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Capabilities

System Two and System Two Cascade comprise a comprehensive
high-performance audio testing system. The basic analog System Two
(8YS-2022) tests the amplitude, noise, phase, frequency, and total
harmonic distortion plus noise characteristics of analog input/output
audio devices. Options may be added for intermodulation distortion
(IMD), wow and flutter (W&F), and generation of sinewave bursts,
squarewaves, and white and pink noise (BUR).
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Figure 1-1 Conceptual Block Diagram, System Two
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Chapter 1 Capabilities APWIN Software

See the Analog Generator and Analog Analyzer chapters of this
manual for operational details. System Two Cascade + DSP
(8YS-2422) adds a DSP module for enhanced testing of analog
devices including very rapid sinewave sweeps (see the DSP Audio
Analyzer chapter), FFT spectrum analysis and digital storage
oscilloscope operation (FFT Spectrum Analyzer chapter), multitone
testing (Multitone Audio Analyzer chapter), acoustical device testing via
MLS (Quasi-Anechoic Acoustical Tester chapter), and individual
harmonics and THD without noise (Harmonic Distortion Analyzer
chapter). System Two Cascade Dual Domain (SYS-2522) adds digital
input and output capability in the AES/EBU, consumer (SPDIF), and
serial and parallel formats for driving and measuring digital inputs and
outputs (see the Digital Domain Testing, Digital Generator, DSP Audio
Analyzer, and Bit Error chapters), plus extensive measurement of the
characteristics of the physical serial input signal (pulse train) and the
ability to simulate many types of impairment of the serial pulse train at
its digital output (Serial Digital Interface Testing chapter). A digital
domain only unit (SYS-2500) has no analog generator or analyzer.

System Two Cascade has no controls or displays on the instrument
chassis itself. Instead, System Two Cascade connects to a
Windows-compatible personal computer for user interface functions
including control, display, sweeps and graphing, results storage,
automatic test procedures with Pass/Fail limits, and interface to printers
and plotters. The interconnection between System Two Cascade and
the computer is via the APIB (Audio Precision Interface Bus) and an
ISA-WIN or PCM-WIN interface card for standard ISA slots or PCMCIA
slots, respectively. All signal generation and analysis is done in the
System Two Cascade chassis, including storage in the DSP module of
signals acquired for waveform display or FFT analysis.

APWIN Software

APWIN software operating under Windows 95, Windows 98, or
Windows NT supplies all user interface functions. Panels (small
Windows) on the APWIN screens are provided for each instrument
function such as analog generator, DSP analyzer, accessory signal
switchers, and for major functions such as sweep setup, sweep settling
control, and data display by XY graph or bargraph. APWIN also
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APWIN Tutorial Chapter 1 Capabilities

provides flexible units conversion, translating the basic measured
values from the System Two Cascade chassis into a wide range of units
such as dBu, dBV, octaves, decades, and dB below digital full scale.
APWIN is graphically-oriented, normally plotting data in real time as a
sweep progresses. Instrument setups and acquired data may be saved
to disk as test files. Multiple test files may be linked into complete test
procedures by use of a Learn Mode which records keystrokes and
mouse operations as lines of code. User-created limits may be applied
to test results for automatic Pass/Fail decisions by the computer.
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APWIN is operated by a combination of techniques which will be
familiar to those who have used other Windows applications. APWIN
is most-easily operated with a mouse, but keyboard alternatives are
available for almost every function. There are typically several
alternatives for the most common operations, including toolbar icons
for the mouse and keyboard shortcuts. Toolbars permit rapid display
of all instrument control and display panels. A menu provides access
to all major features. The menu is operable by the mouse or from the
keyboard.

APWIN Tutorial

This User’s Manual is written primarily as a reference manual
containing full details of the operation of System Two Cascade via
APWIN software. Thus, it is not organized optimally for initially
learning APWIN operation. We strongly urged that first-time or
relatively-inexperienced users of APWIN go through the System Two
Tutorial booklet. That Tutorial is specifically designed for teaching the
usage of System Two and APWIN, starting with basic concepts and
building up to more sophisticated techniques. The Tutorial also
includes dozens of exercises, most of which use example tests set up
expressly for learning purposes.

Standard Test Files

A large number of sample tests are supplied with APWIN and are
automatically installed. These tests are intended to provide a quick
start into testing typical audio devices. The tests are located under the
C\APWIN\S2CASCADE directory. They are further organized into
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Chapter 1 Capabilities Connections to Device Under Test

five subdirectories. These directories are “A-A”, for testing analog
in-analog out devices, “A-D” for analog input-digital output equipment,
“D-A” for digital in-analog out devices, “D-D” for digital I/O devices,
and “DIOAnalyzer” which contains tests for the digital interface signal
itself. Sample procedures are also furnished, including some which
perform a quick performance check and more complete diagnostics of
the System Two Cascade hardware.
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Connections to Device Under Test
Upper-LeFt Connector Panel

ANALOG OUTPUT B

Figure 1-2 Analog Generator (Upper Left) Output Connector Panel

The upper-left connector panel contains all of System Two
Cascade’s analog generator output connectors, with Channel A at the
left and Channel B at the right. APWIN software panels, described
later, permit driving A only, B only, or both simultaneously with both in
phase or one inverted with respect to the other. The XLR and
double-banana connectors are hard-wired in parallel and thus both are
driven in balanced mode. In unbalanced mode, the BNC connector is

also driven.
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Upper-Right Connector Panel

ANALOG INPUT A
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Figure 1-4 Analog Analyzer (Upper Right) Input Connector Panel

The upper-right connector panel contains all of System Two
Cascade’s analog analyzer input connectors, with Channel A at the left
and Channel B at the right. APWIN software panels permit selection
of either the BNC or the parallel-wired XLR and banana jacks
independently on each channel. The selected Channel A connector
always drives the Level A and Frequency A meters and one input of
the Phase meter. The selected Channel B connector always drives the
Level B and Frequency B meters and the other input of the Phase
meter. APWIN software panels permit selection of whether the
Channel A or Channel B input connector drives the Reading meter.

Lower-Left Connector Panel

DIGITAL OUTPUT DIGITAL INPUT

SERCEINENG  1_.) Sip WAX
CE: AES/EBU and CONSUNER

Figure 1-3 Digital Input/Output (Lower Left) Connector Panel

A lower-left connector panel is provided with Dual Domain
(SYS-2522) units. Five output connectors are grouped at the left and
five input connectors at the right. Pairs of XLR balanced and BNC
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unbalanced and a single optical (Toslink) connector make up each
group. All five digital output connectors are driven if any one of them
is selected in the Output section of the DIO (Digital Input Output)
software panel. The XLR and BNC input connectors may be selected
as individual connectors or in pairs for testing Dual Connector devices
(typically at 96 kHz or 192 kHz sample rates). Selection is made in the
Input section of the DIO panel. General-purpose serial and parallel
input and output connectors are located on the rear panel of digital i/o
versions of System Two Cascade.
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Lower Right Connector Panel

GENERATOR MONITORS ANALYZER SIGNAL MONITORS
CHANNEL A CHANNEL B

PP PP

Ra=g00

GENERATOR AUX SIGNALS DIGITAL SIGNAL MONITORS
2

SFIORORORO

Figure 1-5 Signal Monitor (Lower Right) Connector Panel

The lower-right connector panel provides a number of BNC
connectors which permit monitoring of key generator and analyzer
signal points on an external oscilloscope or spectrum analyzer, plus a
BNC input for control of the sine burst option. The four BNCs at the
left are connected to the analog generator. The three BNCs at the
upper right connect to the analog analyzer. The four at the lower right
connect to the DSP analyzer, with their functions depending on which
DSP analyzer program is currently operating.
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Figure 2-1 APWIN Screen

sScreen Overview

The APWIN Screen consists of the Menu Bar, up to five Toolbars
(Standard Toolbar, Panels Toolbar, Procedures Toolbar, Learn Mode
Toolbar, and Quick Launch Toolbar), a main Workspace, and the
Status Bar with Page Tabs.
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Menu Bar

The Menu bar is immediately below the APWIN Title Bar. It has ten
top-level Menu categories—File, Edit, View, Panels, Sweep, Compute,
Procedure, Utilities, Window, and Help. Each category has
sub-categories, and in many cases there are further levels below
sub-categories. Menu categories are displayed in a drop-down list by
clicking on the category name with the left mouse button, or from the

keyboard by pressing the key simultaneously with the key
corresponding to the underlined character in the Menu name. For
example, pressing selects the Panels category. To select a
sub-category, click on the sub-category name with the mouse or press
the key corresponding to the underlined character of the sub-category
name. To leave a category without making a selection, use the key
or click anywhere outside the drop-down list box.

The Menu categories and sub-categories are described in individual
sections.

Main Workspace

The main workspace occupies all the screen except for Menu bar,
Toolbar, and Status bar. Instrument control panels, graphs, and
bargraphs may be freely located in the main workspace. There are five
pages of main workspace available, selectable by the and

keys, by the [U|{1 ] through [ ]| key combinations, from
the View menu, or by clicking on the Page tabs in the Status Bar/Tabs.

Status Bar/Tabs

The Status Bar and page tabs are located across the bottom of the
APWIN screen. The most common message in the Status area is “For
Help, press F1”. When the mouse cursor is located on a Toolbar icon
for approximately one second (without pressing a mouse button), the
Status Bar displays a short message explaining the function of that
particular icon.
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Page being viewed has dark background
L Page ZlFagE 31 Page 4 lPageS J

\ Pages with panels show bold text

Figure 2-3 Page Tabs on Status Bar

The Page tabs are displayed at the right center of the bar. Clicking
on a page tab will cause the contents of that page of the main
workspace to be immediately displayed. If one or more panels are
displayed on a page, the label on the page tab is displayed in bold

characters. The and keys may also be used to step
sequentially from page to page, or the through key

combinations used to jump directly to a page.

Toolbar Overview

Five toolbars are primary features of the APWIN screen. These are
the Standard Toolbar, the Panels Toolbar, the Procedure Toolbar, the
Learn Mode Toolbar, and the Quick Launch Toolbar. Each toolbar
consists of a number of icons that can be clicked to quickly initiate an
action or jump to a commonly-used function or panel of APWIN
1@'@'%' 5J.T|@|- software. When the mouse cursor is held on a Toolbar icon for

approximately one second (without pressing a mouse button), a small
yellow box (“Tool Tip”) appears at the mouse cursor with the name of
the icon, while the Status Bar at the bottom left of the screen also
describes the function of the icon.

Figure 2-2 Tool Tip
When Mouse Cursor

Rests Over Icon Each toolbar is “floating” and can be dragged to any desired
location on the panel. When the toolbar is dragged to either side of the
screen until the mouse cursor touches the screen boundary, the toolbar
becomes vertical. It can later be re-oriented as horizontal by dragging it
until the mouse cursor touches a top or bottom screen boundary. On
screens with sufficient resolution, it is normally most desirable to drag
the toolbars to an end-to-end orientation on the same horizontal row.
On lower resolution screens, it may be more desirable to orient them in
two rows so that scrolling is not necessary to reach any icon. Each
toolbar may be displayed or hidden by use of the View Toolbar menu
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command. If a toolbar is pushed completely off screen by dragging
another toolbar, the “lost” toolbar may be returned to the screen by
first unchecking its name in the View menu, then re-opening the View
menu and re-checking the toolbar name.

Standard Toolbar

D2 2| &l ] ¢ [Be] @m] w

The Standard Toolbar icons are briefly described below:

New: click on this icon EI to remove all present panel settings and
measurement data and restore the normal APWIN start-up panel
settings and panel locations on pages, exactly equivalent to the menu
command File New Test

Open: click on this icon |EI to display a dialog for navigating
through directories (folders) and selecting test file names, exactly
equivalent to the menu command File Open Test

Save: click on this icon IEI to immediately save the current test
(.AT2C) if a name has already been established (equivalent to File
Save Test command). If a name has not been established, the Save As
dialog will be displayed which permits navigating through directories
(folders) and supplying a test file name, exactly equivalent to the menu
command File Save As Test

Save All: click on this icon to immediately save the current test
(.AT2C) and all open procedures (.APB)

Print: click on this icon @ to produce a print-out of the current
graph according to the settings of the Print Setup and Page Setup
dialogs
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Print Preview: click on this icon &l to display the Print Preview
screen. If you wish to change attributes of the print-out, use the menu
File Page Setup or File Print Setup commands first

K]
Undo: click on this icon _| to un-do the last text editing action,
equivalent to the Edit Undo (f™|{z]) menu command

Cut: click on this icon il to remove the presently selected text to
the Windows clipboard, exactly equivalent to the menu command Edit

Cut (femd)fx]))

E‘ b
Copy: click on this icon to copy the presently selected text to
the Windows clipboard without removing it from its present location,

exactly equivalent to the menu command Edit Copy (fEfc )

Paste: click on this icon EI to copy any text presently on the
Windows clipboard to the present mouse cursor location, exactly
equivalent to the menu command Edit Paste (V1))

Run Sweep (Go): click on this “green light” icon gl to start a new
sweep, exactly equivalent to the menu command Sweep Start, the
function key, or clicking on the GO button at the bottom of the Sweep
Panel

Stop Sweep: click on this “red light” icon EI to stop the present
sweep, exactly equivalent to the menu command Sweep Stop, the [Es¢]]
key, or clicking on the STOP button at the bottom of the Sweep Panel.
The toolbar Stop icon and the STOP button on the Sweep panel are
available only when a sweep is in progress.

=

Sweep Spectrum/Waveform: click on this icon Z=1 to
automatically set up the sweep panel for an FFT-based test, or to
toggle back and forth between time domain and frequency domain
views when an FFT-based test has already been set up. See the “Easy
FFT Setup and Time/Frequency Switching” section at the end of the
FFT-Based Analyzer Programs chapter for more details.
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Panels Toolbar

Ole|o|®| 5| wm|w|d [=|-| B+ |Eo| 58 =

The Panels Toolbar provides a fast route to displaying any
instrument panel and other test-related panels such as Sweep and
Sweep Settling. Many of the panels are available in both small and
large size versions. Simply clicking on an icon causes it to be displayed
in the small version. Holding down the key while clicking on the
icon produces a display of the large version (if there are two versions).
The Panels icons are:

Analog Generator: click on this icon @l to display the Analog
Generator panel, exactly equivalent to the menu command Panels
Analog Generator or the [E™f6 | keystrokes.

Analog Analyzer: click on this icon @I to display the Analog
Analyzer panel, exactly equivalent to the menu command Panels

Analog Analyzer or the keystrokes.

Digital Generator: click on this icon @I to display the Digital
Generator panel, exactly equivalent to the menu command Panels
Digital Generator or the keystrokes.

Digital Analyzer: click on this icon @I to display the Digital
Analyzer panel, exactly equivalent to the menu command Panels
Digital Analyzer or the keystrokes. Digital features are available
only on DSP-based units (System Two Cascade+ DSP and System
Two Cascade Dual Domain)

piid

Digital I/O.: click on this icon 2 to display the Digital
Input/Output panel, exactly equivalent to the menu command Panels
Digital I/O or the Ui ]| keystrokes. Digital features are available only
on DSP-based units
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Sync/Ref Input: click on this icon ﬁl to display the Sync/Ref Input
panel, exactly equivalent to the menu command Panels Sync/Ref
Input. This panel is functional only on System Two Cascade Dual
Domain units

Status Bits: click on this icon Iﬁl to display the Status Bits panel,
exactly equivalent to the menu command Panels Status Bits or the
[c B ] keystrokes. The Status Bits panel is functional only with a
System Two Cascade Dual Domain unit and AES/EBU or consumer
interfaced digital devices under test

Headphone/Speaker: click on this icon &l to display the
Headphone/Speaker panel, exactly equivalent to the menu command
Panels Headphone/Speaker

DCX: click on this icon EI to display the DCX-127 panel, exactly
equivalent to the menu command Panels DCX

o
Switcher: click on this icon _I to display the switcher control
panel, exactly equivalent to the menu command Panels Switcher

Sweep: click on this icon EI to display the Sweep Panel, exactly

equivalent to the menu command Panels Sweep or the [ETRfs]]
keystrokes.

Sweep Settling: click on this icon il to display the Sweep Settling
panel, exactly equivalent to the menu command Panels Sweep Settling

Graph: click on this icon EI to display a graph window, exactly
equivalent to the menu command Panels Graph

Data Editor: click on this icon to display the Data Editor,
exactly equivalent to the menu command Panels Data Editor
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=2
New Bar Graph: click on this icon = to create a new bar graph,
exactly equivalent to the menu command Panels Bar Graph

Procedure Editor: click on this icon to display the Procedure
Editor, exactly equivalent to the menu command Panels Procedure
Editor or the menu command Procedure Show Panel

Procedure Toolbar

Bl | | o] Blér|ziz]

The Procedure Toolbar icons are:

1l
OLE Automation Browser: click on this icon ﬁl to display the
OLE Automation Browser, equivalent to the menu command
Procedure Browse. This Browser provides an organized list of all
APWIN Basic commands for controlling System Two Cascade

Run Procedure: click on this icon _| to start the procedure
presently loaded, exactly equivalent to the menu command Procedure
Run

Pause Procedure: click on this icon Jl to cause the procedure
presently running to halt, exactly equivalent to the menu command
Procedure Pause

End Procedure: click on this icon _'l to stop the procedure
presently running, exactly equivalent to the menu command Procedure
End

Toggle Break Points: click on this icon ﬁl to toggle procedure
break points on or off, equivalent to the menu command Procedure
Toggle Break Points
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Quick Watch: click on this icon El, exactly equivalent to the menu
command Procedure Quick Watch

b=
Step Into: click on this icon —=l, exactly equivalent to the menu

command Procedure Step Into

Step Over: click on this icon EI, exactly equivalent to the menu
command Procedure Step Over

Step Out: click on this icon El, exactly equivalent to the menu
command Procedure Step Out

Learn Mode Toolbar
==

Start Learn Mode: click on this icon ﬂ, exactly equivalent to the
menu commands Procedure Learn Mode or Utilities Learn Mode, to
put APWIN into the mode of writing lines of APWIN Basic in the
Procedure editor for each user mouse click or panel field entry

Stop Learn Mode: click on this icon Ll, exactly equivalent to
un-checking the menu commands Procedure Learn Mode or Utilities

Learn Mode, to stop APWIN from writing APWIN Basic code based on
user actions.

Quick Launch Toolbar
i ) 2 o T

The Quick Launch Toolbar may contain up to eight icons, each
capable of loading an APWIN test or procedure or launching another
Windows application. The icons may be selected by the user from a
library furnished by Audio Precision. See the Quick Launch section on
page 3-12 for more details.

System Two Cascade User’s Manual for APWIN version 2 Page 2-9



Chapter 2 System Two Cascade—APWIN Overview Browser

Browser
Figure 2-4 Browser
Instrurnent Parameter: for Selecting
iy BP Pt Instrument
None Freq B Parameter to be
Gen Freq A
anr (IR Graphed
S Fhase
Dix Level B
OGen
Dio
Sync/Fef
Time
IV Show Beadings
Ok Cancel |

[ Show Settings

A “Browser” (see Figure 2-4) is a Windows dialog box designed to
permit the user to make selections from some organized structure or
hierarchy. Browsers at the Sweep panel Source and Data areas permit
the user to browse among different “Instrument” and “Parameter” to
find the desired entity to be swept or graphed. File-related browsers
permit the user to move up and down among directories and
sub-directories (called Folders in Windows 95) and among disk drives
to locate the desired file name. File browsers are displayed in response
to many common file-related commands including File Open and File
Save As.

