain:

Lower and Upper

output level.

This setting controls the degree to which the ASIF can affect the signd,
with 0% corresponding to no filtering and 100% corresponding to full
filtering. In generdl, it is best to use the minimum Filter Amount setting
that produces the desired result. When Equalize Voice mode is used, a
lower Filter Amount can reduce artifacts that result from a fast adapt
rate, so the Filter Amount can be used to help strike a balance between
responsiveness and stability. When Attack Noise mode is used to reduce
bandlimited noise, a lower Filter Amount setting will often be a better
choice to prevent the elevation of background noises.

Notee Changing the Filter Amount setting does not require an
adaptation period to arrive at a “good” solution. Because a full average
spectrum is maintained regardless of the setting, the new filter amount
setting takes effect instantaneoudly in both the output audio and the
display traces. However, since the auto gain adapts based on the actual
applied filter with filter amount taken into account, there may be some
adaptation time required to reach a stable auto gain value after the filter
amount is adjusted.

Example 2 below illustrates the effect of the Filter Amount control.

These controls provide two options for adjusting the level of the ASIF
output. When Auto Gain is enabled, the ASIF automatically monitors
the input and output levels and applies a gain value that matches the
output level to theinput level. When Auto Gain is disabled, the user can
use the Output Gain setting to specify the amount of boost applied to
the ASIF output.

The Auto Gain is an adaptive value whose rate of change depends on the
same Adapt Rate dlider setting that controls filter coefficient averaging.
This means that when the filter response changes rapidly and
dramaticaly, the auto gain will take some time to “catch up” to these
changes. In particular, the output audio may clip when user settings are
changed in a ways that have a boosting effect, such as switching from a
pink to aflat shaping curve, adjusting the filter amount, or increasing the
size of the ASIF region in Equalize Voice mode so that some frequencies
that had been heavily attenuated are now present. While these settings
changes will take effect immediately, the Auto Gain may take some time
to adapt to the change. For this reason, when the user expects to be
making many changes in the settings, it is often better to disable Auto
Gain and instead choose a manual gain setting that avoids clipping.

The Lower and Upper Voice Limits alow the user to specify the
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Voice Limits;

Store/Recall
Buttons:

frequency range, or “ASIF region,” over which the ASIF is applied. Two
red markers, controlled by the diders below the display trace, indicate
where the lower and upper voice limits are located. The markers may
also be adjusted by clicking and dragging within the display trace.
Viewing audio on the display trace while manipulating the markers is an
easy way to identify where your ASIF region limits should fall.

In Equalize Voice mode, the ASIF region is typically chosen to be the
range over which speech frequencies are found. Setting a Lower Limit
above 300 Hz or an Upper Limit below 3000 Hz is not recommended in
equdize voice mode, as intelligibility may suffer. When in Equalize
Voice mode, al frequencies outside the ASIF region are assumed to be
non-speech and are therefore attenuated.

In Attack Noise mode, the ASIF region is typically chosen to “bracket”
the bandlimited noise as closely as possible. Frequencies outside the
ASIF region will be “passed through,” i.e. there will be little or no effect
outside the ASIF region except for a narrow transition band between the
ASIF region and the passbands.

Note: Changing the Voice Limits does not require an adaptation period
to arrive at a “good” solution. Because a full average spectrum is
maintained regardless of the Voice Limit settings, the new Voice Limits
will take effect instantaneoudly in both the output audio and the display
traces. However, since the auto gain adapts based on the actual applied
filter with voice limits taken into account, there may be some adaptation
time required to reach a stable auto gain value after the limits are
changed.

The Store and Recall buttons allow the user to save the state of the
ASIF to be recalled for later use. After clicking the Store button, the
user selects an “.asf” filename under which the ASIF state will be stored.
Upon clicking OK, the system takes a snapshot of the filter state and
saves that information into the specified file.

To restore a saved ASIF file, the user clicks the Recall button, selects the
desired “.asf” file, and then clicks OK for the settings to be loaded into
the ASIF module.

The Store and Recall functionality saves the adapted state of the filter in
addition to dl the user settings. This means that the stored file contains a
filter shape that is adapted to whatever audio was running through the
system at the time of the store. When the filter is recalled, it opens with
Adapt disabled so that the state of the filter is preserved until the user
wishes it to begin adapting.
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Filter Active Button:

OK Button:

To begin adapting from the previoudy adapted filter state (i.e. if the
current input audio is similar to the store-time input), smply click the
Adapt button to enable filter adaptation. To use the saved settings but
re-start filter adaptation from an initialized state (i.e. if the current input
audio is different from the store-time input), click Clear to clear the filter,
then click Adapt to enable filter adaptation.

This button alows the user to switch the filter in and out of the
processing chain. When the Filter Active LED isred, thefilter is active.
When the LED is gray, the filter is not active.

Note: The filter continues to run and adapt even when it isinactive. The
input rather than the filtered audio is routed to the output. This means
that the filter continues to maintain a solution to the current audio input,
assuming that adaptation is enabled. When the filter is made active again,
the current solution will take effect instantaneously with no adaptation
period.

To exit the ASIF Configuration window, click OK. The filter will
continue to run using the current settings.
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Examples:

1. This example shows atypical use of the ASIF. The target audio is speech, but the speech
is severely muffled. The muffling can be visualized on the audio trace, where the yellow
input trace shows a sharp drop-off for frequencies above approximately 600 Hz. The
ASIF boosts these muffled frequencies. The blue output trace shows that the muffled
frequencies have been boosted so that the overall signal spectrum looks more like the

selected pink output shape.
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Figure 4-68: Audio trace view for ASIF Example 1

The filter trace view shows what the ASIF filter response looks like. Within the ASIF
region, frequencies below 600 Hz are basically unaffected, while frequencies above 600
Hz are boosted considerably. Outside the ASIF region, the frequencies are attenuated
since we are in Equalize Voice mode.
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Figure 4-69: Filter trace view for ASIF Example 1

2. The Filter Amount controls the degree of filtering that is applied to the signal. In Example
1, the Filter Amount was set to 100%, or full filtering. The figures below show the same
filter at other filter amount settings. Notice that, as the filter amount is reduced, the filter
shape converges to the selection output shape (with gain applied).
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4.6: EQUALIZER CONTROL WINDOWS

This section provides detailed description of the control window for each equalizer mode. For any
digita Equdizer block, the control window for the selected equdizer is accessed by clicking on the
Control button.