Control and Entry Conventions
‘

Channel A Channel B
Ilnput N _canera i _1
I_ E Analog Generator !IEIE

Waneetarm: [E1E

Figure 2-5 Analog Generator Panel Has the Focus, Analyzer Panel Does Not

APWIN uses standard Windows control and data entry
conventions. Changes can be made to panel settings only by placing
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Genkdon j
Input
AL

Figure 2-6 Multiple
Choice Control

[ Create Tahle

Figure 2-7
Checkbox Controls.
Lower is Selected

&+ 40
15D
" BO0

Figure 2-8 Radio
Buttons

the “focus” on that panel. The “focus” is put on any panel (window)
simply by clicking the mouse anywhere on the panel, or by using the
key combination to move the focus through all the panels
(windows) displayed on the present Workspace page. The title bar of
the panel with the focus will be blue while the others are gray if the
standard Windows default color scheme is used.

Many panels may be displayed in either small or large versions. To
change between small and large versions, double click anywhere in the
title bar (control bar) of the panel. Or, click the mouse on the center of

the three upper right icons . Or from the keyboard, use the

or keys to change between small and large versions.

Multiple-choice fields are indicated by a down arrow at the right
end of the field. Clicking the mouse on the down arrow displays the list
of available selections. Clicking the mouse on the desired selection
makes the change and closes the list. From the keyboard, the key
moves from field to field on a panel, generally in a sequence from
upper left to lower right. [S#FT] fTA8]] moves back upwards on the panel.
A selected multiple choice field is indicated by the present entry
displayed with inverse video. The f¢] key causes the selection list to
display when on a multiple choice field. Operations of the 1] and
keys then highlight selections, and pressing Enter chooses the
highlighted selection.

Check boxes may be checked or un-checked by clicking on them
with the mouse, or by moving to them with the or [SHFT| [1A8]| keys
and pressing the Space bar to check or un-check them. Selection of a
check box is indicated by a rectangular outline around the label of the
checkbox.

“Radio buttons” are groups of two or more buttons where only one
may be selected at any one time. Use the mouse to click directly on the
desired radio button. From the keyboard, use the or [SHIFT] (Tag]|
keys to move to a group of radio buttons. Selection is indicated by a
rectangular outline around the label of the presently-selected radio
button. Use the ]| or f¥] to change between the buttons in the group.
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Numeric entry fields require that new values be typed in from the
keyboard, followed by either the Eﬂ.ﬂ (which leaves the field selected
for further entries) or the or [SHET) fra8]| keys (which move to the
following or preceding field).

Function Keys

7/

/I-l

B B¢

//I-l

Help (context-sensitive if a specific Help topic exists for the panel
feature presently selected by the mouse cursor)

When focus is on a bargraph: re-set the maximum and minimum
value storage feature of the presently-selected bargraph

When focus is on the Data Editor: permit character-by-character
editing of Data Editor cell

Set the analog generator dBr reference value to the present
analog generator amplitude setting

Set the analog generator frequency reference value to the
present analog generator frequency setting

Set the analog analyzer dBr reference value

Set the analog analyzer frequency reference value to the value
presently displayed by the analog analyzer frequency counter

Perform a new transform on the data presently in the DSP
acquisition buffer and graph the results according to the present
settings of the Sweep and Digital Analyzer panels

Graph the present data in DSP memory according to the present
settings of the Sweep and Digital Analyzer panels without
performing a new transform

Graph the data presently computer memory

Store the present graph trace(s) to the Graphic Buffer memory

Display the graph traces previously saved to Graphic Buffer
memory

Delete any graph traces presently saved in Graphic Buffer
memory

Start a new sweep; equivalent to clicking on the Go icon in the
toolbar or on the Sweep panel
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Start a new sweep while retaining previous data, appending the
new to the old

| Start a new repeating sweep

/A

Fio) If a sweep is in progress, pause. If a sweep is paused, start it
Al again (toggle)

ggl Turn off all generator outputs (“panic button”)

CTRL)fM12] Turn back on the generator outputs turned off by
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APWIN Menus

File Menu

The File Menu consists of the following commands: New, Open,
Save, Save As, Save All, Set Working Directory, Quick Launch,
Append, Export, Import, Print, Print Preview, Print Setup, Page Setup,
a list of recently-used test files, Exit

File New

The File New command allows the user to create a new Test or
Procedure file, or to erase data from the test file presently loaded.

A Test (.AT2C) file is the fundamental APWIN file that contains
complete setup instructions for all fields of all panels, graphs, and
bargraphs. The Test file also contains any test data that was present
when the file was saved. A new test file is always presented with the
small versions of the Analog Generator and Analog Analyzer on page
1, the small version of the Sweep panel plus a graph on page 2, and
the small version of the DIO panel on page 3. The File New Test

command may also be issued by clicking on the blank sheet icon EI
on the Standard toolbar.

A Procedure (.APB) file contains a set of instructions in a visual
Basic language, which can initiate and control a sequence of actions
including loading test files from disk and executing them, comparing
data to limits, taking conditional actions, directly changing instrument
settings, and a variety of other tasks.

The File New Data command erases all data presently in memory
without altering the test setup. An alternative way of erasing data is by
clicking the right mouse button while the mouse cursor is over the
graph, then selecting the New Data item from the dialog that is
displayed.
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File Open

The File Open command displays a subsidiary command menu
which allows the user to load from disk into computer memory any
existing file of the Test, Procedure, Data, Limit Data, EQ Curve, Sweep
Tables, and Stereo and Mono Waveform types.

The File Open command can be issued by:

clicking on the File menu entry, then clicking on Open in the list box
which descends

or

from the keyboard by (Eile Open).

Issuing the File Open command displays a “fly-out” command list
that permits selection of the file type to be opened. Selecting the
desired file type from this list displays the Open dialog box with the
desired tile type selected, permitting navigation between directories
(and disk drives, if necessary) and selection of the specific file name
either by typing the name or clicking on a displayed file name.

File Open Test

The File Open Test command displays a list of the Test files in the
current directory. The dialog displayed also permits navigation to
other directories or disk drives. A file is opened by selecting the file
name and clicking the Open button or by double-clicking the file
name. The File Open Test command is identical to clicking on the

open folder icon IEI on the Standard toolbar. The keystrokes

will also display a File Open dialog for Test files, equivalent to File
Open Test.

A Test (.AT1 for System One, .AT2 for standard System Two,
.AT2C for System Two Cascade) file is the fundamental APWIN file
that contains complete setup instructions for all fields of all panels,
graphs, and bargraphs. The Test file also contains any test data
present when the file was saved. A user commonly saves tests
whenever a setup or the data resulting from a sweep may be desired at
a later time. Audio Precision furnishes a large number of standard,
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typical tests already set up; see the list of furnished standard test files in
the final chapter.

“Importing” System One Tests

With APWIN operating with System One, only System One (.AT1)
files may be opened. When operating with System Two, it is also
possible to open System One (.AT1) files in addition to the normal
opening of System Two (.AT2) files. Thus, System One files may be
imported and then saved as System Two files. Since DOS files (.TST,
.LIM, .EQ, etc.) may be imported into APWIN when operating in
System One mode by the File Import S1.EXE Test command and
saved as .AT1 files, this provides a path from old DOS tests to System
Two tests. In a few instances it may be necessary to make
modifications to an imported .AT1 file before it will operate System
Two hardware correctly, since the architectures of the two instruments
are slightly different. To load .AT1 files, click the down arrow at the
right of the “Files of Type” field to select whether .AT2Z or both .AT1
and .AT2 files will be loaded. Standard System Two cannot load
.AT2C files saved from Cascade.

File Open Procedure

The File Open Procedure command displays a list of the Procedure
files (.APB file type) in the current directory. The dialog displayed also
permits navigation to other directories or disk drives. A file is opened
by selecting the file name and clicking the Open button or by
double-clicking the file name.

A Procedure (.APB) file contains a set of instructions in a visual
Basic language, which can initiate and control a sequence of actions
including loading test files from disk and executing them, comparing
data to limits, taking conditional actions, directly changing instrument
settings, and a variety of other tasks.

File Open Data

The File Open Data command displays a list of the Data files
(.ADA file type) in the current directory. The dialog displayed also
permits navigation to other directories or disk drives. A file is opened
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by selecting the file name and clicking the Open button or by
double-clicking the file name.

A Data (.ADA) file contains test data only, with no information on
panel setup and no definition of display format. To view the
newly-loaded data graphically, press the function key or use the
Sweep Compare Data to Limits (A7) [l) command. To view the new

data in a tabular presentation, click on the Data Editor icon _I or use
the Panels Data Editor menu commands.

File Open Limit Data

The File Open Limit Data command displays a list of the Limit files
(.ADL file type) in the current directory. The dialog displayed also
permits navigation to other directories or disk drives. A file is opened
by selecting the file name and clicking the Open button or by
double-clicking the file name.

A Limit Data file is a form of a data file used to define upper or
lower limits of acceptable performance, so that automatic pass/fail
decisions may be made by the software. See the Limits chapter
starting on page 22-1 for more information on Limits.

File Open Sweep Tables

The File Open Sweep Tables command displays a list of the Sweep
Table files (.ADS file type) in the current directory. The dialog
displayed also permits navigation to other directories or disk drives. A
file is opened by selecting the file name and clicking the Open button
or by double-clicking the file name.

A Sweep Table is a form of a data file used to define a list of
specific Source 1 values that will be used during a sweep. This
contrasts with the software computing Source 1 values based on the
Start and Stop values, Log/Lin selection, and number of steps or step
size. See the Table Sweeps section in the Sweeps chapter for more
information.
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File Open EQ Curve

The File Open EQ Curve command displays a list of the EQ Curve
files (.LADQ file type) in the current directory. The dialog displayed also
permits navigation to other directories or disk drives. A file is opened
by selecting the file name and clicking the Open button or by
double-clicking the file name.

An EQ (equalization) Curve is a form of a data file used to define a
relationship between amplitude and frequency. It may be used to
automatically control a generator amplitude during a sweep so as to
follow the equalization curve. See the equalization sections of the
Analog Generator chapter and Digital Generator chapter for more
information. The EQ Curve may also be used by the Compute
Equalize function to modify data following a sweep to the values it
would have had if the equalization curve had been in use. See the
Compute Equalize section in the Compute chapter for more
information. EQ Curves furnished by Audio Precision are located in
the C:\APWIN\EQ directory.

File Open Stereo Waveforms

The File Open Stereo Waveforms command displays a list of
previously-acquired and saved Stereo Waveform files (.AAS file type)
in the current directory. The dialog displayed also permits navigation
to other directories or disk drives. A file is opened by selecting the file
name and clicking the Open button or by double-clicking the file name.

Stereo waveforms files are files containing two channels of
previously-acquired signal which had been saved to disk for later use.
The Open Stereo Waveform command loads such a file into both
channels of the DSP analyzer where it may be further viewed in time
or frequency domain representations. For more information on saving
and loading waveforms, see the chapter for the specific FFT-based
analyzer program in use.

File Open Mono Waveforms

The File Open Mono Waveform command displays a list of the
Mono Waveform files (.AAM) in the current directory. The dialog
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displayed also permits navigation to other directories or disk drives. A
file is opened by selecting the file name and clicking the Open button
or by double-clicking the file name.

Mono waveforms files are files containing one channel of
previously-acquired signal which had been saved to disk for later use.
The Open Mono Waveform command loads such a file into either
channel (as selected by the user) of the DSP analyzer where it may be
further viewed in time or frequency domain representations. For more
information on saving and loading waveforms, see the chapter for the
specific FFT-based analyzer program in use.

File Open Intervu Waveforms

The File Open Intervu Waveforms command displays a list of
previously-acquired and saved Intervu Waveform files (.AAl file type)
in the current directory. The dialog displayed also permits navigation
to other directories or disk drives. A file is opened by selecting the file
name and clicking the Open button or by double-clicking the file name.

Intervu waveforms files contain a previously-acquired digital
interface signal which had been saved to disk for later use. For more
information on saving and loading Intervu waveforms, see the Serial
Digital Interface chapter.

File Save Test

The File Save command displays a subsidiary “fly-out” menu with
the further choices of Test and Procedure. The File Save Test
command allows the user to save to disk the test setup information and
data currently in memory. The File Save Test command may also be

issued by clicking on the diskette icon |E| on the Standard toolbar

or

from the keyboard by pressing [T (for Eile Save Test).

2

If the test in memory was previously loaded from disk (via File
Open) or previously saved and thus already has a name, the current
information will be saved under that existing name, over-writing the
previous version of the same named test.
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If no test name has been assigned, the Save As dialog box appears.
The Save As dialog box is similar to the File Open dialog box. Normal
operation of System Two Cascade results in saving test files with the
AT2C extension. If APWIN was started in the special System Two
Compatibility mode, the files will be saved with an .AT2Z extension.

File Save Procedure

The File Save command displays a subsidiary “fly-out” menu listing
the choices Test and Procedure. Selecting the Procedure command
saves the procedure presently in the Procedure Editor to disk. The File
Save Procedure command may also be issued by the keystrokes
or by clicking on the diskette icon on the Procedure Editor
panel.

File Save As

Issuing the File Save As command displays a “fly-out” command
list which permits selection of the file type to be saved from the choices
Test (.AT2C), Procedure (.APB), Data (.ADA), Limit Data (.ADL),
Sweep Tables (.ADS), EQ Curve (.ADQ), Stereo Waveform (.AAS),
Mono Waveform (.AAM), or Intervu Waveform (.AAI). Selecting the
desired file type from this list displays the Save As dialog box,
permitting navigation between directories (and disk drives, if
necessary) and displaying existing file names of the type being saved.

If the file presently in memory was previously loaded from disk (via
File Open) or previously saved and thus already has a name, that
name will be suggested. If accepted by the user, current data will be
saved under that existing name, over-writing the previous version of
the same named test.

A test file includes all instrument setups, Sweep panel and Sweep
Settling settings, Graph settings, Page Setup settings for graph
print-out, etc., etc., plus measurement data from the last operation
before saving. Data, Limits, Sweep, and EQ files save only the
measurement data and certain Sweep panel information. The
Procedure file saved consists of the contents of the Procedure Editor.
The Waveform selections (except Intervu) save the contents of one or
both FFT Acquisition Buffers as selected in the dialog box displayed
after the file name is entered or selected. Stereo Waveform files have
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two waveforms and Monaural Waveforms contain only one. Intervu
Waveforms have only one signal, the acquired interface waveform.

File Save As Test

The File Save As Test command permits saving present instrument
and sweep setup information, plus any test data present if a test has
already been run, as a Test file ((AT2C). If APWIN was started in the
special System Two Compatibility mode, the files will be saved with an
.AT2 extension. The file will be saved in the current directory or the
dialog permits navigation to other directories or disk drives.

File Save As Procedure

The File Save As Procedure command permits saving the contents
of the Procedure Editor as a Procedure file (.APB file type) in the
current directory. The dialog displayed also permits navigation to
other directories or disk drives.

A Procedure (.APB) file contains a set of instructions in APWIN
Basic language, which can initiate and control a sequence of actions
including loading test files from disk and executing them, comparing
data to limits, taking conditional actions, directly changing instrument
settings, and a variety of other tasks.

File Save As Data

The File Save As Data command permits saving the present test
results data as a Data file (.ADA file type) in the current directory. The
dialog displayed also permits navigation to other directories or disk
drives.

A Data (.ADA) file contains test data only, with no information on
panel setup and no definition of display format. To view the

newly-loaded data graphically, press the function key or use the
Sweep Compare Data to Limits (AT [t ) command. To view the

new data in a tabular presentation, click on the Data Editor icon
or use the Panels Data Editor menu commands.
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File Save As Limit Data

The File Save As Limit Data command permits saving the data
points presently in the Data Editor as a Limit file (.ADL file type) in the
current directory. The dialog displayed also permits navigation to
other directories or disk drives.

A Limit Data file is a form of a data file used to define upper or
lower limits of acceptable performance, so that automatic pass/fail
decisions may be made by the software. For more information on
Limits, see the Limits chapter beginning on page 22-1.

File Save As Sweep Tables

The File Save As Sweep Tables command permits saving the data
points presently in the Data Editor as a Sweep Table file (.ADS file
type) in the current directory. The dialog displayed also permits
navigation to other directories or disk drives.

A Sweep Table is a form of a data file used to define a list of
specific Source 1 values which will be used during a sweep, as
opposed to the software computing Source 1 values based on the Start
and Stop values, Log/Lin selection, and number of steps or step size.
See the Table Sweeps section of the Sweep chapter for more
information.

File Save As EQ Curve

The File Save As EQ Curve command permits saving the data
points presently in the Data Editor as an EQ Curve file (.ADQ file type)
in the current directory. The dialog displayed also permits navigation
to other directories or disk drives.

An EQ (equalization) Curve is a form of a data file used to define a
relationship between amplitude and frequency. It may be used to
automatically control a generator amplitude during a sweep so as to
follow the equalization curve. See the equalization sections of the
Analog Generator chapter and Digital Generator chapter for more
information. The EQ Curve may also be used by the Compute
Equalize function to modify data following a sweep to the values it
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would have had if the equalization curve had been in use. See the
Compute Equalize section in the Compute chapter for more
information. EQ Curves furnished by Audio Precision are located in
the C:\APWIN\EQ directory.

File Save As Stereo Waveform

The File Save As Stereo Waveform command permits saving to
disk the sampled signal presently in both channels of the DSP
acquisition buffers. The resulting disk file may later be downloaded to
the DSP via the Open Stereo Waveform command so that it may be
further viewed in time or frequency domain representations. For more
information on saving and loading waveforms, see the chapter on the
FFT-based analyzer program in use.

File Save As Mono Waveform

The File Save As Mono Waveform command permits saving to disk
the sampled signal presently in one channel of the DSP acquisition
buffers. The resulting disk file may later be downloaded to either
channel of the DSP via the Open Mono Waveform command so that it
may be further viewed in time or frequency domain representations.
For more information on saving and loading waveforms, see the
chapter on the FFT-based analyzer program in use.

File Save As Intervu Waveform

The File Save As Intervu Waveform command permits saving to
disk the sampled digital interface signal acquired by Intervu. The
resulting disk file may later be downloaded to Intervu via the Open
Intervu Waveform command so that it may be further viewed in time
or frequency domain representations. For more information on saving
and loading Intervu waveforms, see the Serial Digital Interface chapter.

File Save All

The File Save All command saves to disk both the current test and
all currently-open procedures. The File Save All command may be
issued by:

Selecting File menu and the Save All command
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or

Typing FI[L ]| (Eile save aLl) from the keyboard

or

Clicking on the multi-diskette icon on the Standard Toolbar
File Set Working Directory

APWIN tests often include a number of linked files, including
Sweep Tables, Limit files, and (for DSP versions) generator waveform
files. The “Current Working Directory” is the directory where APWIN
expects to find files that do not have an explicit path name supplied.
The Set Working Directory command displays a disk and sub-directory
navigation dialog that permits the user to specify the current working
directory. This supports one possible disk organization philosophy of
grouping the test files, limit files, sweep tables, etc. for different testing
activities into different directories, such as a power amplifier directory
or a directory for a specific product model number.

If an explicit path name is furnished for a linked file when a test is
set up, APWIN expects to find the file in that specific directory instead
of the current working directory. If, for example, different directories
have been set up for different products or models but all use the same
generator arbitrary waveform file, the waveform file name and explicit
path may be specified as each test is set up so that it is not necessary to
store duplicate copies of the waveform file in many directories.

By default, all File Open commands initially display the current
working directory contents. The user may navigate to other directories
if desired. Opening a test file in a different directory will re-set the
current working directory. The File Save As command is independent
from the current working directory and will display the contents of the
last directory used by this command.

The current working directory is stored when exiting from APWIN
and will automatically be used the next time APWIN is started. Note
that the current working directory established for APWIN is
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independent of the current working directory of all other Windows
applications.

File Quick Launch

] o i S T =

Quick Launch feature permits assigning up to eight
user-customized shortcut buttons to the Quick Launch Toolbar. The
Quick Launch Toolbar is displayed or hidden via the View Quick
Launch Bar menu item. Clicking on any of these eight buttons will
initiate an action pre-defined by the user. The action can be loading
any specific test, loading any specific procedure, or even running a
batch file or another Windows application such as a spreadsheet or
word processor with a specific file loaded. For experienced operators,
Quick Launch can be a fast route to frequently used test setups.
Development engineers may define their most common tests or
procedures or launch development software like circuit simulation
programs. A standard setup might have the user’s company name
substituted for “Audio Precision” in the title bar of graphs, the user’s
choice of units on graphs rather than standard APWIN defaults, and all
the desired FFT time and frequency domain units defined via the
Sweep Spectrum/Waveform button and memory. Note that opening a
test via Quick Launch changes the current Working Directory to the
directory (folder) where the test file is stored, just as when opening a
test via the File Open Test technique.

A production test application might allow selection of any of eight
test suites (procedures) associated with specific products to be tested.
For such applications with inexperienced operators, Quick Launch
makes it possible to display only a very simple screen to the operator.
All standard toolbars could be hidden if desired, leaving the operator
only the choices defined by the Quick Launch buttons.

Quick Launch actions are set up by the user via the Customize
Quick Launch command dialog that is reached via File Quick Launch.
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Customize Quick Launch

The File/Quick Launch/Customize Quick Launch menu command
opens a dialog box (illustrated here) that lets the user define the
functions for each Quick Launch button, and assign the icons (button
designs) that graphically identify each shortcut. The Command field of
this dialog defines the action to be taken. Clicking the ellipsis button at
the right end of the Command field permits browsing to the directory
containing the APWIN test, APWIN BASIC procedure, or other
program or document (such as a spreadsheet file) desired. The Menu
Text field defines the “ToolTip” that will be displayed when the mouse
cursor rests on the corresponding icon (button) and the text that
appears in the File Quick Launch “fly out.” The ellipsis button at the
extreme right end of the dialog on the Menu Text line permits browsing
to and selecting a specific icon design from those furnished by Audio
Precision or from any .ico or .bmp icon file or any .exe application that
imbeds an icon file. Users with bitmap editing capabilities could create
their own custom 16 x 16 bit-mapped icons if desired. If the
“Automatically run when loaded?” box is checked, a test or procedure
loaded by clicking on a Quick Launch icon will run immediately, not
requiring an F9 or Procedure Run command.

If it is desired to use Quick Launch to load a standard test template
that will then be saved under a new name and/or in a new directory, it
may be convenient to save the original test setup with the letter “x”.
replacing the usual “t” in the file extension. For example, a System Two
Cascade test could be saved as “filename.ax2c” instead of the normal
“filename.at2c”. When this test is tied to a Quick Launch button and
opened, the test title will display as “Untitled” rather than the actual
test name you assigned, and attempting to save the test will produce
the File Save As dialog rather than simply saving the test under its
original name in its original folder.
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Configure Quick Launch m

Zelect a gquick launch itern fram the list below

fdenu Text | Command |
I=]Frequency Respaonse ChApwint 324 A-al A4 Freg Res. .
SYDistortion ws Fraquency C:AAmwint 524 a-al A THD+MN Y.
Eil Signal to Moise ChApwint 324 a-a, SMNR.at2

UL FFT Spectrum Analyzer ChAmwin 524 a-ahA-A FFT at2

M FASTTEST analyzer ChApwin' 524 procedures\fastts..
M3 Speaker Testar (MLS) ChApwiny S2hproceduresi\MLSa...
W'l Digital Interface Analkyzer (Intervu)  ChApwinyS25D10anakyzerynter...
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Menu Text ‘Distor‘ciun ws Frequency

Coramand |C:\prin\82\a—a’\A—ATHD+N WS FREQ.at2

[ Automatically run when loaded?

Ok Cancel ‘ Apply |

Figure 3-1 Customize Quick Launch Dialog

A default Quick Launch set up with a suite of common tests is
supplied with APWIN. If the “Quick Launch” toolbar is turned on, this
default setup should be displayed as shown under the Quick Launch
section heading on page 3-12. The eight tests or procedures represent
a cross section of frequently used tests including Frequency Response,
THD+N vs Frequency, Signal-to-noise-ratio (actually a procedure to
generate this number), an FFT spectrum analyzer, a FASTTEST
multitone instrument setup, a Maximum Length Sequence (MLS)
acoustic analyzer, a digital audio interface test selection menu (using
INTERVU), and a “Quick Start” procedure that displays a menu of
several additional standard tests. A custom icon has been created for
each of these tests (and this icon is also included with the library of
supplied icons). (Note that some the tests or procedures supplied with
this default Quick Launch set up assume the presense of DSP and/or
Dual Domain capability as found in SYS-2222 and SYS-2322
respectively).
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Whenever a user changes the Quick Launch setup (via the
“customize” dialog), the Quick Launch file is modified. Therefore the
default Quick Launch setup and associated custom tool bar illustrated
here will be overwritten. There is a specific file that contains the Quick
launch setup for each specific platftorm. The one for System Two
Cascade is called Quick Launch2c.dat and is located in
C:\Program Files\Audio Precision\Apwin200 folder. If you wish to
preserve your own customized Quick Launch setups (or the default
setup supplied with APWIN), just rename this file. APWIN will create a
new “empty” Quick Launch" setup the next time it is loaded that can
then be modified at will. When you want to return to a different
previously designed Quick Launch set up, make a copy of your
previously saved “My Quick Launch xxx.dat” file called Quick
Launch2c.dat and place this in the proper folder overwriting the
existing Quick LaunchZc.dat file.

File Append

The data in existing disk files may be appended to the data
presently in memory so that old and new traces may be viewed
simultaneously. Data in test files (.(AT1, .AT2, or .AT2C) and data files
(.ADA, .ADQ), .ADS, and .ADL) may be appended. The File Append
menu command displays a dialog with a Browser, permitting
navigation to any directory and bringing in the data from files of any of
those six types. APWIN will not permit appending of data unless the
file on disk and the file presently in memory:

m have compatible Source 1 selections (for example, both
frequency or both amplitude but not one frequency and the
other amplitude)

m have the same structure of Data 1 and Data 2 selections. For
example, a disk file with data plotted at both Data 1 and Data 1
may not be appended to data in memory which is graphed only
as Data 1 with Data 2 set to “None”

m have compatible measurement “domains”. For example,
measurements of distortion in percent units may not be
appended to measurements of level in amplitude units, but
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distortion data in absolute units (Volts, dBu, etc.) may be
appended to amplitude data

The appended data will be graphed in the same trace color used
in the original test or data file from which it was extracted, but the color
may then be changed by use of the Graph Legend. Original and
appended data may be viewed in the Data Editor.

File Export

The File Export menu command displays a “fly-out” dialog with
two additional choices—ASCII Data and Graphics.

File Export ASCII Data

This command saves the test data presently in memory in the
Export Data File format (.ADX file type) in order to easily import it into
other software programs. The .ADX file consists of ASCII characters
with commas as delimiters. The basic structure is similar to the format
displayed in the Data Editor. For standard (not nested) sweeps, the
columns from left to right are Source 1 followed by the Data columns.
For a nested sweep, the columns are Source 1, the Data columns, and
Source 2. Examples of both standard and nested sweep .ADX files are
shown below for cases of two Data parameters, Anlr Level A at Data 1
and Anlr THD at Data 2. Use of Data 3 through Data 6 would add
additional columns. Unused data columns are represented by commas.

Normal Sweep

C:\APWIN\SAMPLES\EXAMPLE.AT1, 08/22/95 11:09:55

Gen.Freq, Anlr.Level A, Anlr.THD Ratio,
Source 1, Data 1, Data 2,
Hz, dBv, %,
20000, 0.038598, 0.000387,
5025, 0.031718, 0.000426,
1262, 0.024833, 0.000348,
317, 0.028276, 0.000348,
79.625, 0.024833, 0.00031,
20, 0.020526, 0.000378,
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Nested Sweep

C:\APWIN\SAMPLES\EXAMPLE2.AT1, 08/22/95 11:13:23

Gen.Freq, Anlr.Level A, Anlr.THD Ratio
Source 1, Data 1, Data 2,
Hz, dBv, %,
20000, 0.031718, 0.000387,
5025, 0.024833 , 0.000426,
1262, 0.021388, 0.000349,
317, 0.024833 , 0.000348,
79.625, 0.017942 , 0.000349,
20, 0.018803, 0.00032,
20000, 7.990518 , 0.00034,
5025, 7.990518 , 0.000341,
1262, 7.98501, 0.000279,
317, 7.98501, 0.000279,
79.625, 7.97674 , 0.000372,
20, 7.979499, 0.000287,

File Export Graphics
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The File Export Graphics command creates a Windows Metafile or
Enhanced Metafile copy of the present graph as a disk file. A dialog
permits navigation to any desired directory and supplying a file name
for the Metafile. A Metafile is a standard graphics format of the vector
type, as opposed to bitmaps. Metafiles can be imported into most
drawing, desktop publishing, and word processing programs.
Resolution of a Metafile depends only on the output device, as
opposed to a bitmap whose resolution in pixels is fixed at the moment
of capture. The Enhanced Metafile (.EMF file type) contains more
information than the original Windows Metafile ((WMF file type) and is
preferred when the program into which it will be imported will accept
it. Older Windows programs may accept only the original (.wmf)
format. The parameters of the Metafile graph (trace line styles, trace
color, trace thickness, whether comments and legend are part of the
metafile, etc.) are controlled from the File Page Setup screen.
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As an alternate to the Metafile file for graph export, metafiles or
bitmap copies of graphs (and bitmap copies of other panels) may be
copied to the Windows clipboard by the Edit Copy to Clipboard
command.

File Import

The File Import command produces a menu of three subsidiary
selections: ASCII data, S1.EXE test, and S1.EXE procedure. The two
S1.EXE choices will be gray and unavailable when APWIN has been
started for System Two Cascade, but are available when started for
System One.

Importing ASCII Data

Popular spreadsheet software, text editors, and the Audio Precision
MAKEWAV3 utility (for generating multitone waveform files) can
generate ASCII data files. The S1.EXE files may be imported only if
APWIN has been started in its System One mode.

The File Export ASCII Data description above shows examples of
the format of the comma-delimited file format. Spreadsheet software
can create such comma-delimited files, with the first four lines of text
typed in manually or pasted in from an .ADX file via the Windows
clipboard.

The File Import dialog box permits the user to specify whether
.ADX or .ADF files are shown in the browser. The format of these two
file types is identical. The .ADX file type is automatically created when
the File Export command is used from APWIN. The .ADF file type is
automatically created when MAKEWAV3 generates its list of exact
fundamental frequencies in a multitone file.

Importing S1.EXE Files

Importing S1.EXE files makes it possible to transfer test setups
originally prepared with DOS software to the Windows environment
with APWIN. They may then be saved as .AT1 files. Importing a DOS
procedure will also automatically import the test. limit, sweep, etc. files,
resulting in a complete operating procedure for System One under
APWIN.
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File Print

See the Graphs and Printing chapter.
File Print Preview

See the Printing Graphs section of the Graphs and Printing chapter.
File Print Setup

The File Print Setup command permits selection of the printer to be
used, the paper orientation (landscape versus portrait), and the paper
size and source on printers which have multiple paper trays. To
display the Print Setup dialog box:

select Print Setup under the File menu

or

from the keyboard, press the F IR ]| keys (for File pRint setup).
Note that Print Setup sets the configuration for APWIN only, and does
not affect other Windows programs.

File Page Setup

See the Page Setup section of the Graphs and Printing chapter.

File Recent File

The names of the eight most-recently-used test files (.AT1, .AT2, or
.AT2C) are listed in the lower section of the File menu. Any files of
those files (of the type corresponding to the instrument in use) may be
opened by a single click of the left mouse button on the file name.
This is particularly convenient when working repetitively with a small
number of test files, particularly if some of them are located in different
directories (folders) from others.

File Exit

The File Exit command terminates an APWIN session. To execute
this command:

click on Exit under the File menu
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or
from the keyboard, press (for File eXit).

Another alternative method for ending an APWIN session is by
clicking the .EI icon at the upper right of the screen.
APWIN File Types

APWIN uses a number of different types of files, distinguished both
by their internal structure and by the file extension (three characters

following the “.”). All extensions use the letter “A” (for Audio
Precision) as the first character. They are:

Test Files

Test File, System One AT1
Test File Template, System One AX1
Test File, System Two AT?2
Test File Template, System Two AX2
Test File, System Two Cascade AT2C
Test File Template, System Two Cascade AX2C
(See the Quick Launch discussion for information on test file

templates)

Data Files

Test Results Data ADA
Limits Data ADL
Sweep (Step) Table ADS
EQ Curves ADQ
Exported (delimited ASCII) Data ADX
MAKEWAV2 Exact Fundamental Frequency List .ADF
DSP Files

DSP Program, System One AZ1
DSP Program, System Two AZ2
Acquired Waveform, 1 channel AAM
Acquired Waveform, 2 channels AAS
Acquired Digital Interface Waveform, 1 channel AAl
Generator Waveform, 1 channel AGM
Generator Waveform, 2 channels AGS
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Miscellaneous Files

APWIN Basic Procedure APB
Log File ALG
Waveform Statistics File from Multitone Creation WFS
Sweep Table Statistics File from Multitone Creation STS

Note that Data, Limit, Sweep, and EQ Curve files all have identical
formats and may be used interchangeably.

Edit Menu

The Edit Menu consists of the following commands: Undo, Cut,
Copy, Paste, Copy Panel to Clipboard, Set Analyzer dBr Reference,
Set Analyzer Frequency Reference, Set Generator dBr Reference, Set
Generator Frequency Reference, Reset Bargraph Max/Min, Insert Row
Before, Insert Row After, Insert Row at End, and Delete Row.

Undo

The Edit Undo command (equivalent to the il icon on the

Standard Toolbar or the [z ] keystrokes) will undo the last deletion
or typing action in the various text editors such as the Comments
Editor or Procedure editor. A second operation will undo the undo.

Cut

The Cut command (equivalent to the il icon on the Standard
Toolbar or the [ET[X]| keystrokes) removes selected text from an editor
such as the Comments or Procedure editors, or from a numeric entry
field, to the Windows clipboard. Selected text is indicated by inverse
video. The text may then be pasted into another location or another
Windows program.

Copy

The Copy command (equivalent to icon on the Standard
Toolbar or the keystrokes) copies selected text (inverse video
highlighted) from an editor such as the Data Editor, Comments Editor,
or Procedure Editor, or from a numeric entry field on a panel, to the
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Windows clipboard. The text may then be pasted into another
location or into another Windows program. To copy a selected graph
or panel to the clipboard, use the Edit Copy Panel to Clipboard
command instead.

Paste from clipboard

The Paste command (equivalent to El icon on the Standard
Toolbar or the keystrokes) duplicates at the current cursor
location the text presently on the Windows clipboard. That clipboard
text would have been placed there by using the Cut or Copy command
to bring the text from another location within APWIN, or from another
Windows program. When pasting into a numeric entry field such as
generator Amplitude or Sweep Start, the Enter key must be pressed to
cause actual data entry if the “Auto Enter for Numeric Fields”
checkbox of the Utilities Configuration General tab is not checked.
Note that pasting numeric data with “illegal” units into a numeric entry
field will result in an error message and retention of the previous entry.
For example, it is not possible to paste a frequency value in Hz units
into an Amplitude field.

Copy Panel to Clipboard

The Copy Panel to Clipboard command in the Edit menu will copy
to the Windows clipboard the APWIN panel, graph, bargraph, or
editor (Window) that presently has the focus. The focus is placed on a
panel, graph, etc. by clicking on the panel or, if no mouse is available,
using the [c™Y 1a8] keystroke. The panel with the focus has a blue title
bar at the top. From the clipboard, it may then be copied into any
Windows-compliant application by the Paste command of that
application (or [ERfv]). Thus, a copy of a graph, bargraph, editor, or
instrument panel may be easily placed into a word processing
document or paint or graphics program for further processing or
printing. Note that the keystroke will not copy a panel or graph
since that keystroke is defined for text copy among APWIN’s editors;
the Edit Copy to Clipboard command must be used.

All panels except for the graph are always copied as bitmaps. The
graph may be copied, at the user’s choice, as a bitmap or metafile. A
bitmap is a fixed-resolution format, with the pixel relationship
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determined when the panel or graph is captured. The bitmap graph
background will be black, duplicating the on-screen version. A metafile
is a vector format. The resolution is determined by the final output or
display device, independent of what the size or screen resolution was
then the graph was captured. The choice between copying to the
clipboard as a black-background bitmap or a white-background
metafile is determined on the Graph tab of the Utilities Configuration
dialog.

Note that a metafile copy of the APWIN graph can also be
obtained as a separate file, rather than temporarily copied to the
Windows clipboard, by the File Export Graphic command.

Set Analyzer dBr Ref

The Set Analyzer dBr Reference command (equivalent to the
key) causes the presently-measured analog amplitude value to be
written into the dBr reference field near the bottom of the large form of

the Analog Analyzer panel. This is often referred to as “setting zero
dBr”.

Set Analyzer Freq Ref

The Set Analyzer Frequency Reference command (equivalent to

the keystrokes) causes the presently-measured frequency value
to be written into the Frequency Reference field near the bottom of the
large form of the Analog Analyzer panel.

Set Generator dBr Ref

The Set Generator dBr Reference command (equivalent to the
key) causes the presently-set analog generator output amplitude to be
written into the dBr Reference field near the bottom of the large form

of the Analog Generator panel.

Set Generator Freq Ref

The Set Generator Frequency Reference command (equivalent to
the keystrokes) causes the presently-set analog generator
frequency to be written into the Frequency Reference field near the
bottom of the large form of the Analog Generator
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Reset Bar Graph Max/Min

The Reset Bar Graph Max/Min command (equivalent to the
function key) causes the maximum and minimum hold feature of the
Bargraph which has the Windows focus to reset to the
currently-measured value. Windows focus is indicated by the title bar
across the top of the bargraph being blue rather than gray. Clicking
anywhere on a bargraph brings the Windows focus to it.

Insert Row Before

When the Data Editor has the focus (Data Editor Title Bar is blue),
the Insert Row Before command will insert a new row into the Data
Editor, immediately before the presently-selected row. The same
function is also available as a right mouse button selection when the
mouse cursor is in the Data Editor.

Insert Row After

When the Data Editor has the focus (Data Editor Title Bar is blue),
the Insert Row After command will add a new row into the Data
Editor, immediately after the currently-selected row of data. The same
function is also available as a right mouse button selection when the
mouse cursor is in the Data Editor.

Add Row to the End

When the Data Editor has the focus (Data Editor Title Bar is blue),
the Add Row to the End command will add a new row of data at the
end of the Data Editor. The same function is also available as a right
mouse button selection when the mouse cursor is in the Data Editor.

Delete Row

When the Data Editor has the focus (Data Editor Title Bar is blue),
the Delete Row command will delete the currently-selected row of
data. The same function is also available as a right mouse button
selection when the mouse cursor is in the Data Editor.
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View Menu

The View Menu consists of the following commands: Standard
Toolbar, Panel Toolbar, Procedure Toolbar, Learn Mode Toolbar, Quick
Launch Toolbar, Status Bar, Page 1, Page 2, Page 3, Page 4, Page 5.