The output equdizer is used to reshape the noise-reduced digitdly filtered sgnd. In the process of
enhancement, high frequencies might be boosted (thisis common with both the 1-Channel adaptive and
Spectral Inversefilters). The output equalizer enables the operator to restore naturalness to the speech
and de-emphasize resdua high-frequency hiss.

46.1: 20-Band Graphic Equalizer

Application:

The 20-band Graphic Equalizer is an easy-to-use linear-phase FIR digital filter that is used to
reshape the spectrum of the final output signal. Reshaping is accomplished with twenty
vertical scroll bars (also called "dider™ controls) which adjust the attenuation of each
frequency band. These controls are very smilar to the dider controls found on analog
graphic equalizers found on many consumer stereo systems, and thus should be very familiar
to even the novice user.

However, unlike analog graphic equalizers, this digital equalizer has some very powerful
additional capabilities. For example, the Normalize button allows the user to instantly move
all dider controls up until the top dider is at 0dB. The Zero All button instantly sets all the
diders to 0dB, while the Maximize button instantly sets all the diders to -40dB. The All
Down 1dB button instantly moves all diders down in 1dB increments. The Link Frequency
Sliders feature allows all the didersto move together in sync whenever one is moved. None of
these functions is available in an analog graphic equalizer! Notice also that the 20 didersare
gpread across the selected Bandwidth and that the frequency spacing is optimized for voice
processing.

Additionally, since a computer with a disk drive operates the equalizer, a Store and Recall
capability is available. This allows the user to store commonly-used dider configurationsin
disk memories so that they can be instantly recalled later whenever they are needed, without
having to manually adjust the dider controls.
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Figure 4-72 20-Band Graphic Equalizer Control Window

Description of controls/indicatorsis asfollows:

Slider controls:

Link Frequency Sliders
Checkbox:

Center Frequency:

Gain Indication:

Normalize Button:

Zero All Button:

Maximize All Button:

The twenty vertical scroll bar "dider” controls are used to set the
frequency response of the equaizer. Each dider can st the gain of its
frequency band to any vaue between 0dB and -40 dB in 1dB steps.

When checked, this feature links the 20 dider controls together such
that when any one of them is moved, all others move together in sync.
Uncheck the box to move the diders without affecting the others.

Note that the Center Frequency of each band is labelled underneath each
dider, and that bands are more closaly spaced at low frequencies

Above each dider contral, the gain for that frequency band is given. The
gain can dso be visudized graphicaly by the postion of the dider control.

This button ingtantly shifts adl dider controls up together until the top
dider isat 0dB. After normalization, the relative positioning of the diders
remains the same. This dlows the digital equalizer to implement the
desired equdization curve with minimum signdl loss.

This button ingtantly moves the dider controls for al bands to 0dB,
defeating the entire equalizer. Thisis a useful feature when it is desired to
reset dl didersfrom scratch.

This button ingtantly movesthe dider  controls for al bands to -40dB,
maximizing the attenuation for dl bands. Thisis a useful feature when it is
desired to quickly adjust the diders such that only a few bands are passed
with dl others rgjected.
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All Down 1dB Buitton:

Store Button:

Recdll Button:

EQ Active Button:

OK Buitton:

This button shifts al diders down by 1dB from their current position; no
dider, however, will be dlowed to go below -40dB. This button alows
the user to shift the entire equalizer curve down so that there will be room
to move one or more diders up relative to the others.

This button dlows the user to store a dider configuration to a user-
gpecified disk file that will not be lost when the computer is turned off.
Clicking this button brings up the didog shown in Figure 3-12 of Chapter
3: .0. Savethe configuration to any specified filename; clicking the Cancel
button exits the Store window without storing the dider configuration in
any of the memories.

This button alows the user to recal a previoudy <ored dider
configuration from any of the saved disk files previoudy generated using
the Store button. Clicking this button brings up the window given in
Figure 3-13 of Chapter 3: .0.

NOTE: The curve that is in memory prior to recdling any specified file
EXCEPT the one named “Previous Filter Settings’ will be stored in
“Previous Filter Settings’ as part of the recall operation. Therefore, you
can reload the previous curve at any time by recaling the “Previous Filter
Settings’ file.

Usad to switch the equdizer in and out of the process without affecting
the operation of the other filters. Button LED is illuminated RED when
the equdizer is in the process, and is not illuminated (GRAY) when the
equdizer isout of the process.

NOTE: The EQ Active button is equivaent to, and linked with, the
Active button in the associated Equalizer block on the Master Control
Pand.

Use either this button or the “X” button at the upper right corner of the
window to exit the dialog and return to the Master Control panel.
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4.6.2:

Spectral Graphic Equalizer

Application:

For many output equalization requirements, the 20-Band Graphic Equalizer described in
Section 4.6.1:  should be adequate. Its resolution is limited, having only 20 coar saly-spaced
dider controls;, some applications require finer control of the output spectrum shape. For this
reason, the 115-band Spectral Graphic Equalizer is provided (a 460-band version is also
available as the Hi-Res Graphic Filter described in Section 4.4.13: ).

The Soectral Graphic Equalizer is essentially a 115-band graphic equalizer, but does not
have 115 separate dider controls. Rather, it allows the user to precisely draw the desired
equalizer shape on the computer screen, using the mouse, with as much or as little detail as
desired. Once the equalizer shape has been drawn, a linear-phase digital filter is created and
loaded into the digital equalizer stage for implementation.

The Edit feature allows the user to make adjustments to the equalizer shape, while the
Normalize button allows the user to shift the entire equalizer curve up until the highest point
isat OdB.

A Store and Recall capability is also provided to allow the user to store commonly-used
equalizer shapes to disk memories so that they can berecalled later.

Description of operation:

The Spectrad Graphic Equalizer operation is identicd to the Hi-Res Graphic Filter of Section 4.4.13: ,
with the singular exception that its resolution is one-fourth as great. Please refer to this section for
operating instructions and illustrations.
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4.6.3. Dual Parametric Equalizer

The Dud Parametric Equalizer is identica to the Tri-Parametric Filter described in Section 4.4.14:
except that only two substages are available instead of three. Please refer to that section for operating

instructions.

[£9 Dual Parametric {Mono Equalizer) : 5'

— Input Atten —Substage 1 MWide] — Substage 2 [Wide] — Dutput Lewvel

IT o Center Freq: Center Freq: oL
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Suggestion: Adjust each substage separately, with other substage inactive.

Figure 4-73 Dual Parametric Filter

129




4.6.4: Limiter/Compr essor/Expander

The Equalizer Stage Limiter/Compressor/Expander isidentica to that found in the General Filter
Stages. Please refer to Section 4.4.17: for more details on thistool.
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4.7: STORING AND RECALLING INDIVIDUAL FILTER SETTINGS

Several of the filters and equalizers provide the ability to store their individual settings to a disk
file. These settings can be recalled for later use with other configurations. These individual filter
settings files are in addition to the setup files that store the entire configuration. Filters or
equalizers that provide these features will have a Store or Recall button on their control
windows. Table 4-1 shows the different filters that allow store and recall of ther individual
settings.

Table 4-1 Individua Filter Settings File Extensions

Filter Type Individual Settings
File Extension
20-Band Graphic Filter and Equalizer tbg
Spectral Inverse Filter gf
Spectral Inverse Filter Custom Curve .SCC
Hi-Res Graphic Filter hrf
Spectral Graphic Equalizer .edf
NoiseEQ Broadband Filter .neq
Adaptive Filter Coefficients .cof

4.7.1: Storing Individual Settings Files

Upon clicking the Stor e button from the respective filter control window the Store Filter window
will appear. This window will be intialized to open in the current working folder (See Section
6.3: for more information about the current working folder). The appropriate file extension will
be placed in the File Name entry field. If you leave the file extension off of the file name it will be
automatically appended for you. Clicking on a vaid individua settings file from within the file
selection window will fill the File Name entry field with the name of the file clicked. If the file
aready exists a window will appear requesting verfication before the file is overwritten. Once a
valid file name has been entered clicking the OK button will store the settings file and dismiss the
Store Filter window.
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Figure 4-74 Store Individua Settings Window for the SIF

Recalling Individual Settings Files

Upon clicking the Recall button from the respective filter control window the Recall Filter
window will appear. This window will be intialized to open in the current working folder (See

Section 6.3: for more information about the current working folder).

The appropriate file

extension will be placed in the File Name entry field. If you leave the file extension off of the file
name it will be automatically appended for you Clicking on a valid individua settings file from
within the file sdlection window will fill the File Name entry field with the name of the file
clicked. Once avalid file name has been entered clicking the OK button will store the settings file
and dismiss the Recall Filter window.
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Figure 4-75 Recall Individual Settings Window for the 20-Band Graphic Filter



4.8: VISUALIZATIONTOOLS

4.8.1: Spectrum Analyzer and Coefficient Display Buttons

—“isualization

Ej EnefﬁcintDisplav]

“ﬁi.llll'l'lllln.«‘lh..

[ ) Spectrum Analyzer

Figure 4-76 Spectrum Analyzer and Coefficient Display Buttons

Clicking the Spectrum Analyzer button until the LED is illuminated BLUE brings up the Spectrum
Anayzer window; clicking until the LED is not illuminated closes the window. For fast access to the
Spectrum Andyzer window, press <Alt-S> on the keyboard. See Section 4.8.2: for complete
instructions on operating the controls in the Spectrum Analyzer window.

Similarly, clicking the Coefficient Display button until the LED is illuminated BLUE brings up the
Coefficient Digplay window; clicking until the LED is not illuminated closes the window. For Fast
access to the Coefficient Display, press <Alt-E> on the keyboard. See Section 4.9: for complete
instruction on operating the controls in the Coefficient Display window.
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4.8.2:

Spectrum Analyzer Window

Application:

To properly utilize the processing tools, it is often necessary to measure the frequency
characteristics of the input signal. This asssts in determining the type of filtering needed.
Also, after processing the signal, it may be desirable to compare the frequency characteristics
of each digital filter output to those of the input signal, thus determining the effectiveness of
each digital filter. A dual-channel FFT spectrum analyzer with sdectable inputs is ideal for
accomplishing these tasks.

The dual-channd FFT spectrum analyzer is used to view the frequency spectrum of the signal
at any stage of the enhancement process. Two traces, Trace 1 and Trace 2, can be displayed
either smultaneoudly or separately. Either trace can be configured to the signal spectrum at
any point in the processing chain. The Averager feature combines successive spectra to
achieve a dower, smoother display. Each trace conssts of 460 spectral lines with a useable
dynamic range of 70dB. Adjustable Gain controls allow up to 40dB of digital gain to be
applied to each trace to boost low level signals to better fit within the this dynamic range. An
overall dynamic range of 110 dB isthus available.

A moveable Marker allows frequency and magnitude readout at any point in the two spectra.
The Find Peak feature allows the marker to be moved instantly to the largest magnitude
displayed.

Finally, the Spectrum Analyzer window is fully sizeable, and can utilize all the available

display area for viewing if desired. Controls can be hidden using the Hide Controls checkbox,
and printouts can be generated using the Print button.
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Figure 4-77 Spectrum Analyzer Window

Description of controlsindicatorsis asfollows:

Averager Block:

Controls averaging of successive FFT spectrd traces.

Number of Averages sdalects the number of averages to be applied to spectra
traces in the Exponentid and Peak Hold averaging modes (explained below).
The more averages applied, the smoother the displayed spectrum waveforms
will be; however, the waveforms will dso update more dowly as Number of
Averages is increased. For voice filtering applications 8 to 32 averages are
recommended. The user can freeze an averaged trace by clicking Run button
until the LED is not illuminated; resume the analyzer screen update by dicking
Run button until the LED is illuminated GREEN. The user may clear the
averaged trace(s) and restart the average a any time by clicking on the Clear
button. The Mode sdection dlows the user to switch the averaging mode
between No Average (non-averaged spectrum displayed for fastest response),
Exponential averaging (normally recommended — spectrum builds both up and
down using specified Number of Averages), or Peak Hold averaging
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Marker Block:

Trace 1Block:

Trace 2 Block:

Spectrum Digplay:

(gpectrum only builds up using specified Number of Averages, can never come
down, thus capturing any strong peaks that might occur).

Used to turn the vertical red marker in the Spectrum Display area on and off
via the Marker button; GREEN LED indicates the marker is on, LED OFF
indicates the marker is off. The marker alows frequency (Freq) and magnitude
(Mag) readout of any point in the spectra. Also, the Show Grid checkbox can
be used to turn the grid markings on and off as needed for viewing the spectral
graph most clearly.