Standard Toolbar

The Standard Toolbar (illustrated in chapter 2) contains icons for
common activities such as opening and saving files, printing graphs,
and copying text to and pasting from the Windows Clipboard.
Checking or un-checking the View Standard Toolbar command will
display or hide the Standard Toolbar. It is normally most convenient to
have toolbars visible, but it may be a worthwhile compromise to hide
some or all to get more workspace on lower resolution displays such as
640 x 480 pixels. Toolbars may be dragged to another location by
clicking and holding the left mouse button on any toolbar area that is
not part of an icon. With higher resolution screens, it is normally
desirable to drag all toolbars onto the same line rather than having
them one above another. Toolbars may also be re-oriented to vertical
orientation by dragging them to the left or right margin of the screen,
until the outline visible while dragging changes to a vertical box. If a
toolbar is pushed completely off screen by dragging another toolbar,
the “lost” toolbar may be returned to the screen by first un-checking its
name in the View menu, then re-opening the View menu and
re-checking the toolbar name.

Panel Toolbar

The Panel Toolbar (shown in chapter 2) contains icons for every
instrument panel plus general panels such as Sweep Settling.
Checking or un-checking the View Panel Toolbar command will turn
the Panel Toolbar on or off. It may be dragged as described above
under Standard Toolbar.

Many of the panels are available in both small and large size
versions. Simply clicking on an icon causes it to be displayed in the
small version. Holding down the key while clicking on the icon
produces a display of the large version (if there are two versions).
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Procedure Toolbar

The Procedure Toolbar (illustrated in chapter 2) contains icons for
activities including OLE Automation Browser, Run Procedure, Pause
Procedure, End Procedure, Toggle Break Points, Quick Watch, Step
Into, Step Over, and Step Out. Checking or un-checking the View
Procedure Toolbar command will turn the Procedure Toolbar on or off.
It may be dragged as described above under Standard Toolbar.

Learn Mode Toolbar

The Learn Mode Toolbar (illustrated in chapter 2) contains icons to
start or stop Learn Mode. When Learn Mode is activated, operator
actions including the result of mouse clicks, menu selections, and text
or numeric entries into panel fields, will result in lines of APWIN Basic
language code being automatically written into the Procedure Editor.
The resulting procedure can then be run to re-create the series of
actions. Checking or un-checking the View Learn Mode Toolbar
command will turn the Learn Mode Toolbar on or off. It may be
dragged as described above under Standard Toolbar.

Quick Launch Toolbar

The Quick Launch Toolbar, illustrated in chapter 2, provides access
to user-selected APWIN tests and procedures or other Windows
applications. See the discussion of the Quick Launch feature earlier in
this chapter.

Status Bar

.Displays the Analog Anlayzer Panel. |[Page 1| Page 2 | Page 3 | Page 4 | Page 5 |

Figure 3-2 Status Bar and Page Tabs

The Status Bar at the bottom of the APWIN screen displays at the
left short messages about the present activity or the icon under the
present mouse cursor location. At the right center, the Status Bar
displays the five page tabs. If one or more panels are displayed on a
page, the label on the page tab will be in bold characters. Checking or
un-checking the View Status Bar command will turn the Status Bar on
or off. It is normally most convenient to have the Status Bar visible,
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but to get more workspace on lower resolution displays such as 640 x
480 pixels, it may be a worthwhile compromise to hide the Status Bar.

Page 1 through Page 5

The View Page 1 through View Page 5 commands display the
specified page of the workspace. They have the same effect as clicking
on the Page 1 through Page 5 tabs in the Status Bar or using the

through keystrokes.

Panels Menu

The System Two Cascade Panels Menu consists of the following
commands: Analog Generator ([¢Tf6 ), Digital Generator (fST|fp ),
Analog Analyzer (ffA]), Digital Analyzer, ([E™f¥])), Sweep ([ETRfs]),
Graph, Sweep Settling, DCX, Switcher, Bar Graphs, Data Editor,
Digital I/O (fe™®f:, 1), Sync/Ref Input, Status Bits ([T ),
Headphone/Speaker ([ ]), Procedure Editor, Diagnostic, and
Regulation.

Detailed information on the panels may be found in the chapters
indicated:

Analog Generator | Analog Generator chapter, page 4-1

Analog Analyzer Analog Analyzer chapter, page 5-1

Digital Generator | Digital Generator chapter, page 10-1

DSP Audio Analyzer chapter, page 11-1

Harmonic Distortion Analyzer chapter, page 12-1

FFT Spectrum Analyzer chapter, page 15-1

FASTTEST Multitone Analyzer chapter, page 16-4

MLS Quasi-Anechoic Analyzer chapter, page 17-1
INTERVU Interface Analyzer section of Interface chapter,

Digital Analyzer

page 8-21
BITTEST Digital Data Analyzer chapter, page 13-1
Sweep Sweep chapter, page 20-1
gggﬂsand - Graph and Printing chapter, page 21-1
Sweep Settling Sweep chapter, page 20-28
DCX DCX-127 chapter, page 26-1
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Switcher Switchers chapter, page 25-1
Data Editor Limits chapter, page 22-1
- in Digital Domain chapter, page 7-2; in Digital Interface
Digital 0 chapter, page 8-3
Status Bits Status Bits section of Digital Interface chapter, page 8-50

All panels not listed above are described in this chapter.

Headphone/Speaker Panel

The System Two Cascade Headphone/Speaker control panel can
be brought to the screen by:

clicking on the Headphone/Speaker icon il on the Panels
Toolbar

or
selecting Panels Headphone/Speaker from the menu bar

or

from the keyboard, pressing PIfi]] (for Panels Headphone) or
TR

Figure 3-3
BIE £ Headphone/Speaker Panel

Source:

|off

Analog Analyzer Reading
Analog Generator A
Analog Generator B

DSP Monitar A

DSF Monitar B

Analog Input A,

Analog Input B

D=P tonitar C

D3P Maonitar D

When Stereo is selected, different signals are fed to the left and
right headphones (in most cases). Both these signals are summed into
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the internal monaural loudspeaker located in the bottom of the
instrument. The possible Stereo selections are Off, Analog Analyzer
Reading, Analog Generator, DSP Monitor A&B, Analog Input, DSP
Monitor A&C, and DSP Monitor B&D. Off disables the audible
monitoring function. Analog Analyzer Reading connects the final
signal of the analog analyzer, following all filtering, to both headphone
channels. Analog Generator connects the channel A analog generator
signal to the left headphone and the channel B analog generator signal
to the right headphone. Analog Input connects the analog analyzer
Channel A input signal to the left headphone and the Channel B signal
to the right headphone.

The DSP Monitor A&C selection feeds the left channel embedded
digital audio signal to the left headphone and right channel to the right
headphone, unless the left and right channels have been swapped by
Ch 1 and Ch 2 Source selections present on some of the Digital
Analyzer panel. When the DSP Audio Analyzer program (ANALYZER)
is in use, the DSP B & D points monitor the signals of the two channels
following all Reading meter filtering. Thus, the DSP B & D selection
will monitor distortion products on both channels after the
DSP-implemented notch filters if THD+N measurements are being
made on an embedded digital audio signal. The DSP A & B selection
will monitor the left channel signal before the notch on the left
headphone and the left channel signal after the notch on the right
headphone.

When Mono is selected, a single signal is fed to both left and right
headphones and to the internal loudspeaker. The possible Mono
selections are Off, Analog Analyzer Reading, Analog Generator A,
Analog Generator B, DSP Monitor A, DSP Monitor B, Analog Input A,
Analog Input B, DSP Monitor C, and DSP Monitor D. Off disables
audible monitoring. Analog Analyzer Reading is the final analog signal
in the analog analyzer, following all filtering (and following the wow
and flutter discriminator or IMD detectors if the reading meter is in
W&F or IMD modes). Analog Generator A and B are the A and B
channels of the analog generator. Analog Input A and B are the
analog analyzer input signals at channels A and B. DSP A and C
normally monitor the left and right channel signals fed to the DSP
Analyzer program in use. The only exceptions are if the DSP Analyzer
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program Source selections result in swapping the two channels, for
example by selecting digital channel B at FFT Ch 1 and A at Ch 2.
When the DSP Audio Analyzer program (ANALYZER) is in use, DSP B
and DSP D monitor the signals following the processing (notch or
bandpass filter, highpass, lowpass, and weighting filters) of Function
Reading meter channels A and B. For example, these would be the
distortion products after the DSP-implemented notch filters of the two
channels if THD+N measurements were being made on an embedded
digital audio signal.

Procedure Editor

The Procedure Editor can be brought to the screen by:

clicking on the Procedure Editor icon on the Panels Toolbar

or

selecting Panels Procedure Editor from the menu bar

or

from the keyboard, pressing P[P || (for Panels Procedure)

or

from the keyboard, pressing R [fo || (for pRocedure shOw panel)

Procedure files (.APB file type) are APWIN Basic files which define
and control automatic processes. Procedure files can load test files
from disk and can also directly control the settings of all instruments.
Creation and operation of procedures and details of the APWIN Basic
language are covered in the APWIN Basic Programmers Manual and
in the Help menu under Help Procedure Language and Help
Procedure Topic.

Diagnostic Panel

The diagnostic panel is used for instrument service, diagnosis and
calibration at Audio Precision and Audio Precision authorized Service
Centers. It is not intended for use in normal operation.
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Regulation Function

Regulation is a software servo-mechanism which forces a measured
parameter to a user-specified target value by automatically adjusting a
user-specified setting parameter. Examples include automatically
adjusting the generator frequency until measured response is exactly
3.0 dB below the midband reference level or automatically adjusting
the generator amplitude until measured distortion at the output of a
power amplifier is exactly 1.0%. Regulation can be manually triggered
while viewing instrument panels, or may be automatically invoked at
each step of a Source-1 sweep.

Regulation setup and manual triggering of regulation cycles is
accomplished with the Regulation panel. This is displayed from the
Menu command Panels Regulation.

B Regulation _ |}

T %0 dBl> Abs

Fegulate |.~'-\n|r.THD R ahio |J To |1.EIEIEIDEI E vI within a tolerance of (010000 %

by VafPing|Gen-'a‘m|:'l""“ |J within the bounds High Bound, W

Low Bound: W

CReRier: |+Narmal "I Timeout [per step):
Stepzize: W‘

Iterations: |30 Regulate I ¥ Enable during each step of the sweep

Figure 3-4 Regulation Panel, Typical Setup for Power Bandwidth Sweep

The Regulation field permits selection of the measurement which
will be brought to a target value (regulated) by the function. Clicking
the ellipsis (. . .) button at the right of this field displays a browser
which may be used to select any measurement parameter of the
instrument. The next field to the right (labeled “To”) permits entry of
the target value to which the measurement is to be forced. The down
arrow at the right of this field allows selections of all available units for
the parameter being regulated. The field at the end of this row
provides entry capability for the tolerance range around the target
value that is deemed acceptable. Tolerance may be set in any of three
fashions—%, dB, or Absolute (Abs) as selected by the “radio buttons”
above this field. With % selected, the measurement must be within the
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entered numeric percentage of the target for regulation to be judged
complete. For example, with a 1.00 Volt target and a 5% tolerance,
regulation is judged complete when the reading falls within the band of
0.95 Volts to 1.05 Volts (1.00 =5%). With the dB mode selected, the
reading must be brought within the specified decibel deviation. With a
1.00 Volt target (0.0 dBV) and a 0.5 dB tolerance, successful regulation
would be a result between -0.5 dBV and +0.5 dBV (0.944 Volts to
1.059 Volts). With the Abs mode, the target must be within the
specified variation from the target in absolute units. For example, if the
regulated parameter is THD+N in % units and the target is 1.0% THD,
an Abs tolerance of 0.5% would cause any measurement between
0.5% and 1.5% (1.0% +0.5%) to be accepted.

The “by varying” field is for selection of the setting or controlling
parameter which will be automatically varied in an effort to reach the
target measurement described above. Care must be taken to select a
“by varying” parameter which controls or influences the measurement.
For example, one would not normally expect to affect the interchannel
Phase measurement of a two-channel device by varying the generator
amplitude driving that device, but you could expect to affect the
distortion of a power amplifier by varying either amplitude or
frequency of the generator driving it and may affect the distortion of a
D/A converter by varying the amplitude or frequency of injected jitter
on the digital output from System Two Cascade. The ellipsis button at
the right of the field permits selecting any setting in the instrument.
The High Bound and Low Bound fields at the right permit setting
upper and lower limits beyond which the Regulation function will not
attempt to set the “by varying” parameter. Any available unit for these
Bounds fields may be selected via the down arrow at the right.

The “Operation” field selects the mathematical algorithm which
relates the “by varying” parameter and the “Regulate” parameter.
There are five choices: Linear, + Normal, -Normal, Maximum, and
Minimum.

Linear initially assumes that any change in the “by varying”
parameter should cause the exact same change in the measured
“Regulate” parameter. This is the normal relationship between input
and output signal level of an amplifier over its normal operating range.
If the initial measured output level from a device is 4.96 dB below the
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“To” (target) value, the generator amplitude selected in the “by
varying” field is increased by 4.96 dB. If this single change in “by
varying” value does not bring the “Regulate” value to the target,
additional attempts will be made until the target is finally achieved.
The “Stepsize” field is gray when Linear is selected, since the actual
step change in the “by varying” parameter will be exactly the amount
that the measurement of the “Regulate” parameter differs from the
target “To” value. The Linear Operation is the fastest and best
selection to use when setting device outputs to a reference level or
making frequency response measurements at constant output level or
constant modulation percentage.

The “+Normal” selection assumes that the “By varying” parameter
and the “Regulate” parameter are proportional, but not necessarily in
a linear fashion. This is typical of the relationship between generator
amplitude and measured distortion of an amplifier near the maximum
power point, or between generator frequency and measured amplitude
from a high-pass filter on its attenuation skirt. In “4+Normal”
operation, the “by varying” parameter starts from its present setting. If
the measured “Regulate” value is below the target, the “by varying”
parameter is increased by the “Stepsize” amount and the “Regulate”
parameter is measured again. When the first increase by the
“Stepsize” amount causes the measured “Regulate” parameter to go
above the target value, the “by varying” parameter will then be
decreased by half the “Stepsize” amount. Each time the “Regulate”
parameter measurement crosses through the target, the direction of
change of the “by varying” parameter is reversed and the step size is
again cut in half. Successful regulation is finally achieved when
Regulate is brought within the specified tolerance of the target. The
Regulation process will halt earlier if the specified number of
“Iterations” is reached.

The “-Normal” algorithm assumes an inverse proportional
relationship between “by varying” and “Regulate”. This is typical of
the relationship between generator frequency and low-pass filter output
amplitude on the attenuation skirt, or between generator amplitude
and measured THD+N in relative units (dB or %) in the lower,
noise-limited area of operation of a device. “-Normal” works exactly
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like “+Normal” except that the direction of change of the “by varying”
parameter is reversed.

The “Maximum” algorithm controls the “By varying” parameter so
as to locate a peak response point. The “by varying” parameter is
always started from the present value and is increased in “Stepsize”
amounts as long as the “Regulate” parameter is increasing. When the
“Regulate” parameter makes a decrease, the direction of change is
reversed and the step size is cut in half. The “Maximum” operation
continues until the “by varying” parameter has been reversed in
direction the number of times entered in the “Iterations” field. The
“Minimum” operation is conceptually similar but expects the
“Regulate” parameter to decrease initially and reverses direction each
time the “Regulate” parameter goes through a null and starts
increasing.

The input information to the Regulation process is a stream of
settled readings from an instrument, processed through the Sweep
Settling algorithm. If the variability of readings from the instrument is
larger than the values set for that parameter on the Sweep Settling
panel, the Settling algorithm may not be able to obtain a settled value
to pass on to the Regulation algorithm. The Timeout field on the
Regulation panel sets a time interval beyond which the Regulation
process will not wait for a settled input. Anytime that the Settling
algorithm cannot deliver a properly-settled reading to the Regulation
process within the Timeout period, the most recent stream of up to 32
unsettled readings from the instrument will be averaged and used as
input to Regulation.

A Regulation cycle may be manually triggered by clicking the
“Regulate” button on the Regulation panel. If the “Enable during
every step of the sweep” checkbox is checked, a Regulation cycle will
automatically be triggered at each step, including the Start value, of a
Source-1 sweep. The Sweep panel will set the Source 1 parameter to
the Start value, a complete Regulation cycle will take place until either
success or an exit from Regulation with an Unregulated message,
Source 1 steps to the next value, Regulation is triggered again, etc.
During a Regulation cycle, whether manually trigger or as part of a
sweep, the panel fields displaying the “Regulate” measurement
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parameter and the “by varying” settings parameter will change to a
yellow background.

When making a sweep test with Regulation enabled, it is not
typically useful to plot the parameter being regulated, since it will plot
as an essentially-flat horizontal line. Plotting the parameter may be
desirable during setup to be sure that Regulation is working properly.
Here are several examples of Regulated sweeps:

m Using Regulation to hold a power amplifier output distortion
constant (perhaps at 1.0%) by varying generator amplitude, but
plotting amplifier output Level in Watts versus generator
frequency to produce a graph of power bandwidth.

m Using Regulation to find a minus three dB point on a device,
then making a single-point “sweep” to display the measured
frequency of that point.

m Using Regulation to hold the modulation percentage (deviation)
of a preemphasized broadcast transmitter constant (BNC
connector fed from precision demodulator composite or
baseband output) while measuring and plotting THD+N versus
frequency (XLR connectors fed from de-emphasized outputs of
demodulator).

m Using Regulation to hold the modulation percentage (deviation)
of a preemphasized broadcast transmitter constant (BNC
connector fed from precision demodulator composite or
baseband output) while measuring and plotting the generator
amplitude vs. frequency required to obtain that constant
modulation value. To plot generator amplitude or any other
setting value requires checking the “Show Settings” box in the
Data 1 through Data 6 browser on the Sweep Panel. This curve
is essentially a modulation sensitivity test. Plotting the generator
amplitude using normal units will result in a curve that is
inverted from the actual preemphasis curve shape of the
transmitter. Less generator amplitude is required at high
frequencies where the preemphasis curve rises, producing higher
modulation sensitivity. Therefore, the dBrInv unit (relative
decibels, inverted) may be selected. The dBrInv unit exchanges
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plus and minus signs to rotate dBr values around the dBr zero
value and will produce a preemphasis curve of the expected
shape.

Sweep Menu

The Sweep Menu consists of the following commands: Show
Panel, Show Settling Panel, Start (ff2]), Stop (fgsc]]), Start with Append

/A

(e ), Start with Repeat (fAT])ffs ), Transform Data without Acquire

(F51), Reprocess Data ([cTff5 1)), Compare Data to Limits ([f7]]), Copy
Data 1 Settings to Data 2 Settings, Copy Data 2 Settings to Data 1

Settings.
Show Panel

The Show Panel selection on the Sweep menu causes the Sweep
panel to be displayed. This menu command is equivalent to clicking

on the Sweep icon El, selecting Sweep on the Panels menu, or using
the ey fs]] keystrokes from the keyboard.

Show Settling Panel

The Show Settling Panel selection causes the Sweep Settling panel
to be displayed. This is equivalent to clicking on the Sweep Settling

icon il, selecting Sweep Settling on the Panels menu, or using the
PIJL ]| (for Panels settLing) keystrokes.

Start

The Start selection on the Sweep menu starts a new sweep test
according to the definitions presently set up on the Sweep panel. This

menu command is equivalent to pressing the function key, clicking
on the Go button at the bottom of the Sweep panel, or clicking on the

icon with the green “light” QI on the Standard Toolbar.
Sstop

The Stop selection on the Sweep menu stops any sweep currently
in progress. This menu command is equivalent to pressing the
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key, clicking on the button at the bottom of the Sweep panel while the

button label is “Stop”, or clicking on the icon with the red “light” QI
on the Standard Toolbar.

Start with Append

The Start with Append selection on the Sweep menu starts a new
sweep test and retains any sweep data already in computer memory.
This menu command is equivalent to the keystroke or to
checking the “Append” box on the Sweep panel, then pressing 21 or
clicking on the Go button or green icon. Note that the “Append”
checkbox is not automatically un-checked at the end of a sweep
initiated with the Start with Append menu command or the
keystrokes. Future sweeps made with the current setup will continue to
be appended to all accumulated sweep data unless the user specifically

un-checks the Append checkbox.