To move the marker, smply click and/or drag the mouse cursor to any desired
point within in the Spectrum Display area. Clicking the Find Peak button
instantly moves the marker to the largest magnitude in the Spectrum Display.

Defines what is displayed by the ydlow-colored spectrum trace. The signa
selection combo box dlows the user to place the andyss for Trace 1 a any
point in the processing chain; available options depend upon the System
Bandwidth and I nput M ode settings.

The Gain scroll bar dlows the user to apply digital gain to the Trace 1 input
ggnd prior to FFT andyss, dlowing sgnds which fdl beow the 70dB
dynamic range of the andyzer to be viewed. Gain may be adjusted from 0dB
(no gain) to 40dB.

If the Gain setting istoo large, the Trace 1 input may be overloaded, causing a
distorted spectrum display. When an overload does occur, the Gain labd will
change to OVL and the yellow magnitude readout at the bottom of the display
will change from yellow to red. Overloads affect only the display and have no
effect on the processed signdl.

The Show Trace checkbox alows Trace 1 to be turned on and off as
necessary; note that showing both Trace 1 and Trace 2 will tend both to clutter
the grid and dow down the screen update; it is therefore recommended that
only one or the other be checked at any given time, unless overlayed viewing is
needed.

Identica to the Trace 1 Block, except that it manages the blue-colored
spectrum trace.

Spectra are displayed in Cartesian (X,Y) format, with the Y axis representing
magnitude in dB and the X axis representing frequency in Hertz. An optiona
grid can be superimposed on the black background to assst the user in visudly
judging frequency and magnitude of spectra components.
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Hide Controls
Checkbox:

Print Button:

Close Button:

A vertica red marker is used to read out the exact magnitude(s) (M ag) of any
frequency (Freq) in the spectrum display. To manage the marker, smply click
the mouse cursor on the desired point in the Spectrum Display area, or utilize
the controlsin the Marker Block, described above.

Unchecking this box alows the Spectrum Display to utilize the full
window space; recheck the box if accessto the controlsis required.

Generate a hardcopy printout of the spec- trum at any time by clicking this
button.

Clicking on this button or the “X” button at the upper right corner of the
window turns off the Spectrum Analyzer display.
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4.9:

COEFFICIENT DISPLAY WINDOW

Application:

Particularly when setting up the Ref Canceller filter, it is often useful to display the impulse
response (filter coefficients) of the filter. Additionally, it is sometimes desirable to know the
precise time-domain response of any of the General Filter stages. For these reasons, the
Coefficient Digplay window has been provided.

The Filter stage to be displayed is specified in the Filter combo box within the Display block
by clicking on the desired Filter. The number of filter coefficients to be displayed is specified
by the Number of Coefficients control by clicking on the desired number; this causes the
specified number of coefficients to be horizontally scaled to fit within the available display
area. Regardless of the length of the Filter, the last selection in the combo box causes all
coefficientsin that Filter to be displayed.

Vertical scaling of the Filter's coefficients for display is accomplished by clicking on the
desired Zoom factor. Supported Zoom factors range from 1X to 200X.

A moveable Marker allows Time, Value, and Coefficient number readout at any point in the
Coefficient Display. The marker can be turned on and off; also, the visualization grid can be
turned on and off as needed.

Finally, the Coefficient Display window is fully sizeable, and can utilize all the available

display area for viewing if desired. Controls can be hidden using the Hide Controls checkbox,
and printouts can be generated using the Print button.
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Figure 4-78 Cosfficient Display Window

Description of controlsisasfollows:

Display Block:

Marker Block:

Usad to select the General Filter stage whose coefficients are to be displayed

via the Filter combo box; available options depend upon the System
Bandwidth and Input Mode settings. Also, the Number of Coefficientsto
be displayed can be specified; options are power-of-two steps from 32 up to

the Filter Size as specified in the control window for the filter.

Used to turn the verticd red marker in the Coefficient Display area on and off

via the Marker button; GREEN LED indicates the marker is on, LED OFF
indicates the marker is off. The marker dlows Time, Coefficient number, and
Value readout of any coefficient in the filter. Also, the Show Grid checkbox
can be used to turn the grid markings on and off as needed for viewing the

impulse response curve most clearly.

To move the marker, smply click and/or drag the mouse cursor to any desired
point within in the Coefficient Digplay area. The Coefficient Display area will
"pan”, or shift, left or right whenever the marker selects a coefficient thet is
outsde the displayed areg; click on the left or the right Side of the Coefficient
Display grid to pan left or right. Clicking the Find Peak button instantly moves
the marker to the largest magnitude in the Spectrum Display. Alternatively,
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Zoom Combo:

Coefficient Digplay:

Hide Controls
Checkbox:

Print Button:

Close Button:

entering the dedred coefficient number in the text box moves the marker
ingtantly to the desired point.

Usad to gpecify the verticd zoom factor to be used when displaying
coefficients. Coefficients may be zoomed from 1X (no scaling) to a maximum
of 200X. If the scaled coefficient exceeds the maximum vertica display limits,
it will be clipped prior to display. NOTE: This clipping does not affect sgnd
processing.

Coefficients are displayed in Catesan (X,Y) format, with the Y axis
representing Value in arange from -1.0 to +1.0. The X axis represents Time
in seconds. A ydlow grid is superimposed on the black background to assst
the user in visudly judging Time and Value of Filter coefficients.

A vertica red marker is used to read out the exact Value and Time of any
Filter coefficient. To move the marker, smply click the mouse cursor on the
desired point in the Coefficient Display area, or utilize the controls in the
Marker Block, described above.

Unchecking this box alows the Coefficient
Display to utilize the full window space;
recheck the box if access to the controlsis required.

Generate a hardcopy printout of the impulse
response a any time by clicking this button.

Clicking on this button or the “X” button a the upper right corner of the
window turns off the Coefficient Display.
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4.10:

4.10.1:

MASTER CONTROL PULLDOWN WINDOWS

Saving Setupsto Disk Files

Application:

To save time configuring detailed control settings, compl ete setups may easily be saved to disk
setup files for future reuse. These files are particularly handy when making presentations
which require multiple setups, or when it is desired to precisay duplicate the enhancement
procedure at some point in the future. Also, this feature allows easy transfer of enhancement
setups between PCAP 11 Plus systems simply by exchanging the* .DAC” setup files.

Note: Any “.DAC" setup files previousdy stored by the Digital
Audio Corporation PCAP, PCAP 11, or MCAP software can be loaded by the PCAP I
Plus software.

Save asetup to adisk file asfollows:

1 Click on File on the Magter Control menu bar. When the pulldown menu appears,
click on Save Setup File. Thiswill cause the window in Figure 4-79 to appear:

2. Normdly, it will not be necessary to change the path setting; if, however, you desire to
place the setup file into a different drive (such as a floppy drive) or folder, utilize the
explorer to navigate the available drives and folders and make the desired selection.

3. Each stored setup will have a user-entered text Description to uniquely identify it. You
must enter the Description text before storing the file To enter or edit the
Description text, click on the Description text box and type in any text desired. It is
recommended that the text be descriptive of the setup's application.

141



isave Setup File x

Lok i I@ FCARI+ j
&1 Comman Files ~||[=1poDvMIKEDAC  [=]S04.DAC
{1 ComPlus Applications | [a] Factory Defaults.dac  |3] S05.DAC
B Coal2000 M HUMBUZZ DAC (] S0 DAC
-] Del ] PHOME.DAC %] 507.0AC
E|{:| Digital Audio Eorporatic_l @ RADIOTY DAL a 508.0AC
L Meap 4] REVERB.DAC ] S09.0AC
E&%T-S ] S01A.DAC =] 510.04C
%] S01B.DAC ] 511.04C
{23 PCAPIL
: m] 502 DAC #]513DAC
@] 534ER 5
&0 InstaIIShieIdInstaIIaﬂ_ori;I LReRl 1B
< | »

File narne: I.dac [~ Protect from future ovenarite
Description: ;I
=

Figure 4-79 Save Setup File Window

You will need to specify a filename for the setup. Click on the File Name text box,
then type the desired filename (up to 256 characters). All setup filenames must have
the .DAC extension; thus, the .DAC extenson is automaticaly included in the text
box. If you delete the .DAC extension, an error message will be generated.

If you wish to protect your setup file from being accidentaly overwritten in the future
by the Save Setup File window, click the Protect from Future Overwrite box. This
does not prevent deletion or overwrite by Windows Explorer or other applications, but
merely setsaspecid flag bitingdethefile.

Click on OK to save the setup file with the selected filename to the specified drive and
directory.
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4.10.2:

Recalling Setups from Disk Files

Application:

To save time configuring detailed control settings, compl ete setups may easily be saved to disk
setup files for future reuse. These files are particularly handy when making presentations
which require multiple setups, or when it is desired to precisaly duplicate the enhancement
procedure at some point in the future. Also, this feature allows easy transfer of enhancement
setups between PCAP 11 Plus systems simply by exchanging the“ .DAC” setup files.

Note: Any “.DAC" setup files previousdy stored by the Digital
Audio Corporation PCAP, PCAP 11, or MCAP software can be loaded by the PCAP I
Plus software.

Open asetup from adisk file asfollows:

1 Click on File on the Magter Control menu bar. When the pulldown menu appears,
click on Open Setup File. This will cause the following window (Figure 4-80) to

il open Setup File x|
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-] Common Files = |[=]BODYMIKE DAL ] S04.DAC
{:I ComPlus Applications Factory Defaults.dac  |#8] S05.04C
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&1 Del PHONE DAC ] 507.DAC
El{:l Diigital Awdio l::orporaticJ RADIOTY DAL @ 508 DAC
f g m;ﬁ.\c ; [FiREVERE.DAC =] 509.04C
o P&PII- ] 5014.DAC =] 510040
= PPl [#]smB Dac #]511.04C
=1 5548 [#] 502080 58] 513.DAC
B InstallShield Installatior x| {2 S04 DAC
« | »

File: name: IHEVEHB.DAE

Description: |REVEBERATION REDUCTION ;l

[~

Figure 4-80 Open Setup File Window
2. Normaly, it will not be necessary to change the path setting; if, however, you desire to
open a setup file from a different drive (such as a floppy drive) or folder, utilize the
explorer to navigate the available drives and folders and make the desired sdlection.

3. Each stored setup has a user-entered text Description to uniquely identify it. These are
eadly browsed prior to recdling a setup, thus preventing time from being wasted if the
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wrong setup file is selected. To browse a Description, scroll to and click on the
desredfilelisted in the Setup Fileslist box.

4, Once the desired setup file name has been found, either double-click it or click on OK
to openit. A message will aert the user that 60 seconds may be required to completely
open the setup.

An "hourglass’ mouse cursor will now appear, indicating that the PCAP Il Plus is busy configuring
itsdlf with the recalled settings from disk.

If a settings file contained any adaptive filters (1 Channel Adaptive or Reference Canceller),
individua files entitled “Previous Filter X Settings.cof” (where X is the filter stage containing an
adaptive filter) will be created. If the configuration of the PCAP Il Plusisin Stereo-1ndependent
mode the files will be entitled “Previous Left Filter X Settings.cof” or “Previous Right Filter X
Settings.cof”. This feature allows recalling the coefficient solution from the previous session.
See section 4.4.1.2: for more information.
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4.10.3: Using Calibration Mode

Application:
The PCAP Il Plus calibration mode allows verification of the PCAP 11 Plus functionality.

When enabled the PCAP 11 Plus will output on both digital and analog outputs the signal type
selected in the Signal Generator Output area. One of a number of tests can be selected and run
via the Run Test button. To download a complete calibration and test procedure in “.pdf”
format, please visit the DAC website at www.dacaudio.com.
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Figure 4-81 Cadlibration Mode Option in Settings Menu

Upon enabling the Calibration Mode, the Software Input Level Controls will be enabled to allow
precise control of input levels. The AGC will be disabled to alow a constant output level. Note
that if you use an RCA cable to loop the output to the input of the PCAP Il Plus, you will be able
to view the effects of filters through the signal path with the Spectrum Analyzer. However, you
will not be able to listen to the filter effects as the PCAP 11 Plus will always output the pure
generated signal while in Calibration Mode.
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Figure 4-82 The Master Control Panel in Calibration Mode
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4.10.4:  Storing Setupsto External Processor Stand-Alone Memories

Application:

The PCAP Il Plus external processor has the capability to store up to ten enhancement setups
internally in nonvolatile Stand-Alone memories, allowing the external processor to be
operated in those setups without needing to be connected to a PC. This makes it possible to
store sophisticated enhancement setups in one or more external processors in the laboratory,
then use them as portable field processors which have simple controls that can be operated by
anyone. Thus, with this feature, the complete capabilities of the enhancement laboratory and
the expertise of the laboratory personnel can be extended to field operations.