Repeating sweeps and appended sweeps may be combined to
produce a continuously-repeating sweep that accumulates all the
sweep data, by checking both the Append and Repeat checkboxes.

Start with Repeat

The Start with Repeat selection on the Sweep menu starts a new
sweep test which will continue with repeated sweeps indefinitely until
manually halted with the key or Stop icon. This menu command
is equivalent to the keystroke or to checking the “Repeat” box
on the Sweep panel, then pressing or clicking on the Go button or

/A

green icon. Note that the “Repeat” checkbox is not automatically

un-checked when a repeating sweep is interrupted with the £t key or
Stop button or icon. Future sweeps started by any method (2] key,

Go button, green light icon, etc.) will repeat continuously unless the
user specifically un-checks the Repeat checkbox.

Repeating sweeps and appended sweeps may be combined to
produce a continuously-repeating sweep that accumulates all the
sweep data, by checking both the Append and Repeat checkboxes.
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Transform Data without Acquire

FFT-based (batch mode) DSP programs have three distinct,
sequential phases to their operation when the key is pressed or Go
button or green light icon is clicked. First, data is accumulated into the
acquisition buffer until the buffer is filled to the specified acquisition
length. Second, a Fast Fourier Transform (FFT) is performed to obtain
amplitude (and sometimes phase) versus frequency data which is
stored in a different memory buffer from the acquired signal (amplitude
versus time). Third, a post-processed version of the amplitude versus
time or amplitude versus frequency data (depending upon Sweep
panel settings at Source 1 and Data 1 or 2) is transmitted from the DSP
module in the test system to the computer for graphing by APWIN
software.

It is often desirable to re-transform the data already present in the
acquisition buffer, rather than acquiring new data. This will be the
case when a previously-acquired waveform is downloaded from
computer disk to the DSP module for further analysis. It will also be
the case if it is desired to re-transform the existing contents of the
acquisition buffer while using a different window function.

The Transform Data without Acquire command on the Sweep
menu, or the equivalent keystrokes, cause the second and third
phases described above to take place (FFT transformation and
transmission of results to computer). See the FFT functional
description in the FFT-Based DSP Programs chapter.

Reprocess Data

FFT-based (batch mode) DSP programs have three distinct,
sequential phases to their operation when the key is pressed or Go
button or green light icon is clicked. First, data is accumulated into the
acquisition buffer until the buffer is filled to the specified acquisition
length. Second, a Fast Fourier Transform (FFT) is performed to obtain
amplitude (and sometimes phase) versus frequency data which is
stored in a different memory buffer from the acquired signal (amplitude
versus time). Third, a post-processed version of the amplitude versus
time or amplitude versus frequency data (depending upon Sweep
panel settings at Source 1 and Data 1 or 2) is transmitted from the DSP
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module in the test system to the computer for graphing by APWIN
software.

It is sometimes desirable to perform a new post-processing of the
FFT results and transmission of the post-processed data to the
computer for display, without acquiring new data and without
re-transforming the data already present in the acquisition buffer. This
is faster than re-transforming followed by new post-processing. It is
automatically done (unless turned off on the General tab of the Utilities
Configuration menu) when zooming in on a section of an FFT display
and wishing to obtain optimum resolution of the new sub-set of the
original data, or when changing multitone post-processing methods
between the normal (response and level), distortion, or noise functions.

The Reprocess command on the Sweep menu, or the equivalent

keystrokes, cause the third phase described above to take
place (post-processing of FFT results and transmission of results to
computer). See the FFT functional description in the FFT Based DSP
Programs chapter.

Compare Data to Limits

The Compare Data to Limits command in the Sweep menu causes
any sweep results data presently in computer memory to be
re-graphed and compared to limits if limits files (. ADL) are “connected
to” the test via the Limits button for each Data variable on the Sweep

panel. This menu command is equivalent to the keystroke.

Copy Data 1 Settings to Data 2 Settings and
Vice-Versa

The “Copy Data 1 Settings to Data 2 Settings”, and “Copy Data 2
Settings to Data 1 Settings” assist Sweep panel setup for certain types
of two-channel and stereo device testing. If Data 2 is set to None
when the “Copy Data 1 Settings to Data 2 Settings” command is
selected, an exact copy of every Data 1 field on the Sweep panel is
written into the corresponding Data 2 field. If Data 2 has already been
selected to an Instrument and Parameter before the command is
selected, and if the Data 1 and Data 2 parameters are compatible
(both amplitude values or both frequency values, for example), the
Data 2 Instrument and Parameter will be left as they were but the Data
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1 units, graph top and bottom values, log/lin selection, and divisions
settings will all be copied into the corresponding Data 2 fields. If Data
2 has already been selected and the Data 1 and Data 2 parameters are
not compatible (dBV at one and Hz or degrees at the other, for
example), an error message is displayed and no changes are made.
The “Copy Data 2 Settings to Data 1 Settings” works in exactly the
same manner but from Data 2 to Data 1.

Note that the Stereo Sweep checkbox at the bottom of the Sweep
panel is also an aid in setting up two-channel and stereo device tests,
with each technique having its own advantages and disadvantages.
The Stereo Sweep checkbox automatically writes Data 1 settings into
Data 3 (and Data 2 settings into Data 4). Data 3 and Data 4 do not
have their own selectable units since the graph has only two vertical
axes (left and right) for calibration. In the Stereo Sweep mode, Data 3
plots onto the Data 1 axis using Data 1 units.

Compute Menu

The Compute Menu contains a number of powerful mathematical
computations that may be applied to the data set in memory following
a sweep. The Compute Menu capabilities are described in the
Compute chapter.

Procedure Menu

The Procedure Menu consists of the following commands: Show
Panel, Open Uses, Learn Mode, Close, Close All, Save All, Run, Pause,
End, Step Into, Step Over, Step Out, Step to Cursor, Toggle
Breakpoint, Quick Watch, Add Watch, Browse, Set Next Statement,
Show Next Statement, and a list of the most recently used Procedures.
The functions and operations of these commands is described in detail
in the APWIN Basic User’s Guide and Programmer’s Reference.

Utilities Menu

The following commands make up the Utilities menu: Restore
hardware, Hardware status, Configuration, Filters, Turn all outputs off
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(F2]), Turn outputs back on ([ET2])), Clear log file, View log file,

Learn Mode, Multitone Creation.

Restore Hardware

If APWIN software is started with the measurement instrument not
connected to the Audio Precision Interface Bus (APIB), or connected
but power not turned on, the Utilities Restore Hardware menu
command must be used to set the instrument to the present settings of
the software. Utilities Restore Hardware may also sometimes be
effectively used as a general reset when the instrument does not
appear to be responding normally.

Hardware Status

System Status and Information Figure 3-5 Utilities
System Twa Hardware Hardware Status
1SAYIN or PCh-AIN card (at address 268 hex) Information

Laocal Instrurnents: (updated by Utility - Restore)

Generatar;, Availakle

Analyzer. Awvailable
DCx: Not Available
Switcher. Not Available
DSP: Awailakle + DIO

DSP Program: [RAM FILESAPWINBIN} system|INTERYU A22

The Utilities Hardware Status menu command displays key
information about hardware found connected to the Audio Precision
Interface Bus (APIB) by APWIN software. This includes the type and
address of the interface card and detection of the presence of major
instrument modules.

Utilities Configuration

The Utilities Configuration command permits custom-tailoring of a
number of APWIN functions to the user’s preference, described in the
following sections. When any changes have been made to the Utilities
Configuration dialog box, click the OK button if you wish the changes
to become effective. Click the Cancel button if you do not wish the
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changes to take effect. The Utilities Configuration dialog is organized
into five tabs—General, Hardware, Configure Filters, Log, and Graph.

General Tab

The General tab provides control of the following features.

Configuration H

General ]Hardware] Canfigure Filtersl Log ] Graph ]

General Options

[ Fromptto Sawe Test when atestis closecd
[ Load "LAST AT*' on startup
W Save "LAST.AT an exit

W Keep all readings active during sweeps
I Display data in graph on test open

M Beprocess FFT Data on Zoom

™ European Broadcast option installed

I™ Do notload panels on Open Test,

W Auto-"Enter” for Mumeric Fields

M SetSample Rate when loading generator waveforms

Company Mame: |Audio Precisian

(0] 4 Cancel Help

Figure 3-6 Utilities Configuration Dialog Box

Prompt to Save Test

When the “Prompt to Save Test when a test is closed” checkbox on
the Utilities Configuration dialog is checked, APWIN will prompt the
user to save the test currently in memory whenever an action is
initiated which would destroy the test in memory. Examples of actions
which destroy the test in memory include clicking on the new test icon
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EI or selecting the File Open Test or Open Data or File New Test
menu commands. If the box is not checked, no reminder is given that
the test presently in memory will be replaced by the action initiated.

Last test save and load

The Utilities Configuration dialog box contains two check boxes to
manage LAST.AT* activities.

Load LAST.AT* on startup: when this box is checked, APWIN will
automatically load a test named LAST.AT* (see below for actual file
extension) located in the “home” directory. The “home” directory is
the directory specified by the user or is automatically selected as
C:\APWIN by the installation procedure when APWIN is initially
installed.

Save LAST.AT* on exit: when this box is checked, APWIN
automatically saves LAST.AT*, in the home directory, the test in
memory at the time that APWIN is closed.

These LAST.AT* files are saved for each respective System
platform. When APWIN is started for System One, the LAST.AT* will
be named LAST.AT1, LAST.ATZ for System Two, and LAST.AT2C for
System Two Cascade, when APWIN is closed.

Readings active during sweeps

When the “Keep all readings active during sweeps” checkbox on
the Utilities Configuration dialog is checked, all meters on all panels
will actively update their readings even during sweeps. If this box is
not checked, only the meters whose measurements are selected for
plotting at Data 1 through 6 or Source 1 through 2 will be active
during a sweep, with all other meters “frozen” during the sweep.
Keeping the readings active during a sweep permits other parameters
to be observed while a sweep is in progress, but it will slow down the
sweep itself since the computer processor must service those additional
meters.
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Graph Data When Test Opened

When the “Display data in graph on test open” box is checked, any
data stored with a test will be automatically graphed (and compared to
limits, if any) when the test is opened. If the box is not checked, data
loads into data memory but will not be graphed until the 7| key is
pressed or the Sweep Compare Data to Limits menu command is
issued.

Re-Process FFT Data on Zoom

When this box is checked, each graph zoom in action (by dragging
the mouse) or Zoomout or Zoomout to Original action (right mouse
button menu on graph) will be accompanied by a “Sweep Re-Process
Data” ([™ffe ) command. If the acquired signal is still in DSP
memory, this assures that the resolution is always the maximum
supported by either the number of points graphed or the FFT
transform length. See the FFT functional description in the FFT Based
DSP Programs chapter.

European Broacdcast Option Installed

A hardware option is available for System Two Cascade which
changes output termination (source) resistance values in the analog
generator. The European option analog generator balanced output
impedances are 40, 200, or 600 Ohms instead of the standard 40,
150, or 600 Ohms. In order for APWIN software to properly show
these selections on the panel and use the correct generator source
value in calculating output power with generator dBm and Watts units,
the “European Broadcast Option Installed” checkbox must be checked.
Do not check this box if the hardware option has not been installed.

Do Not Load Panels On Open Test

When this box is not checked and a test file is loaded from disk, all
instrument panels, bargraphs, and graphs are loaded on each page at
the location and size that they were when the test was saved. If this
box is checked, loading a test will load all the instrument control
settings (waveform, amplitude, frequency, analysis function, etc.),
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sweep settings, etc., but will leave panels and graphs as they were
immediately before test loading.

Numeric Field Auto Enter

The Auto “Enter” for Numeric Fields checkbox controls the style of
operation on the many numeric data entry fields such as generator
Amplitude or Sweep Panel Source 1 Start Frequency. When Auto
“Enter” for Numeric Fields is not checked, APWIN operates in its
original style that requires the user to follow a numeric entry by
pressing the Enter or Tab keys before the entry will take effect. If Auto
“Enter” for Numeric Fields is checked, a number can be typed into a
field and will automatically take effect when the cursor leaves the field,
such as by clicking on another field.

Set Sample Rate When Loading Generator
Waveforms

Arbitrary waveforms (.AGM or .AGS file types), usually multitones,
may be loaded into the analog or digital generators. Most applications
for such waveforms require that they be generated with the exact
sample rate for which they were created by MAKEWAV3 and the
Utilities Create Multitone menu command. Each .AGM or .AGS file
contains information on the design value of sample rate. If the “Set
Sample Rate . . ” box is checked, APWIN will automatically set the
correct sample rate to correspond to that encoded in the generator file.
If the box is not checked, the user is responsible for setting the desired
rate. Setting the correct sample rate may involve changing the
selection in the D/A Sample Rate field on the Analog Generator panel
between 65536, 131072, or OSR and, if OSR is the selection, may
also involve changing the value of OSR (Output Sample Rate) on the
DIO panel.

Company Name

The Company Name box permits entry of a name (or other
information) up to 32 characters that will appear in the Title Bar of the
Graph. The default Company Name is Audio Precision, but it may be
replaced with text of the user’s choice. Note that even though a
Company Name is in use, the user has the choice via the Title and
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Labels dialog box of whether it displays on screen in the Graph Title
Bar. The Titles and Tables dialog is obtained by a right mouse click on
the graph. The user has control via the Page Setup screen of whether
the Company Name prints as part of a graph hard copy.

Hardware Tab

The Hardware tab carries the choices of hardware platform
(System One versus System Two vs System Two Cascade) that APWIN
should assume when it is started. One and only one of these “radio
buttons” may be selected.

If System One is selected, APWIN will always configure itself for
System One hardware when started. It will not operate properly with
System Two or Cascade instruments.

If System Two is selected, APWIN configures itself for System Two
hardware when started. It will not operate properly with System One
or Cascade instruments.

If System Two Cascade is selected, APWIN configures itself for
Cascade hardware. It will not operate properly with System One or
standard System Two instruments.

If System Two Cascade Operating in System Two Compatibility
Mode is selected, APWIN will operate properly only with a Cascade
instrument connected. However, all features of Cascade that are not
also present in standard System Two are disabled. Thus, tests can be
set up and verified on a Cascade instrument and saved with assurance
that they will operate identically on a standard System Two instrument.

If Prompt for Choice is selected, APWIN will display a dialog box at
start-up and wait for the user to select the desired instrument button.

If Auto Select is selected, APWIN looks for coding unique to
System Two and System Two Cascade modules and configures itself
accordingly if they are found, otherwise configures itself for System
One. The System One or System Two instrument must have power
applied at the time APWIN is started for this selection to be effective; if
no instrument is detected (which can be due to power not being
applied), the “Prompt for Choice” dialog will be displayed. If the
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incorrect instrument is manually selected, you must quit APWIN and
re-start the software.

Configure Filters

The Configure Filters tab is an alternate route to the same analog
analyzer plug-in option filter setup utility that can also be viewed by the
Utilities Filters menu command described below. Both operate
identically.

Log Tab

The Log tab carries all the instructions for logging files.

Log Files

The Log File (.ALG file type) can serve as a record of many
important APWIN operations such as limits failures, test names, date
and time each test ran, file loading and saving activity, and error
messages. The Log File can be viewed on screen or printed to paper.

Unless manually cleared by the Utilities Clear Log File menu
command, all new information (of the categories defined by the user)
is added to the bottom of the Log File so that it becomes a growing
record of the specified activities of the software. Thus, a Log File can
become a complete record of an entire audio testing procedure.

Establishing the Log File Name

Type the name to be created for a Log File into the Filename box.
The .ALG extension will be automatically furnished. If no information
other than the file name is furnished, the log file will be saved in the
“Log” subdirectory under the “Home” directory. With the default
installation procedure, the log file will thus be saved into the
C:\APWIN\LOG directory. If the user supplies an explicit path with the
log file name, it will be saved into the specific directory specified. If the
user types “ .\filename”, the log file will be saved into the Current
Working Directory. See the discussion of Current Working Directory in
the File Menus section on page 3-11.
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Turning Logging On and Off

The “Log Errors” checkbox controls whether logging actually takes
place. With the box checked, information of the types specified by the
checkboxes and radio buttons below will be logged into the file name
established. If the box is un-checked, no logging takes place.

Information to Include in Log File

The Log File can contain a number of different types of
information, at the user’s option. The selectable information types
include:

Error messages: when this box is checked, any APWIN or
Windows error messages which occur during the period that logging is
turned on will be written into the Log File.

File I/O Activity: when this box is checked, a text message will be
written into the Log File for every disk file opened or every file saved
to disk. The message includes the name and full path name of the file
and the date and time at which it was opened or saved.

The Log Sweep Activity section permits inclusion or exclusion from
the Log File of several pieces of information relating to the running of
tests. The selections are:

Test Name: the name, including path name, of the test that was
executed

Graph Title, Time and Date: the Graph Title and Time and Date at
which the test was executed, exactly as they are displayed in the title
bar of the graph.

Pass/Fail Message: when this box is checked, an error summary
message will be written into the Log File each time a test is run. The
first word of the message will be PASSED or FAILED. Following a
colon (:), the error message will include the number of measurements
which were below the lower limit, the number of measurements which
were above the upper limit, and the number of Timeouts which
occurred. If the box is not checked, no error summary message is
written into the file.
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Log Sweep Data; None, All, Failed Only: these three radio buttons
permit control of whether no test point values (None), all test point
values (All), or only those test points which were outside limits (Failed
Only) are written into the Log File. Any values written into the Log
File which were outside limits will have parenthesis at the end with the
(less than) or (greater than) symbol and the value of the limit which
they failed.

Example Log File

The Log File is an ASCII file that can be viewed in or printed from
almost any text editor, such as Windows Notepad. An example is
shown:

C:\Program Files\APWIN\SAMPLES\sample.at1
Sample Response Test w/Limits 07/09/95 11:10:13
FAILED : Lower Limit 3, Upper Limit 4, Timeouts 0

Gen.Freq(Hz) Anlr.Level A(dBr)
20000 5.000000(>2)
10022.5 4.200000(>2)
5025 2.100000(>1)
2517.5 1.800000(>1)
79.625 -1.8000000(<.5)
39.9 -2.100000(<.5)
20 -2.700000(<.5)

The first line is the test file name and path. The second line is the
Graph Title, date, and time. The third line is the “Pass/Fail Message”
which summarizes failures. The “Failed Only” option was in use, so
the remaining lines consist of the points which were outside limits. The
points below 2517.5 Hz and above 79.625 Hz were within limits and
thus are not shown. The “greater than” (<) and “less than” (>)
symbols and numbers at the end of each row show where the value
was above the upper limit or below the lower limit, and the value of
the limit itself.

Graph Tab

The Graph tab provides control over several modes of trace color
selection and over whether the “Edit Copy Panel to Clipboard” copies
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a black-background bitmap or a white-background metafile graph to
the Windows clipboard.

Copy To Clipboard

APWIN can copy the graph (if the graph has the Windows focus) to
the Windows clipboard as a bitmap image or metafile. From the
clipboard, the graph can then be pasted into almost any Windows
program supporting graphics. The bitmap, as an exact pixel-for-pixel
copy of the graph on screen, has a black background. It is also
possible to copy a white-background metafile to the clipboard and
then paste it into another application. A metafile is a vector rendition
of the graph. It will print at the resolution of the output device,
unrelated to the graph size, shape, and resolution on screen at the time
of capture.

The Graph tab of the Utilities Configuration dialog controls which
type of copy will be made. Under “Copy to Clipboard, Background
Color”, click the Black “As Bitmap” button for a black-background
bitmap to be copied to the clipboard. Click the White ”As Metafile”
button for a white-background Windows Metafile. The text content of
the metafile, colors, trace line styles, etc. are determined by the File
Page Setup dialog. This permits the Title, Legend, Comments, etc. to
be individually turned on and off. The margins, centering, and Fill
Page controls of Page Setup have no effect on the metafile.

Graph Trace Color

Controls on the Graph tab provide functions on how colors are
assigned to traces on the graph. Six colors (plus gray) are available for
graph trace colors. There is a defined sequence of these six trace
colors: cyan, green, yellow, red, magenta, and blue. This is the order
in which the colors appear in the drop-down list in the Color column of
the Graph Legend

Nested and Appended Sweeps

When appended or nested sweeps are made, each trace cycles
down through this color sequence, starting with whatever color the
trace was on the previous sweep. An appended or nested sweep
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following a green trace thus always produces yellow, appending to a
red trace always produces magenta, appending to a blue trace always
goes “around the corner” to cyan, etc.

Reset Colors Cycle Checkbox

If the “Reset colors cycle” box is checked and a normal sweep is
made (not appended or nested), each trace color is directly associated
with the Sweep panel Data parameter number that produces the trace.
The color of the Data-1 trace is always cyan, the Data-2 trace is always
green, Data-3 is always yellow, Data-4 is always red, Data-5 is always
magenta, and Data-6 is always blue. If the user should manually
change the color of any trace to another color following a sweep, then
makes another sweep, the trace color will revert to the defined color
per this paragraph. Appending and nesting sweeps will cause each
trace color to cycle down through the sequence defined at the
beginning of this section.

If the “Reset colors cycle” box is not checked, the user can
manually change trace colors using the Legend and those user-selected
colors will then be used for each successive normal (not appended or
nested) sweep. These user-selected colors will also serve as the starting
point for the automatic color cycling of appended or nested sweeps,
with the cycling for any trace always being in the defined sequence
described above. This mode of operation can allow three dual-trace
sweeps or two triple-trace sweeps to be made with no duplication of
colors. For example, a sweep is made using Data 1 and Data 2. The
default colors assigned will be cyan for Data 1 and green for Data 2. If
the “Reset colors cycle” box is not checked, the green Data 2 trace can
be manually changed to red (the fourth color in the sequence). Now
three sweeps can be made via Append or nested sweep. Colors for the
first sweep will be cyan and red (1st and 4th colors), for the second
sweep green and magenta (2nd and 5th colors), and for the third
sweep yellow and blue (3rd and 6th colors), as each trace progresses
through the color sequence list.

Use Test Colors Only Checkbox

If a test is loaded, the Append box checked, and additional sweeps
are made (F9 or Go), the colors of the newly measured and appended
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traces depend on the “Use test colors only” box. If this box is checked,
each newly appended set of traces will be the same color as the traces
in the test that was loaded. If this box is not checked, the newly
appended trace colors will cycle through the defined sequence, starting
with the color of each trace in the test loaded.

Cycle Trace Colors Checkbox

When the File Append command is used, the color of the
appended traces depends on the status of the “Cycle trace colors” box.
If this box is not checked, the trace colors of the appended file will
come in exactly as they were in the file on disk being appended. If this
box is checked, the colors of the traces appended from disk file will
cycle through the defined sequence, using as the starting point the last
set of traces currently in memory.

Utilities Filters

T ]| Figure 3-7 Utilties
Generall Hardware Configure Filkers | Log I Giraph I Filters D/alog Box
— Filter Optionz
Slot # MName:

1o T iuta Deteck | CCIR 4683 [

2 [ Auto Detect |A-wisighting ['ﬂ

3 W Auto Detect [0 o izl

4 I Auto Detect |Empty Sot (=]

5 [ Awto Detect IEmpt_l,.l Slot [1j

B W duto Detect IEmpt_l,J Slat [1ﬂ

7. I Auto Datect |2DkHz lovpass [1j

0k I Cancel | Help |

The Utilities Filters menu command permits the System Two
Cascade user to use automatic detection of the type of plug-in option
filter plugged into each of the seven sockets (slots). Automatic
detection requires filters of recent manufacture (filter circuit board
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copyright date 1995 or later). To trigger the automatic detection of
filters and automatic writing of those filter types into the Analog
Analyzer Filter selection list, click on the Utilities Filter command. On
the Configure Filters dialog which is displayed, verify that the Auto
Detect checkbox is checked for all slots which contain filters of 1995 or
later date. The filters which are found in each slot will be displayed,
but gray, in the Name column. Then, click on the OK button to cause
those selections to write to the analyzer panel.

If older filters are used, they must be manually identified as being
in a specific slot. Once the filter-to-slot relationship has been defined,
filters may be selected by name rather than only by slot number in the
Filters list box on the Analog Analyzer panel. To manually identify a
filter after plugging it into any of the slots, un-check the Auto Detect
box corresponding to that slot. Designate the filter name by clicking on
the down arrow at the right end of the box to display a list of names.
Use the scroll bars if necessary to locate the particular filter type, and
click on the filter name (or use up and down arrows and the ,@nﬁl
key). Click on the OK button to write the selections to the analyzer
panel.

Turn All Outputs Off

The Utilities Turn All Outputs Off command, or the function
key, turns off the outputs of all analog and digital generators. It is thus
equivalent to the ff'] function key of the earlier S1.EXE DOS software.
The intent of this function is for a “panic button” or emergency button
if it is determined that the device under test is potentially being
damaged or people are being disturbed by the application of signal.
All outputs which are turned off by this command may be turned back
on by the Utilities Turn Outputs Back On command or the
function key.

Turn Outputs Back On

This menu command and the keystroke alternative serves
as the “restore” for the Utilities Turn All Outputs Off command. It will

turn back on all outputs which were turned off by an function key
operation or the Utilities Turn All Outputs Off command, but will not
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turn on any outputs which were not on when that command was
issued.

Clear Log File

The Utilities Clear Log File command erases all contents from the
log file. It does not change any selections for what will be written into
the new log file when the next test is run.

View Log File

The Utilities View Log File launches the Windows Notepad editor
with the Log File loaded. Windows Notepad then supports printing
the Log File, saving it to another directory or under another name, etc.

Multitone Creation

The Utilities Multitone Creation command starts an interactive
process for the creation of multitone waveforms for use with
FASTTEST analysis. See the section on creating multitone waveforms
on page 16-26 for a complete description on use of this utility.

Window Menu

The Window Menu consists of these commands: Tile, Arrange
Icons, Close All, Close on All Pages.

Tile

The Windows Tile command arranges all open panels (windows)
on the current page to be visible and non-overlapping if possible. If
there is insufficient open space, the Tile command may place windows
on top of other windows.

Arrange Icons

The Window Arrange Icons command organizes all minimized
panel icons at the bottom of the workspace so that they are visible.

Panels may be minimized by clicking on the ;I icon near the upper
right corner of a panel or window.
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Close All

The Windows Close All command closes all windows (panels) on
the current page. It is thus equivalent to clicking on the icon at the
upper right of each individual panel on the current page. Closed
panels still exercise the same control settings over the hardware or
software functions that they did when visible.

Close on All Pages

The Windows Close on All Pages command closes all windows
(panels) on all five pages.

Help Menu

The Help Menu consists of the following topics: Tip of the Day,
Index, Using Help, APWIN Basic Language, APWIN Basic Extensions,
APWIN Basic Editor, About APWIN, Release Notes.

Context-sensitive Help is implemented for most panel fields of
APWIN. Select the panel control you desire information on, using the
mouse cursor or and [SHFT] [™8] keys, and press [FL]. If
context-sensitive Help is not available for a specific panel control
selected, the Contents topic of Help will be displayed when the key
is pressed.

Tip of the Day

Each time APWIN is launched, a “tip of the day” suggestion on
operation will be displayed. This automatic feature may be defeated
by un-checking the “Show Tips on Startup” box. More than one tip
may be viewed by clicking the Next button. The dialog may be killed
by clicking the Close box. If it is desired to see tips at any time other
than startup, the Help Tip of the Day menu command will bring up the
dialog with the next tip.

Index

The Help Index command launches the Windows Help Viewer with
the APWIN Help file loaded. The Contents section, equivalent to a
Table of Contents in a printed book, will be initially displayed. The
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user can click on the green underlined text of a listed topic to jump
directly to that topic. Alternately, the Search button may be clicked to
bring up a key word location feature similar to the index in a printed
book.

Using Help

The Help Using Help command launches the Windows Help
Viewer with the Help file loaded that describes how to use the
Windows Help feature. It describes how to navigate among Help
topics, how to annotate Help topics with your own personal notes,
how to create “bookmarks” to make it easy to find frequently-used
topics, how to copy a Help topic to the Windows clipboard or to print
a Help topic, how to display the history of your navigation through
Help topics, and provides specific information on each command of
the Help Viewer. Under Windows 95, the Help on Help explains how
to use new features such as changing font size and performing searches
for individual words or phrases.

APWIN Basic Language

The APWIN Basic Language is compatible with Microsoft Visual
Basic for Applications. It is a full-featured programming language with
special features for creation of user dialogs containing various controls.
Basic Language Help describes the general programming features of
this language. See the separate APWIN Basic User’s Guide and
Programmers Reference.

APWIN Basic Extensions

A large number of Audio Precision specific extensions have been
added to the general programming features of the language. These
extensions provide complete control over every stimulus and
measurement function, sweeps, graphs, etc. Basic Extensions Help
describes these specific additions for the instrument. See the separate
APWIN Basic User’s Guide and Programmers Reference.

APWIN Basic Editor

The APWIN Basic Editor (Procedure Editor) is provided to create
and modify procedures. Features of this editor are described in Basic
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Editor Help. See the separate APWIN Basic User’s Guide and
Programmers Reference.

About APWIN

The Help About APWIN menu command displays information on
the version numbers of key elements of APWIN software. This
information may be requested by Audio Precision Applications
Engineers if you call for technical support.

Release Notes

The Help Release Notes menu command launches the Windows
Notepad editor with the APREADME.TXT file loaded. This file
contains last-minute information on the particular software release and
may include information not present in the User’s Manual or on-line
Help.
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Analog Generator

Analog Generator Panel

To bring the Analog Generator panel to the screen:

Mouse: Click on the Analog Generator icon @l on the toolbar or
select Panels Analog Generator via the menu bar

Keyboard: Type or P1fc ]| (for Panels analog

Generator).

Figure 4-1 System Tio Analog
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The normal default start-up mode of APWIN software has the
Analog Generator panel on page one.

The System Two Cascade Analog Generator panel may be
displayed in two sizes. The smaller version (displayed at start-up)
shows only the most important controls—waveform selection,
frequency, secondary parameters for certain waveforms, the channel
select and invert controls, output on/mute button, and amplitude
controls. The larger version shows these same controls plus output
configuration controls (impedance, balanced-unbalanced, common
mode test mode) and reference values for the dBm, Watts, dBr, and
relative frequency units. Clicking on the panel icon on the Panels
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Toolbar brings up the small version panel. Holding down the [SHFT] key
while clicking on the toolbar icon brings up the large version. To
switch between the small and large panels:
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Chapter 4 Analog Generator Analog Generator Panel

Mouse: Double-click anywhere in the title bar, or click on the

middle of the three icons at the top right of the panel , in

the control bar.

Keyboard: Press the or keys.
Waveform Selection

The waveform field settings determines the type of signal waveform
which will be generated. The two waveform fields permit selection of
the general category (Sine, IMD, etc.) in the left-hand field, followed by
selection of the specific waveform within that category in the
right-hand field. Availability of waveforms other than sine and EQ sine
requires that specific hardware modules be present. These include
analog-generated IMD (Intermodulation Distortion) test waveforms
(require IMD generator option), burst-triggered-gated sine,
squarewaves, and white-pink-selective random or pseudorandom
noise waveforms (require BUR option), and all D/A-generated
waveforms (require DSP module).

Figure 4-2 Analog Generator Panel,

[Normat —— ~] | Large Version
Frequency:lmﬁ“ Fast

" High Acc.

V¥ Track A
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IElaI-FIDat vl &40 ¢ 150 ¢ BOD

References

dBm: |00.0 Ohms Freg:|1-00000 kHz
dBr [387.3 mY - Watts:[3.000 Ohms

To change waveforms:
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Mouse: Click on the down arrow at the right of the box to display
a list of available waveforms. Click on the name of the desired
waveform to select it.

Keyboard: Shift the focus to the Analog Generator panel, if
necessary, with the keys. Select the Waveform field with the
key (moves selection downwards) or [SHFT] [Ta8] keys (moves
selection upwards). Press the [¥] key to display the list. Use the
keys to move the waveform selection indication up or down the list.
When the desired waveform is selected, press .

Secondary fields then permit selections of various forms of the
waveform. Figure 4-3 shows the primary analog generator waveform
field selections and the secondary selections for each primary
waveform.
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Figure 4-3 Analog Generator Waveform Selection
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The waveforms are briefly described below.

With a System Two Cascade (SYS-2422 or SYS-2522 models),
many DSP-generated waveforms (all those with “D/A” in the first
Waveform field) may be routed through stereo D/A converters to the
analog generator output stage. With one exception, these
DSP-generated waveforms fed through the analog output are
completely independent from DSP-generated waveforms fed to the
digital output. For example, Sine (D/A) Stereo may be selected on the
analog generator while IMD is selected on the digital generator, with
the analog and digital output signals completely independent of one
another. The single exception is the Arbitrary Waveform “Arb Wim
(D/A)”. Only one pair of stereo generator waveform memory locations
is available, so if an arbitrary waveform is being generated at both
analog and digital outputs, it must be from the same waveform file.

For all “D/A” waveforms except Arbitrary Waveforms and MLS
signals, the DSP generator and D/A converters operate at one of two
fixed sample rates selected by the D/A Bandwidth field in the lower
section of the large form of the panel. Selecting the “30k” choice uses
the D/A converters at their sample rate of highest performance (65536
Hz) to minimize residual distortion and noise, but the upper frequency
limit is 30 kHz. The “60k” choice (131072 Hz D/A sample rate) permits
operation to higher frequencies at some cost in residual distortion and
noise. For Arbitrary Waveforms and MLS signals, it is critical that
generator and analyzer sample rates exactly match. The “D/A Sample
Rate” field near the bottom of the large form of the Analog Generator
panel controls the generator and D/A sample rate when either of these
waveforms is generated. The four available selections are 65536 (Hz),

131072 (Hz), OSR, and ISR.
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The “65536” selection is the identical rate to the “A/D @65536”
selections on the several DSP analyzer programs. The “131072”
selection is identical to the “A/D @131072” selections on the
analyzers. The reason for the 65,536 and 131,072 Hz sample rate
selections is to produce generator frequency resolution values and
analyzer FFT bin width values that are exact even integer numbers of
Hz. For example, with the FFT analyzer FFT length of 32,768 samples
and a 65,536 Hz sample rate, the resulting FFT bin widths are exactly
2.00 Hz.
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Chapter 4 Analog Generator Analog Generator Panel

OSR is the digital Output Sample Rate, settable on the DIO panel.
This selection is used when it is desired to have analog domain and
digital domain multitone signals generated at exactly the same sample
rate, or when some arbitrary sample rate is desired for analog domain
signals. ISR is the digital input signal sample rate, measured and
displayed on the DIO panel. This selection is typically used when
testing A/D converters, in order to produce multitone signals
synchronous with the converter sample rate.

Sine Waveforms

The secondary selections available with Sine waveform are
Normal, Normal Burst, Gated Burst, Trig. Burst, and EQ Sine.

Sine Normal

The Sine Normal waveform is the standard waveform produced by
the low-distortion analog hardware generator. Frequency coverage is
from 10 Hz to approximately 204 kHz.

Sine Burst Waveforms overview

The tone burst capability of the BUR-GEN module provides
sinewave bursts which switch between normal, calibrated generator
sinewave amplitude and a lower amplitude. Switching between the
higher and lower levels always occurs at a positive-going zero crossing,
thus there will always be an integer number of complete cycles in the
burst. The duration and repetition rate of the burst are controllable, as
is the lower amplitude. The sinewave is produced by the main
sinewave oscillator. Thus, its frequency and the higher amplitude are
determined by the normal frequency and amplitude settings on the
analog generator panel. In addition to the free-running, repetitive
mode of Burst Normal waveform, bursts may be either externally
triggered (Burst Triggered) or the signal may be gated on and off (Burst
Gated) by an external signal. The tone burst parameters may be
swept.

Page 4-6
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Burst Control
Figure 4-4 Tone Burst Control Fields
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The burst control area of the Analog Generator panel consists of up
to three additional fields labeled Burst On, Interval, and Low Level.
All three of these fields will be visible only when Sine Normal Burst
mode is selected in the Waveform fields. Only the Burst On and Low
Level lines will be displayed when Sine Trig Burst waveform is
selected, and only the Low Level line will be displayed when Sine
Burst Gated waveform is selected.
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Figure 4-5 Tone Burst Definitions, Burst Normal Waveform
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Burst On (Duration)

The maximum Burst length is 65,535 cycles of sinewave. The
burst “on” time may be set in cycles or in seconds.

Burst Interval

Interval is the time from the beginning of one burst to the
beginning of the next burst, not the time between the end of one burst
and the beginning of the next. The maximum burst Interval is 65,536
cycles of sinewave. Interval may be set in cycles or seconds.

Low Level

The amplitude of signal between bursts is controlled by the Low
Level parameter. The Low Level value is relative to the Burst “on”
level, which is the calibrated steady-state level controlled by the
Amplitude field. The Low Level (low level) line controls the amplitude
of the generator output between bursts. In triggered and gated mode,
the generator output will be at the Low Level amplitude between
triggered bursts or gated-on portions. The Low Level amplitude may
be set in any of four units.

% lower level expressed as a percentage of calibrated level
dB lower level in decibels relative to calibrated level

X/Y ratio of lower level (X) to calibrated level (Y)

PPM lower level in Parts Per Million of calibrated level value

The lower level amplitude may equal the upper level amplitude, in
which case no burst, gated, or triggered effect will be visible. At large
amplitude ratios, the amplitude resolution of the lower level becomes
poorer. The display will show the actual available resolution steps,
rather than the entered value. The lower level is limited to -80 dB

(0.01%).
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The Interval line is blanked in Burst Triggered waveform, since the
burst interval will be determined by the external trigger source.
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Both the Burst (duration) and the Interval lines are blanked in
Burst Gated waveform, since both these parameters are determined by
the external gating signal.

Triggered Bursts

In triggered operation (Burst Triggered waveform mode), one burst
of the specified Burst duration will be generated for each trigger
presented to the TRIG/GATE input. This input is a BNC connector in
the GENERATOR AUX SIGNALS section of the lower right front
panel. The input is LSTTL compatible. In Burst Triggered mode, it is
intended to be driven by a signal that is at a logic high level but pulses
low for at least one microsecond to trigger a burst. The figure shows
the relationships between the trigger signal and the generator output
for an example burst of four cycles. The burst will be triggered by the
positive-going (trailing) edge of such a signal. The burst will begin at
the first positive-going zero crossing of the sinewave signal which
follows the positive-going edge of the trigger signal. If the TRIG/GATE
input signal remains at the logic high level after triggering the burst and
between bursts, the burst duration will be as set on the panel and the
generator output amplitude will remain at the Low Level value until
the next trigger. If the TRIG/GATE input drops to the low logic level
during a burst, it will gate the signal off (terminate the burst
prematurely) at the next positive-going zero crossing of the sinewave.
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Figure 4-6 Burst Triggered Mode, Definitions
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Chapter 4 Analog Generator Analog Generator Panel

Bursts will always consist of an integral number of cycles, beginning
and ending at positive-going zero crossings. Thus, there may be a
delay of up to one sinewave period between the positive-going trigger
pulse at the external connector and the beginning of the burst.