For all memories, the function of the AUX switch on the external processor front pand can be
specified.

Store a setup in anonvolatile memory asfollows:

1 Adiust al Master Control, Generd Filter Stages, Broadband Filter Stages, and
Equalizer settings as desired to achieve the desired enhancement setup. This may aso
be accomplished using the Open Setup File feature described in Section 4.10.2: .

It is strongly suggested that you save this enhancement setup to disk using the Save
Setup File feature described in Section 4.10.1: . NOTE: There is no way for the
Master Control program to retrieve from the PCAP Il Plus and interpret the settings
and coefficients stored in the Sand-Alone memories.

2. Click on Stand-Alone on the Master Control Panel menu bar to access the following
pulldown menu (Figure 4-83):

Stand-Alone  Repol

Memary 1 lr
Menory 2
a Memory 3 -
Memary 4 =
Memory 5

Memory &
Menory 7 hy
£ Memory &
s Memory 3 =
~ Memory 10
e ] -~

Figure 4-83 Stand-Alone Pulldown Menu
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3. Click on the sdlected memory. The following window (Figure 4-84) will now appear:

Memory 1 Auxiliary Switch Function

Select desired function of STAND-ALOME "AL" switch on front panel. Click on OF. to
program switch.

Mate: AL switch, if enabled, will overide screen control setting.

" Toogles AGC In and Out

" Toggles Limiter In and Qut " Toggles Output HPF In and Out
" Toggles Input HPF In and Out " Toggles &dapt/Freeze for Filters 2,3.4

Figure 4-84 Auxiliary Switch Function Window

This window dlows the function of the AUX switch on the externa processor front
panel to be programmed. Click on the program option desired, then click on OK.

4, A message window will now appear to dert you that the previous contents of the
selected memory will be logt, and that 30 seconds could be required to transfer all
settings to the memory. Additionally, the window will suggest that you aso save your
setup in a disk file. Click on Yes if you wish to proceed, or click on No to cance
without affecting the current memory contents.

An "hourglass’ cursor will now appear, indicating that the externa processor is busy storing

the setup in the selected Stand-Alone memory. For complete instructions on operating the
PCAP 1 Plus externd processor from the Stand-Alone memories, please consult Section 5: .
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4.10.5: Generating Setup Reports

The Master Control program has a Report-Generator festure which alows hardcopy printouts of all
PCAP Il Plus control settings to be generated. This is useful when the enhancement procedure needs
to be documented. To access this feature, click on Report-Generator in the Master Control menu bar.
The following pulldown menu (Figure 4-85) will be displayed:

Report-Generator  Help

Print Repart Ta Printer
Print Report Tao File
fppend Report To File
Haow To Prink Screens
| |

Figure 4-85 Report-Generator Pulldown Menu

Clicking the Print Report to File option prints the control settings to a user-specified ASCI| text file,
which could later be imported to a word processor (such as Microsoft Word, or the Write utility
shipped with Microsoft Windows) for editing. All previous contents of the specified file will be
overwritten. However, this option is limited, since no graphics can be stored in atext file. If you wish
to transfer graphica information to aword processor, click on How to Print Screensfor instructions.

Clicking the Append Print Report to File option causes the printed control settings to be tacked on
to the end of any existing text file, without overwriting the previous contents. As with the Print
Report to File option, no graphics can be stored.

Clicking the Print Report to Printer option sends dl control settings, including graphs for certain
Filter and Equalizer modes, to the Windows Print Manager for printing. For this feature to work
properly, aprinter connection needs to be available to your computer.

4.10.6: Getting Online Help

Context-sengtive online help is avalable to the PCAP Il Plus Master Control program at any time by
pressng the <F1> key. This is a standard feature of Microsoft Windows programs, and is the
recommended method for accessing help.

The term "context-sensitive’ means that the help text that is displayed depends upon the window from
which you are currently operating. For example, if you are operating the Spectrum Anayzer controls
and you press the <F1> button, help text for the Spectrum Analyzer will be displayed.

An dternative method for accessng help is to click on Help in the Master Control menu bar. The
following pulldown menu (Figure 4-86) will be displayed:
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Figure 4-86 Help Pulldown Menu

Click on Contents to access the help Contents window. The Contents window will display al the
subjects for which help is available for the PCAP Il Plus Master Control program. You may browse

through the displayed subjects and sdect help for a particular subject by double-clicking the desired
subject.

The help utility is, in fact, a separate Windows program from the Master Control software. Once it has
displayed the help text, it will remain on the screen as a separate window until it is closed by the user.
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5: . OPERATING PCAP Il STAND-ALONE

Before the PCAP Il Plus external processor can be operated Stand-Alone, at least one of the Stand-
Alone setup memories must be programmed using the procedurein Section 4.10.1: .

Operate the PCAP 11 externd processor as a Stand-Alone audio processor as follows:

1.

2.

Connect 12VDC power, and switch the POWER switch ON.

For analog sources, connect the signals to be processed to the rear pand LEFT and RIGHT
ANALOG INPUTS RCA jacks and set the INPUT SELECT switch to ANALOG for most
filtering applications. For Ref Canceller adaptive filtering applications, the origina (PRI) audio
is input to the LEFT (white) RCA, while the noise reference (REF) audio is input to the
RIGHT (red) RCA. Alternatively, connect a digital sgna source to the SPDIF digita INPUT
(white) RCA jack and set the INPUT SELECT jack to DIGITAL.

Adjusgt the front pand LEFT and RIGHT INPUT LEVELS controls such that the tricolor
LEDsindicate GREEN most of the time, with occasional YELLOW peaks.

Connect any recorder with analog inputs to the rear panel LEFT (white) and RIGHT (red)
ANALOG OUTPUTS RCA jacks if recording the processed audio is desired. Alternatively,
connect arecorder with digita input to the rear panel SPDIF digitd OUTPUT (red) RCA jack
and select the desired recording sample rate using the OUTPUT SAMPLE RATE switch
(44.1kHz is normally recommended, especidly if the materid is to be transferred to compact
disc).

Plug stereo headphones into the front pand PHONES jack. Adjust the level control to a
comfortable listening VOLUME.

Sdlect the desired Stand-Alone memory by switching the MEMORY switch to one of the ten
positions.