Gated Bursts

Gated operation (Burst Gated mode) allows an external signal at
the TRIG/GATE connector to control whether the generator output
amplitude is at the upper value (Analog Generator panel Amplitude
setting) or the Low Level value. Positive, LSTTL-compatible logic
conventions are used. Thus, the sinewave amplitude will be at the
upper level when the trigger/gate input is high and at the Low Level
when the input is low. When no external control device is connected
to the TRIG/GATE input, it is pulled high by an internal resistor and
the generator output will be at the high level. The actual output gating
always takes place at positive-going zero crossings, so there can be up
to a one-period delay at both the gate-on and gate-off transitions. The
figure shows the timing and logic relationships in Burst Gated mode.
Note that the TRIG/GATE input connector is functional in the Burst
Normal, Burst Gated, and Burst Triggered modes. If this control input
is pulled to a logic low condition, it will gate the signal to the Low
Level amplitude even during internally-controlled burst mode or during
an externally-triggered burst.

Figure 4-7 Burst Gated Mode, Definitions
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Sine EQ Sine—Generator Equalization

Real-time generator equalization of sinewave amplitude can be
applied to the analog and digital generator and the jitter signal
generator of System Two Cascade’s DIO section. Equalization works
by specifying an amplitude vs. frequency curve in the form of a specific
filename and data column within the file. Sine EQ Sine must be
selected as the waveform. Equalization function starts with the
user-specified amplitude value, looks up (interpolating when
necessary) the correction factor in the equalization file for the generator
frequency presently in use, and sends the corrected amplitude
command (post-EQ amplitude) to the instrument. The Post-EQ field
shows the actual output level from the generator circuitry delivered to
the external load, after adjusting the user-requested (pre-EQ) value by
the value from the EQ file for the generator frequency currently in use.
User entries may be made into either normal (pre-EQ) or post-EQ
fields and the other field will be adjusted automatically. If a frequency
value outside the frequency range span of the EQ file is entered on the
generator panel or occurs during a sweep, the post-EQ amplitude will
go to zero.

Specifying the EQ Curve

Equalization will not occur until a file and column have been
specified and the Sine EQ Sine waveform has been selected. The
equalization file may be selected before or after selecting the EQ sine
waveform. It is typically faster to first select the Sine EQ Sine
waveform, since that results in a message that no file has been selected
and the opportunity (by clicking the Yes button in the dialog) to select
one. A browser appears which permits navigating to any desired
directory and selecting a .ADQ file name. More than a dozen .ADQ
files are furnished with APWIN, all located in the C:\APWIN\EQ
directory. It is also possible to create your own custom EQ files as
described later. After selecting the file, you must select a column that
contains amplitude data. The furnished .ADQ files are all two-column
files with frequency in column 1 and amplitude in column 2. The
“Edit” button on the browser may be clicked to display, and edit if
desired, the EQ curve data in the Data Editor.
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Chapter 4 Analog Generator

Analog Generator Panel

If you prefer to select the file and column before selecting EQ sine
waveform, click on the “EQ Curve” button on the generator panel.
This displays the same browser just described. Actual equalization will
not take place until the Sine EQ Sine waveform is also selected. When
the Sine EQ Sine waveform is selected, the generator amplitude field
or fields will display the setting in blue characters rather than the
normal black. If Sine EQ Sine waveform is selected without an
equalization file and column having been specified, APWIN software
considers the equalization factor to be unity at all frequencies, so no
equalization takes place.

Equalization Curve 52.Gen.Freq m

File: [C24Apwin\EQriga-pre.adg ;lJ

Edit |

Calumn:|2=52AnIr.LeveIA LI

ok |
Equalization Curve
Loak in; |a Eq
& 5015-de.adg [#]jittal ady

4 501 5-pre.ady
=] 5lus-de.adg
=) 50us-pre.ady
4] 75us-de.adg
@75us—pre.adq

nrsc-de.adg
[#] nrsc-pre.adg
riaa-de.adg
riag-iec.adg
riag-pre.adg

) j17-de.ady
& 1 7-pre.adg

File name: I Dpen

Files of type: IEq Curve File(™.adq) LI Cancel |

Figure 4-8 EQ Curve Selection Dialog and Browser

When the analog generator is swept in Sine EQ Sine waveform
with a .ADQ file attached, the generator amplitude is momentarily
reduced to zero before either the frequency or amplitude is changed.
After both the new frequency and new amplitude commands have
been sent to the hardware, the generator output is then brought back
to the new level. This technique prevents over-voltage transients that
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could damage sensitive devices such as loudspeakers or high-power
amplitude-modulated transmitters.

Typical EQ Applications

The most common applications of generator equalization are to
produce a nominally-flat output from a device that contains a known
equalization function. Typical examples include fm and TV aural
broadcast transmitters with 50 and 75 microsecond preemphasis
curves, rf signal generators driving broadcast receivers with 50 and 75
microsecond deemphasis characteristics, phonograph preamplifiers
with RIAA deemphasis networks, and the recording or playback
section (individually) of a tape recorder with its equalization circuits.
By connecting an equalization curve to the System Two Cascade
generator which is the inverse of the nominal curve used in the device
under test, the resulting measured output should be nominally flat.
Small variations from flatness will be a measurement of the accuracy of
equalization in the device, since the .ADQ curves furnished are
accurate to better than 0.01 dB and the specified generator flatness is
of the same order.

Another application of generator EQ plus the Compute utilities is
correcting for the small, intrinsic non-flatness of the System Two
Cascade generator and analyzer and the cables which connect the
instrument to the device under test. This is particularly important
when long cables are used. The process is to first run a frequency
response measurement on the instrument with the cables that normally
will go to the device under test connected together. Use the Compute
Invert utility to turn this measurement upside down. Use Compute
Normalize, if necessary, to push the curve up or down so that it goes
through zero gain at the frequency which you wish to use as a
reference (often 1 kHz). Use the Save As menu command to save this
curve as an EQ file ((ADQ). Select this file as the generator EQ Curve
and select Sine EQ Sine as the waveform. A response curve should
now show almost perfectly flat response, with the generator
equalization compensating for the total measured non-flatness of the
system (including cables) at each frequency. Most exact equalization
will result if the Sweep Settling tolerance for the measured parameter is
tightened beyond normal and if the reading rate is forced to 4/sec to
get the best possible resolution.
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User-made EQ files may be viewed in tabular format and edited by
use of the Edit button in the “EQ Curve” dialog, as discussed above.
To view an EQ file graphically, use the File Open EQ command. Note
that opening an EQ file does not change the Sweep panel settings, so it
may be necessary to change Data 1 units and Optimize the graph for
the desired display.

Sine (D/A)

All these waveforms are DSP-generated signals routed through
stereo D/A converters to the analog output and thus require that a DSP
module be present. Generally speaking, they will have superior
frequency resolution and stability to the analog-generated sinewave,
but distortion will be slightly higher due to the D/A converter
limitations.

Sine (D/A) Normal

This is a standard DSP-generated continuous sinewave of the
frequency specified in the control fields.

Sine (D/A) Var Phase

This selection produces the specified frequency at both Channel A
and B outputs, but the phase of the Channel B output is variable from
-180 to +179.9 degrees with respect to the Channel A output as
controlled by the Phase field.

Sine (D/A) Stereo

This waveform selection produces independent sinewaves on
Channel A and Channel B. The Frequency field sets the frequency of
the Channel A signal and the Frequency 2 field sets the frequency of
the Channel B signal. Their amplitudes are independently set by the
two Amplitude fields unless the Track A box is checked, in which case
the amplitudes are equal and controlled by the Channel A Amplitude
field.

Page 4-14
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Sine (D/A) Dual

This selection produces two independent sinewave which are sent
to both output channels. The Frequency and Frequency 2 fields permit
each sinewave to be set independently. The Dual Ampl Ratio field
allows the user to set the amplitude by which the Frequency 2 field
signal will be attenuated with respect to the amplitude of the Frequency
field signal. The Sine Dual signal is particularly useful as a calibration
signal for harmonic distortion analyzers, where the Frequency signal at
reference amplitude represents the fundamental signal. The Frequency
2 field sinewave is set to any desired harmonic of the Frequency
“fundamental”, at an amplitude to represent any desired distortion
level. For example, Frequency at 1 kHz and Frequency 2 at 3 kHz with
a Dual Amp ratio of -40.0 dB (1%) furnishes a 1 kHz signal with third
harmonic distortion of 1.0%.

Sine (D/A) Shaped Burst

A shaped burst, like a normal burst, consists of the sinewave
frequency selected in the Frequency field, duration set in the Burst On
field, and interval between the start of consecutive bursts as selected in
the Interval field. The shaped burst differs in that the envelope of its
amplitude follows a raised cosine shape rather than the rectangular
shape of the normal burst. The shaped burst energy is contained
within a narrower spectrum around the sinewave frequency than the
normal, rectangular burst.
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Figure 4-10 Shaped Burst Example

Sine (D/A) EQ Sine

The equalized sine function of the D/A generator works exactly the
same as for the hardware-generated sinewave signal described above.

The analog hardware generated IMD waveforms require the
optional intermodulation distortion (IMD) generator circuit board that
mounts in the upper left compartment with the other analog generator
modules. It generates one of several selected signals which is
combined with the sinewave from the main analog oscillator and fed to
the output stage.

I Analog Generator !Em Figure 4.9 IMD Contm/ ol
Yfrm: lm =
High Freq:lW‘ = Fast
" High Acc.
IM—Freq:lW‘

W Track &
I Invert I Invert
1.000 Wrms  w | —Amplitude —
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Intermodulation Distortion test waveforms are selected from the
Waveform fields, similarly to all other waveforms. Clicking the down
arrow at the right of the first Waveform field will display a list of
waveforms including IMD. When IMD is selected, the second
waveform field shows selections of SMPTE 1:1, SMPTE 4:1, CCIF,
DIM30, DIM B, and DIM 100. Click the desired signal choice.

Amplitude of IMD test signals is controlled from the Analog
Generator Amplitude field. All the IMD waveforms are calibrated to
produce the same peak-to-peak signal amplitude that would be
produced by a sinewave of the entered value. Thus, the Vp and Vpp
units will exactly describe the IMD waveform peak or peak-to-peak
amplitude. With all other units, the IMD signal peaks will be 1.414
times the indicated amplitude (peak-to-peak, 2.828 times the indicated
amplitude). The measured RMS value of all IMD waveforms will be
different from the RMS value of a sinewave of the same peak
amplitude. The applications advantage is that a device under test will
not go into clipping when the signal is changed from a sinewave to an
IMD signal at the same generator panel Amplitude value, but could clip
if the true RMS value were constant between all waveforms.

IMD SMPTE/DIN

In the SMPTE/DIN waveform modes, the IMD generator board
generates a sinewave at one of eight frequencies—40, 50, 60, 70, 100,
125, 250, or 500 Hz. This low-frequency sinewave is linearly
combined in either a 4:1 amplitude ratio (IMD SMPTE/DIN 4:1) or 1:1
amplitude ratio (IMD SMPTE/DIN 1:1) with the variable-frequency
sinewave from the main oscillator. For compatibility with the IMD
analyzer module, the main oscillator frequency must be 2.0 kHz or
higher. The amplitude of the combined IMD test signal is calibrated at
the same peak-to-peak value as a sinewave of the value set in the
Generator Amplitude field.
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IMD CCIF/DFD

In the CCIF/DFD (difference tone) mode, the signal from the main
sinewave oscillator is fed to one input of a balanced modulator and the
selectable low-frequency signal generated on the IMD generator board
is fed to the other input of the balanced modulator. The output from
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the balanced modulator is a double sideband suppressed carrier signal,
where the main oscillator is the suppressed carrier, with
equal-amplitude sidebands spaced above and below the suppressed
carrier frequency. The spacing between the upper and lower
sidebands is selected by the IM-Freq field. The main generator
Frequency field determines the frequency of the suppressed carrier,
which is thus the center frequency between the two IMD signals. The
amplitude of the combined IMD test signal is calibrated at the same
peak-to-peak value as a sinewave of the value set in the Generator
Amplitude field.

IMD DIM (TIM)

DIM stands for Dynamic Intermodulation. An alternate
frequently-used term is TIM, for Transient Intermodulation. In all DIM
waveforms (DIM 30, DIM 100, and DIM B), a squarewave at a
frequency near 3 kHz is generated on the IMD generator board and is
linearly combined with the sinewave from the main generator. The
peak-to-peak amplitude ratio of the squarewave to the sinewave is 4:1.
The amplitude of the combined IMD test signal is calibrated at the
same peak-to-peak value as a sinewave of the value set in the
Generator Amplitude field.

For the DIM 30 and DIM 100 waveforms, the squarewave
frequency is 3.15 kHz and the main oscillator must be set to a
frequency of 15 kHz in order for analysis to be made by the IMD
analyzer board. The squarewave is passed through a single pole 30
kHz low pass filter in the DIM 30 waveform and through a single pole
100 kHz low pass filter in the DIM 100 waveform. For the DIM B
waveform (B standing for broadcast), the 30 kHz low pass filter is also
used, the squarewave frequency is set to 2.96 kHz, and the main
oscillator sinewave frequency must be set to 14 kHz for proper analysis
by the IMD analyzer.

IMD (D/A) Waveforms
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Like all other waveforms of the (D/A) category, a DSP module
must be present for these waveforms to be available. The six
secondary choices are SMPTE/DIN 4:1, CCIF/DFD, SMPTE/DIN 1:1,
DIM 30, DIM B, and DIM 100.
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IMD (D/A) SMPTE/DIN 4:1 AND 1:1

These selections generate two sinewaves. The frequency of the
reference amplitude signal is controlled by the IM-Freq field and may
be freely set in the range from 40 to 500 Hz. The frequency of the
high-frequency sinewave is controlled by the High Freq field and may
be freely set in the range from 2 kHz to 30.3 kHz when the D/A
Bandwidth field is set to 30k, or up to 60.6 kHz when D/A Bandwidth
is set to 60k. The amplitude ratio of the IM-Freq sinewave to the High
Freq sinewave is either 4:1 or 1:1, controlled by the waveform
selection field. The amplitude of the combined IMD test signal is
calibrated at the same peak-to-peak value as a sinewave of the value
set in the Generator Amplitude field.

IMD (D/A) CCIF/DFD

The CCIF/DFD mode produces two equal-amplitude sinewaves.
The spacing between the two sinewaves is controlled by the IM-Freq
field. The acceptable range for spacing is from 80 Hz to 2 kHz. The
two signals are spaced by this amount around a center frequency value
controlled by the Center Freq. field, but no signal is generated at the
Center Freq value. The acceptable range for the Center Freq value is
from 3 kHz up to approximately the D/A Bandwidth value, minus one
half the IM-Freq value. The amplitude of the combined IMD test signal
is calibrated at the same peak-to-peak value as a sinewave of the value
set in the Generator Amplitude field.

IMD (D/A) DIM

The three DIM selections all produce a combined squarewave and
sinewave test signal for dynamic intermodulation distortion testing.
The squarewave signal is at 3.15 kHz for DIM 30 and DIM 100, and
2.96 kHz for DIM B. The squarewave is hardware-generated and thus
not limited by sample rate considerations. The squarewave is
band-limited at 30 kHz in the DIM 30 and DIM B selections, and at
100 kHz in the DIM 100 selection. The sinewave signal peak
amplitude is one-fourth the squarewave peak amplitude. The
sinewave is at 15 kHz in the DIM 30 and DIM 100 selections and 14
kHz in DIM B. These signals are compatible with the analog hardware
IMD analyzer option.
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Squarewave

Square is the only waveform selection that does not require a
subsidiary waveform field. Selecting Square will produce squarewaves
from the generator output when the BUR-GEN module is installed.
The squarewave is calibrated in peak equivalent sinewave terms.

Thus, selecting a squarewave with an Amplitude value of 1.000 Vrms
on the analog generator panel will produce a 2.828 V peak-to-peak
signal. The maximum available amplitude of the squarewave is limited
to half the amplitude selectable in Sine waveform. The frequency
range for squarewaves is from 20 Hz to 20 kHz. Note that the
generator configuration balanced-unbalanced selection must match the
external load. Connecting to an unbalanced load from the balanced
output configuration will produce distorted squarewaves.

Noise

Several varieties of noise waveforms are available from the
BUR-GEN option. Both the Noise and Pseudo Noise selections
produce noise waveforms. Pseudo Noise synchronizes with the
4/second reading rate of the analog analyzer to produce stable,
repeatable measurements. Noise (true random) waveforms have a
continuous spectrum and produce measurements that do not repeat
from reading to reading. Spectral distribution in either mode may be
chosen between pink noise, white noise, or 1/3 octave bandpass
filtered noise. The white noise selections are bandwidth-limited to 23
kHz.

Noise Waveforms

Selecting Noise as waveform displays a subsidiary list of
combinations of Pseudorandom or true random waveforms with
several frequency distributions. The BUR option must be installed in
order to obtain any of these waveforms. The Noise Pseudo waveforms
produce noise which is random during a 262 millisecond period, but
which then repeats every 262 milliseconds. This repetition cycle
synchronizes with the nominal 4/sec reading rate of the analyzer,
producing stable displays. The Noise Random waveforms are truly
random and never repeat. Readings made using Noise Random
waveforms will not be stable at any reading rate. The noise spectrum
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in the Noise waveforms will have energy at all frequencies within its
specified bandwidth; that is, the spectral lines will be infinitesimally
closely spaced. In Noise Pseudo waveforms, the spectral lines will be
spaced at the repetition rate of the pseudorandom cycle, or
approximately every 3.8 Hz to the upper bandwidth limit. This signal
may not be acceptable for certain applications, particularly at very low
frequencies. However, if the measurement interval is limited, it does
no good to have a noise signal which repeats less often.

Amplitude calibration in the Noise Pseudo waveforms is in terms of
equivalent sinewave peak, as with other complex waveforms such as
intermodulation test signals and squarewaves. The Noise Pseudo
waveforms of the BUR-GEN have a crest factor (ratio of peak to RMS)
of 4:1 (12 dB). Since a sinewave has a crest factor of 1.414:1 (3 dB),
the RMS value of the Noise Pseudo waveforms at any given Amplitude
setting will be 9 dB less than that of a sinewave at the same Amplitude.
In the Noise Random waveforms, amplitude calibration is
approximately the same RMS value as in Pseudo Noise waveforms.
The result is that in Noise Random waveforms, occasional noise peaks
may exceed the peak-to-peak value of a sinewave of the same
Amplitude. While the theoretical crest factor in Noise Random
waveforms is infinite, a 4:1 crest factor will be exceeded only 0.01% of
the time. The maximum available Amplitude setting in the noise
modes is half that of the sinewave modes.

In either Noise Pseudo or Noise Random waveforms, additional

selections of the noise spectral distribution may be made among Pink,
White, or BP (Bandpassed).

White Noise
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The Noise White and Pseudo Noise White waveforms select white
noise mode. This waveform is bandwidth limited to 23 kHz to
maximize the noise energy falling within the audio band. The spectral
distribution of white noise is characterized by equal noise energy per
Hz of bandwidth. The spectral range between 100 Hz and 200 Hz will
thus have the same energy as the range between 10,000 Hz and
10,100 Hz. If analyzed by a constant bandwidth spectrum analyzer
such as a superheterodyne or FFT analyzer, white noise will show a flat
energy characteristic versus frequency (up to the bandwidth limitation).
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Analysis with a constant-percentage-bandwidth (constant Q) filter such
as in bandpass mode (or most real-time analyzers) will show a rising
characteristic versus frequency, at the rate of 3 dB per octave.