Initially, set the front panel ADAPT/FREEZE, PROCESSBY PASS, and AUX/OFF switches
to ADAPT, PROCESS, and AUX (dl switchesin).

While ligtening with the stereo headphones, switch the MONITOR switch between INPUT and
OUTPUT to hear the difference between the original and processed audio, respectively. Normally, the
MONITOR LEFT and RIGHT pushbuttons are kept pushed in, but either (or both) can be pushed out
at any time to listen only to either the left or right channd audio, or to mute al headphone audio. You
may make the following adjustments to the processor at any time:

1.

To freeze dl adaptive filters in the process, switch the ADAPT/FREEZE switch to FREEZE.
To dlow the adaptive filters to adapt to changing signals, switch to ADAPT.
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2. Tobypassal digitd filters, alowing the origina unfiltered audio to pass through to the LEFT
and RIGHT ANALOG OUTPUTS and SPDIF digitd OUTPUT RCAs, switch the
PROCESS/BY PASS switch to BYPASS. To filter the audio, switch to PROCESS.

3. The AUX switch is programmed to have one of the following functions when switched to
AUX:

a

b.

C.

g.

No effect at al (default)

Input Limiter IN

Input HPF IN

Output AGC IN

Output HPF IN

Right channd Adapt/Freeze (ADAPT/FREEZE switch used for Left channe only)

Filter 2-6 Adapt/Freeze (ADAPT/FREEZE switch used for Filter 1 only)

When switched to OFF, the AUX switch dways has no effect on the sgndl.

4,

To clear dl filters, press the CLEAR button. This will cause dl adaptive filter
coefficients to be reset to zero, dlowing them to re-converge anew (assuming the
ADAPT/FREEZE switchisin ADAPT).
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6: . PCAP Il PLUS CUSTOMIZATION OPTIONS

6.1: CONFIGURING PCAP Il FOR DIFFERENT COM PORTS

WARNING: Should you choose to share a single COM port connection on your computer with a
PDA, e.g. a Palm Pilot, connecting each to the COM port only when needed, be sure to shut down
any “Hot Sync” manager application that might be running before attempting to run the PCAP 11
Plus Master Control software. Otherwise communication with the PCAP |1 Plus will fail due to
conflict with the Hot Sync manager.

The PCAP Il Plus Master Control software is factory-configured to communicate with the externa
processor over RS232 communications port #1 (COM1). This will work for the vast mgority of
modern PC systems. However, in some cases where COM1 is not available, it may be necessary to
reconfigure the software to operate on a different COM port as follows:

1 On the PCAP Il Plus Master Control menu bar, click on the "Settings' menu bar
option.

2. When the pulldown menu agppears, click on "Com Port". The display will now appear
asfollows (Figure 6-1).

Settings Stand-Alone  Report-Generator  Help
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Connect Settings Corm Port

Baud Rate COMZ
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’ |tono j coms |
® CoMe &
- COM7
-2 COMS B
. comMy

AR | =

Figure 6-1 Com Port Selection Menu

v Enable Software Input Level Controls

Swap Digital Input Channels

3. Now click on the desired COM port. After clicking the desired COM port again
click on the "Settings’ menu bar option and then click on "Connect to PCAP I
Plus'. If any error messages appear, then you have misdentified the COM port.
Repeat steps 1 through 3 until the message "Connected COM X" agppears in the
Communications Box. Once it does, proper communication has been achieved.
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4. Click on "File", then "Exit" (or click the “X” button at the upper right corner of the
Master Control screen) to exit the Master Control program. This will save the new
COM port setting.
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6.22. CONFIGURING PCAP Il PLUSFOR DIFFERENT BAUD RATES

This section isintended for advanced users, only.

The PCAP Il Plus system is capable of operating at RS232 symbol rates of 9600, 14400, 19200,
38400, and 115200 baud. Each PCAP |1 Plus is factory-configured to operate at 115200 baud, which
works well for most modern PCs. However, some applications (such as modem or network links) may
require the use of adifferent baud rate.

Change the PCAP 11 Plus baud rate asfollows:

1. Firg, reset theinterna DIP switches of the externa processor for the new baud rate asfollows:

a Power off the externd processor and disconnect dl cables, especidly the EXTERNAL
POWER and RS232 cables.

b. Carefully remove the externa processor top cover.

c. Locate the 5-postion DIP switch at the front of the internal printed-circuit board. Set DIP
switch positions 1-3 to the desired baud rate as follows:

Baud Rate DIP1 DIP2 DIP3
9600 OFF OFF ON
14400 ON ON OFF
19200 OFF ON OFF
38400 ON OFF OFF
115200 (default) OFF OFF OFF

Table 6.1 Baud Rate DIP Switch Settings
d. Replacetop cover and reconnect al cables.
2. Next, configure the Master Control program for the new baud rate asfollows:
a Make surethat the externa processor is powered OFF.
b. Power ON the computer (not the externa processor) and load Windows. Run the PCAP I

Master Control program by double-clicking the icon; an error message should appear
indicating no communication with the box (it is powered off). Click OK and enter the

program anyway.
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c. OntheMaster Control menu bar, click onthe " Settings' menu bar option.

d. When the pulldown menu appears, click on “Connect Settings’, then "Baud Rate'. The
display will now appear as shown in Figure 6-2.

e. Click on the baud rate setting which corresponds to the new externa processor DIP switch
settings. After clicking the desired baud rate again click on the "Settings' menu bar
option and then click on "Connect to PCAP Il Plus'. If any error messages appear,
recheck COM port setting, Baud Rate setting, connections, and externa processor DIP
switch settings.

f. Click on"File', then "Exit" to exit the PCAP Il Plus Master Control program and save the
new baud rate setting.
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v Enable Software Inpuk Level Controls
Swap Digital Input Channels e

=3
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: v 115200 baud
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Figure 6-2 Baud Rate Selection Menu

3. After storing the new baud rate by exiting the Master Control program, test the new baud rate
asfollows

a Switch on the PCAP Il externa processor. Make sure that the RS232 cable is properly
connected between the externa processor and the PC.

b. Double-click onthe PCAP I Plus Master Control icon to run the program.

c. Allow severa seconds for the program to load and to initidize the externa processor. The
message "Connected COM x" should appear in the Communications Box at the lower |eft
corner of the Master Control window.

d. Connect an audio sgnd (ether andog or digital — make sure the correct INPUT SELECT
switch setting is used!) and adjust the input level so that the tricolor level LEDs indicate
GREEN.

If the Input Level bargraphs on the Master Control screen properly respond to the input signal, then
the hardware and software are correctly configured for the new baud rate.
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6.3: WORKING FOLDER

Within the File menu on the Master Control Panel is the option for Edit Working Folder. This

option provides away of designating where individual filter settings as well as “.dac” files will be
stored.

File Settings Stand-Alone  Report-Ge

Mew Filker Configuration 1
Save Setup File Chrl+S e
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Figure 6-3 Working Folder Menu Option

Once you have clicked on the Edit Working Folder menu option the Default Working Folder
Window will appear. The working folder selection area will default to begin set to the current
working folder. To change this setting, navigate to the folder of your choice by clicking on the
displayed folder. Select the new desired working folder by highlighting the desired folder.

Default Working Folder L =

Select the default warking folder. Thiz folder will be uzed ta
set the initial folder location for the Open and Save windows.
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PicoDAC Configuration S oftware
Spottdic Configuration S oftware
-1 554BR

7 WinC5P =

Figure 6-4 Default Working Folder Window
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7: DAC1024T AND DAC4096T ADAPT RATE SETTINGS

The DAC1024T and DAC4096T both had 12 position Adapt Rate Switches on their front panels.

The lower the number the switch setting was turned to the faster the filter coefficients adapted.
For those users who are used to using those settings the table listed below shows how the switch
settings correspond to the (ADAPT RATE) x 2 value shown on the filter control screen.

Table 7-1 Adapt Rate Switch Table

Switch Position Adapt Rate
1 1023
2 512
3 256
4 128
5 64
6 32
7 18
8 9
9 6

10 4
11 2
12 1
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8: PCAP Il SPECIFICATIONS

Analog

Line Inputs (2) - Two rear pandl RCAs: left for mono operation, left and right for
stereo operation, and for primary and reference for 2CH adaptive
filter operation.
Zin = 50kW, leve adjustable -8 to +15 dBm.

Line Outputs (2) - Two rear panedl RCAs. left and right for stereo operation, single
output for mono and 2CH adaptive filter operation.
Zout = lOOVV, Vout =+8dBm.

Headphone Output - Pand sereo jack and volume control. Suitable for 8 ohm stereo
headsets.
Monitor switches for sdecting PCAP Plus inputs or outputs, as
well asleft/ right / stereo channels.

Input Level Indicators - Two tricolor LEDs. Red (-6 dB), orange (-12 dB), green (-18
dB).

Bandwidth - Adjustable 3.2, 5.4, 6.5, 8.0, 11.0, and 16.0 kHz.
35 Hz AC input coupling.

Anadog Conversion - 24-bit sdere0 A/D converter. 64X oversampling, sgma-ddta
technology.
24-bit stere0 D/A converter. 64X oversampling, ddtasgma
technology.

Dynamic Range - >90dB.

Digital

Inputs/ Outputs - S/PDIF format RCA connectors

Output rate sdectable between  44.1kHz and 48kHz, or
AutoSYNC to digitd input sample clock, if DIGITAL input
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Digital Processing

Digitd Filters

Limiter

AGC

Control Microprocessor

Save Microprocessors

Compuiters Interface

sdlected (if ANALOG input, output rate forced to 44.1kHz in
AutoSY NC position)

Accommodates any vaid SPDIF digital input Sgnd over asample
rate range of 25-108kHz

6144-tap flexible adaptivefixed filter module, dynamicaly dlocable
in 1024-tap sections to as many as 6 filter stages.

Two 256-tep FIR filtersfor output equaizers.

Four 256-tap FIR filtersfor input and output highpass filters.

Four 128-tap FIR filtersfor interpolation / decimation.
High-performance floating-point DSP processor that performs
broadband noise reduction functions and other advanced
agorithms

Microprocessor controlled

Adjusgtable release time and threshold

Digitd Implementation

Adjustable reease time and gain range

TMS320C50 20 MIPS host processor with 32k x 16 program
RAM, 64k x 8 data EPROM, 64k x 8 boot EPROM, and 512k x 8
flash memory.

Two TMS320C50 20 MIPS processors with 32k x 16 program
RAM and 32k x 16 data (ddlay) RAM

One TMS320C6713 1.8 GFLOPS floating-point processor with
1280MB data/program/delay RAM and 1IMB Fash memory

Standard RS232 serid interface for digitd filter control, coefficient

transfer, and spectra andyss data. 9.6k to 115.2k baud transfer
rate, adjustable. (115.2k default)
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Condtruction

Packaging

Power

Pand Functions

Host Computer

Signal Processing Functions

Filter Input Modes

Adaptive Filters

Adjugtable Filters

Specid Filters

15" H x 10.0" W x 9.75" D, 3 Ibs. Rugged duminum enclosure
with black powder-coat finish.

10- 16 VDC @ 2.0A, maximum.
Universal AC adaptor supplied.

Front: phones jack, monitor select, and volume control; stand-
alone mode sdlect, filter clear, adapt/freeze, process/bypass, aux/off
switches; two input level controls and tricolor level LEDs.

Rear: Bard +12VDC power connector and switch, RS232
interface connector, two anaog input and two analog output RCA
connectors, one digital input and one digitd output RCA
connector, digital output sample rate sdlector switch, anaog /
digitd input sdlect switch.

Intel Pentium 111 800MHz (or higher) desktop or laptop PC with
mouse, SVGA monitor, 256 MB RAM, CD-ROM, 10 GB HD,

and Windows XP recommended. Active matrix LCD display
recommended if notebook used.

Mono, stereo, stereo independent

One-channd (1-Channdl) adaptive predictive deconvolution and
Ref Cancdler (2CH) adaptive noise canceller.

Lowpass, highpass, bandpass, bandstop, notch, dot, comb, inverse
comb.

Hi-res graphic, spectrd inversefilters (both 460 lines resol ution and
60dB range).

Limiter/Compressor/Expander
Parametric Equdizer
Noise Reducer frequency-domain spectra subtraction filter

NoiseEQ™ frequency-domain spectral subtraction filter with user-
defined frequency-sdlectivity
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Output Equdizers - 20-band grephic, spectrd graphic (115 lines resolution), and
parametric equalizers

Leved Control - Microprocessor-controlled input limiter and output AGC
Spectrd Anayss - Dua-channd FFT with exponential averaging
460 line resolution

70 dB digplay and 110 dB scaable dynamic range
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