Pink Noise

The Noise Pink and Pseudo Noise Pink waveforms select pink
noise mode. Pink noise is characterized by equal noise energy per
fractional octave, fractional decade, or equal percentage bandwidth.
Thus, the octave of pink noise between 5 kHz and 10 kHz will contain
the same energy as the octave between 300 Hz and 600 Hz. A
constant-percentage-bandwidth analyzer such as bandpass mode and
most real-time audio analyzers will show a flat characteristic with
frequency. A constant bandwidth spectrum analyzer such as a
superheterodyne or FFT analyzer will display pink noise as having a
fall-off with increasing frequency, at the rate of 3 dB per octave. The
BUR-GEN'’s pink noise is generated by filtering the basic white noise
source through a 3 dB per octave filter. Pink noise will sound
subjectively flat to the ear because the sounds are perceived on a
constant bandwidth basis. When checking response of devices such as
multiway loudspeaker systems, pink noise will supply more equal levels
to low, midrange, and high frequency drivers than will white noise.

Noise Bandpassed Waveform

Noise BP (Bandpassed) and Pseudo Noise BP (Bandpassed)
waveforms select the pink noise waveform, but further process the
noise by passing it through a two pole 1/3 octave tunable bandpass
filter whose center frequency is controlled by the Frequency field of the
Analog Generator panel. This filter is, in fact, the basic state-variable
oscillator circuit of generator, used as a bandpass filter. The filter
center frequency can thus be tuned from 10 Hz to 204 kHz. The
center frequency is controlled from the Generator Frequency field and
can be swept at either Source-1 or Source-2 on the Sweep panel.
Units may be Hz and kHz or any of the generator relative frequency
units.
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Arbitrary Waveforms

The Arb Wim (D/A) waveform selection (Arbitrary Waveform)
permits DSP-based generation of waveforms which have been stored
as binary files on computer disk. These are typically multitone
waveform files used for rapid measurements of response, distortion,
noise, phase, and crosstalk/separation. When Arb Wfm (D/A) is
selected, a second field labeled Waveform appears, with an ellipsis
button at the right to permit browsing among directories (folders) to
select the desired waveform file. A number of useful waveform files
are furnished by Audio Precision in the C:\APWIN\WAVEFORM
directory. The user may create his own multitone waveform files by
use of the Utilities Multitone Creation feature of the Ultilities menu.
Operation of this capability is described the FFT-Based DSP Programs
chapter, beginning on page 16-26.

Files displayed are of both the .AGM (generator, monaural) and
AGS (generator, stereo) file types. A .AGM monaural file consists of a
single waveform, which will be loaded into both the left and right
channel generator buffers for signal generation. A .AGS stereo file
consists of two waveforms concatenated into one file. The first
waveform in the file loads into the left channel generator buffer and
the second file into the right buffer.

The D/A converter sample rate for Arbitrary Waveform files is
controlled by the D/A Sample Rate field in the lower section of the
large form of the Analog Generator panel. If the “Set Sample Rate
When Loading Generator Waveforms” box on the General tab of the
Utilities Configuration dialog is checked, loading a waveform file will
also force the D/A Sample Rate field to the proper selection and, if
necessary, enter the correct numeric value into the Output Sample
Rate (OSR) field on the DIO panel to produce the intended frequencies
in the multitone signal. For example, loading a file created for use at a
48 kHz sample rate will cause the D/A Sample Rate field to change to
OSR (Output Sample Rate) and the OSR field on the DIO panel will
have 48.000 kHz entered into it. If this box on Utilities Configuration
is not checked, the user is responsible for determining what sample
rate the waveform file requires and manually setting the rate properly.
If the actual sample rate does not correspond to that used when the file
was created, all frequencies will be shifted up or down by the ratio of
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Chapter 4 Analog Generator Analog Generator Panel

the two sample rates. If the analyzer (FASTTEST or FFT) sample rate
is not identical to the D/A Sample Rate, the signal will not be
synchronous in the analyzer buffer and window functions must be used.

MLS (Maximum Length Sequence) Waveforms

The analog generator can generate sixteen variations of a
Maximum Length Sequence. A Maximum Length Sequence (MLS) is
a pseudo random noise signal with the property that, when passed
through a device and cross-correlated with the input signal to the
device, the result is the impulse response of the device. An FFT can
then be performed on the impulse response to yield the frequency and
phase response of the device. See the Quasi-Anechoic Acoustical
Tester (MLS) section of the FFT-Based DSP Program Chapter for a
more complete description.

Special Polarity

Special (D/A) Polarity is a signal consisting of two sinewaves, a
fundamental and second harmonic, phased so peaks reinforce each
other in the positive direction and oppose in the negative direction.
The polarity waveform at the output of the device under test, displayed
in the time domain by the FFT program as illustrated, will then show
whether a phase inversion has taken place in the device or cable under
test.
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Il POLARITY WAVEFORM _[O] x|

M ba

A00m

-A00m

Figure 4-11 Polarity Waveform, No Inversion

Special Pass Thru

The Special (D/A) Pass Thru “waveform” takes the embedded
digital audio signal present on the rear panel AES/EBU Ref In XLR
connector, converts it to the analog domain, and furnishes it to the
analog output stages. The Ref In signal sample rate must be between
approximately 27 kHz and 54 kHz. If the Ref In signal is stereo, the
output signal will also be stereo. A digital full-scale (1.000 FFS or O
dBFS) sinewave signal at the AES/EBU Ref In connector results in
correct calibration of the analog generator output amplitude (peaks
equal to those of a sinewave of the stated RMS value).
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Waveform Parameter Interactions

Note that there are interactions between maximum available
amplitude and waveform, frequency, and output configuration.
Maximum available sinewave amplitude at the frequency extremes
(below 20 Hz, above 50 kHz) is half that at standard audio
frequencies. Maximum amplitude with noise and square waveforms is
half that with sinewaves. Squarewaves are not available across the full
10 Hz-204 kHz frequency range of sinewaves.
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Frequency Control and Units

The frequency of most waveforms is controlled by the Frequency
field. Except for the Noise-BP selections, noise waveforms have no
controllable frequency parameter so the Frequency field disappears. In
the SMPTE-DIN and CCIF IMD waveforms, a second frequency
parameter may be selected so an IM Frequency field will be displayed
just below the main frequency field.

Note that there are interactions between maximum available
amplitude, waveform, and frequency. Maximum available sinewave
amplitude at the frequency extremes (below 20 Hz, above 50 kHz) is
half that at standard audio frequencies. The available frequency range
in squarewave is from 20 Hz to 20 kHz.

Frequency may be expressed in absolute units (Hz) and in a variety
of units relative to the Reference Frequency value near the bottom of
the Analog Generator panel. The Frequency box is a numeric entry
field.

To change the Frequency units (for example, from Hz to octaves),
click on the down arrow at the right end of the Frequency box. Select
the desired new unit by clicking on one of those available in the list
that appears.

Note that changing units does not change the frequency of the
generator. The existing frequency will simply be re-stated in the new
units. Note also that the value displayed after pressing [ENTER| may
differ slightly from the value entered, since APWIN software will display
the nearest frequency which the instrument can actually generate.

The IM Frequency field is selected in the same manner as the main
frequency field. However, the IM generator option has only eight fixed
choices for IM frequency. If a value is entered into this field from the
keyboard, APWIN software will select the nearest IM frequency from
the available choices.

Fast-High Accuracy Modes

These modes pertain only to the analog hardware sinewave
generator. Fast mode produces the most rapid frequency settling along
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with frequency accuracy and resolution suitable for nearly all audio
tests. High accuracy mode provides greater accuracy and resolution,
but requires from 150 milliseconds (above 50 Hz) to 750 milliseconds
(at 10 Hz) for complete settling each time the frequency is changed.

output On/Off and Channel Selection

The Outputs On-Off button turns on or off the output channels
whose individual channel output control buttons are ON. The Outputs
On-Off button is a “toggle” function, reversing output conditions each
time it is pressed. When off, outputs are reverse-terminated in the
selected source impedance.

- | I':mec:#\ Figure 4-12 Outputs On-Off and

1000 ms ] ~Ampliude—[ro00 vims =] Channel Select Buttons

The CH A and CH B channel selection buttons determine whether
output channel A, B, both, or neither will have signal present when the
Outputs On-Off button is On. The lowest noise and signal feed-through
condition is obtained by turning the Qutputs On-Off button off rather
than turning an individual channel off. The System Two Cascade
Analog Generator has two power amplifiers and output transformers,
so different signals can be present at each output when they are both
selected and the Sine (D/A) Stereo waveform is selected.

Channel Invert

Either channel may be phase-inverted (180 degrees) by checking
the Invert box near the Outputs On-Off button. Phase inversion of one
channel with respect to the other is used to create subcarrier rather
than main carrier output is stereo multiplex systems. When neither box
is checked or both boxes are checked, the two outputs are in phase.
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Amplitude Control and Units

The output amplitude of each channel is determined by the setting
in that channel’s Amplitude field unless the Track box is checked, in
which case the Channel A Amplitude field controls both channels.
Amplitude may be stated in a variety of practical units. A new
amplitude value may be entered or the existing value edited from the
keyboard, followed by Eﬁﬂl Note that there are interactions between

/—
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maximum available amplitude and waveform, frequency, and output
configuration. Maximum available amplitude at the frequency
extremes (below 20 Hz, above 50 kHz) is half that at standard audio
frequencies. Maximum amplitude in unbalanced configurations is half
that in balanced mode. Maximum amplitude with noise and square
waveforms is half that with sinewaves.

Note that the actual output amplitude does not change when units
selections are changed, but the existing amplitude is simply re-stated in
the new unit. Note also that the value displayed after pressing
may differ slightly from the value entered, since APWIN software will
display the nearest amplitude which the instrument can actually
generate.

Track A

System Two Cascade analog generator output channels A and B
have separate amplitude control circuitry and can be independently
set. For most audio applications, the same amplitude will be desired at
both. In these cases, it is more convenient to make only one
Amplitude setting that will be furnished at both channels. Check the
Track A box for this mode. The B channel Amplitude field will become
gray and entries in the A Amplitude field will control both channels.

Output Configuration

The generator outputs may be configured as balanced or
unbalanced and floating or grounded. Additionally, a common mode
rejection ratio test configuration is available to simplify measurement of
CMRR of a device input. Configurations of both channels A and B are
slaved together.

Note the interaction between Configuration and Z-Out (output
impedance). The output impedance buttons that are not available in
any configuration will be gray and non-functional.
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Figure 4-13 System Two Analog Generator Qutput Configurations. Only One
Channel Shown; Both Channels Identical

In the balanced output configuration, the two ends of the output
transformer drive pins 2 and 3 or the XLR connector and the + and -
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banana jacks. Half of the selected output impedance is connected in
series with each leg. The center conductor of the BNC connector
connects to the transformer center tap and may be used to inject a
common mode signal or to provide an AC-coupled ground reference
by connecting an external capacitor to ground. This common
connection is grounded or floating, depending upon the selected
configuration. When grounded, a PTC (positive temperature
coefficient resistor) is connected between center tap and ground as a
protective device. Only one channel is shown in the diagram, but both
channels are identical.

In the unbalanced output configuration, only half the transformer
secondary is used. Pin 2 of the XLR, the center conductor of the BNC,
and the + banana jack connect to the top end of the output
transformer through the selected output impedance. The center tap of
the transformer connects directly to pin 3 of the XLR, the shell of the
BNC, and to the minus banana jack. If the output configuration is
selected as ground, that common conductor is also connected to
ground through the PTC protection device (see above). Since only
half the transformer secondary is used in unbalanced configuration,
the maximum available amplitude is half that (6.02 dB less) of
balanced configuration. Only one channel is shown in the diagram,
but both channels are identical.

In the CMTST (common mode test) configuration, only half the
transformer secondary is used so maximum available amplitude is half
that of the balanced configuration. The top of the transformer
secondary connects to two resistors, each half of the selected output
impedance value. One of those resistors drives pin 2 of the XLR and
the + banana jack and the other resistor drives pin 3 of the XLR and
the minus banana jack. The transformer center tap connects to ground
through the PTC protection device (see above) and to the center
conductor of the BNC. Thus, XLR pins 2 and 3 (or the + and -
banana jacks) are driven with equal amplitude, in-phase signals with
respect to ground. This type of signal will be largely rejected by
well-designed balanced (differential) inputs. Only one channel is
shown in the diagram, but both channels are identical.
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Impedance Selection

Generator output impedance may be selected as 40, 150, or 600
Ohms in balanced configurations (40, 200, or 600 Ohms with option
EURZ hardware installed and selected via the Ultilities Configuration
menu command). In unbalanced configurations, the available choices
are 20 and 600 Ohms. The output impedance control of channels A
and B are slaved together.

Except when dBm or Watts units are selected for generator
amplitude, changing the output impedance does not change the
open-circuit voltage (emf) behind that output impedance. With a finite
load impedance, the actual terminal voltage will change as output
impedance changes since the effective voltage divider ratio between
source and load also changes. When dBm or Watts units are selected,
APWIN computes the required open circuit voltage necessary to
produce the specified power (Amplitude field) across the specified
external load value (Reference dBm or Reference Watts fields). Since
this open circuit voltage value also depends on generator output
impedance, open-circuit voltage will change when source impedance is
changed since power in the load is held constant.

dBm Reference

When dBm units are selected in the generator Amplitude field,
APWIN software computes the necessary emf (open-circuit voltage)
which will cause the specified power (Amplitude field) to be delivered
to the specified load impedance (dBm Reference field). Thus, the user
must enter the actual value of device input impedance into the dBm
Reference field for output power to be properly calibrated.

dBr Reference

=
Q
®
>
®
*
o
(o g
o
‘

When dBr units are selected in the generator Amplitude field, the
actual output amplitude is computed based on the decibel value
entered in the Amplitude field and the dBr reference value. The
present value of generator amplitude may be automatically written into
the dBr Reference field by pressing the function key or selecting the
Edit Set Gen dBr Ref menu item. A new value may be entered or the
existing dBr Reference value edited from the keyboard, followed by
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Analog Generator Hardware Overview

. The dBr Reference value may be stated in any of a number of
amplitude units.

Frequency Reference

The Analog Generator has a number of relative frequency units in
addition to absolute frequency in Hz. When any relative frequency
unit is selected, APWIN computes and sets the actual frequency based
on the relative value in the generator Frequency field and the
Frequency Reference value. The present value of Analog Generator
frequency may be written into the Frequency Reference field by
pressing the keys or selecting Edit Set Generator Freq Ref
menu item. A new value may be entered or the existing value edited
from the keyboard, followed by .

/i

Watts Reference

When Watts units are selected in the generator Amplitude field,
APWIN software computes the necessary emf (open-circuit voltage)
which will cause the specified power (Amplitude field) to be delivered
to the specified load impedance (Watts Reference field). Thus, the user
must enter the actual value of load impedance into the Watts
Reference field for output power to be properly calibrated. A new
value may be entered or the existing value edited from the keyboard,
followed by . To select the Watts Reference field for entry:

Mouse: Click on the Watts Reference field.

Keyboard: Shift the focus to the Analog Generator panel, if
necessary, with the keys. Select the Watts Reference field with

the key (moves selection downwards) or [SHFT] [TA8]| keys (moves
selection upwards).

Analog Generator Hardware Ooverview

The System Two Cascade analog generator consists of an oscillator
section and a dual output stage section. The block diagram shows a
simplified overview. The oscillator section always includes a variable
frequency low-distortion sinewave oscillator and a signal multiplexer in
case other waveforms are added. The IMD option adds generation of
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three standard intermodulation distortion (IMD) test signals. The BUR
option adds a squarewave-sine burst-noise generator. If DSP modules
are present, DSP-generated signals including independent signals for
the two channels may be routed from D/A converters in the DSP
module through the multiplexer to the generator output stages.

system Two Cascade Oscillator Section

The Analog Oscillator Block Diagram shows the several signal
sources available in the System Two Cascade Analog Generator. The
sinewave oscillator uses state-variable topology to optimize low
distortion and fast settling time. Capacitors are switched to select one
of four frequency ranges: 10-204 Hz, 204 Hz-2.04 kHz, 2.04 kHz-20.4
kHz, or 20.4 kHz-204 kHz. Within each range, a 13-bit MDAC serves
as a variable resistor to set the oscillation frequency anywhere across
the 10:1 range (20:1 on the lowest range). A Leveling circuit (not
shown) operates continuously to provide output amplitude that is
independent of frequency. The sinewave output feeds a multiplexer
that selects among the various waveforms that may be present. The
multiplexer output goes to a high-resolution (fine) amplitude control
block shown in the output stage block diagram.
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Figure 4-14 System Two Analog Generator, Simplified Block Diagram
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Analog Generator Hardware Overview
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Figure 4-15 Oscillator Section, System Two Analog Generator

When the BUR (squarewave-sine burst-noise) option is present, the
main sinewave oscillator output may be fed through the BUR circuit
block where it can be synchronously gated or triggered. The sinewave
from the main oscillator also serves as the frequency-determining
source for the squarewave signal generated on the BUR circuit board.
The BUR board can also generate pseudorandom or random noise of
white or pink frequency distribution. In Noise-BP function, the pink
noise output may be fed through the sinewave oscillator
frequency-determining circuitry functioning as a 1/3-octave bandpass
filter to produce narrowband noise at any center frequency from 10 Hz
to 204 kHz.

When the IMD option is present, the main sinewave oscillator
provides one of the two IMD test signals in the case of the SMPTE/DIN
or DIM/TIM standards. The main sinewave is combined in the IMD
module in the proper amplitude relationship with either a
low-frequency sinewave selected among several frequencies
(SMPTE/DIN) or with a fixed-frequency squarewave (DIM/TIM), and
sent to the multiplexer. For the “CCIF” (difference tone) IMD standard,
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the main sinewave oscillator provides the “carrier frequency” into a
balanced modulator. The modulating frequency to the balanced
modulator is supplied by the low-frequency oscillator in the IMD
module. The resulting output from the balanced modulator is a
double-sideband suppressed-carrier signal, consisting of the two
equal-amplitude test tones (“sidebands”) equally spaced in frequency
above and below the main oscillator frequency.

When DSP modules are present, a number of digitally-generated
waveforms can be converted to the analog domain via dual D/A
converters on the DSP module and routed through the analog
generator amplitude control and output stage via the DGen waveform
selection. System Two Cascade’s ability to furnish independent signals
at outputs A and B is fully implemented only from the DGen source,
by selecting either the Stereo Sine waveform or Arbitrary Waveform
with a stereo waveform file downloaded.
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AMPLITUDE | | +6,0, | _| ouTPUuT
13 BIT -6 dB AMPLIFIER
MDAC
XFMR
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Figure 4-16 System Two Analog Generator Output Stage (Channels A and B
Indentical)

Analog Generator Output Stage

System Two Cascade contains two independent analog output
stages that are driven from the low distortion sinewave oscillator or
optional IMD or BUR-GEN modules, or dual D/A converters in the
DSP module in SYS-2422 and SYS-2522 configurations. Each output
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Analog Generator Hardware Overview

stage consists of an amplitude control section, transformer-coupled
power amplifier, output attenuators, and output impedance switching.

The amplitude control section uses a custom 13-bit multiplying
digital-to-analog converter (MDAC) as the variable element in
combination with +6, 0, and -6 dB gain switching. The
transformer-coupled power amplifier provides a balanced or
unbalanced output that is followed by a 0 to -84 dB attenuator in 12
dB steps. The overall amplitude resolution or “settability” is <0.003
dB worst case from maximum output down to approximately 180
pMVrms. For amplitude settings below 180 WV, resolution is limited to
step sizes of approximately 50 nV (0.05 yuV). Selectable “build-out”
resistors follow the attenuator section to determine the final output
impedance.

Control of these various sections is managed by APWIN software
and is transparent to the user. When the value of desired output
amplitude is entered by the user or during a sweep, the software
automatically selects the optimum attenuator and MDAC settings to
provide the highest quality output signal.
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Analog Analyzer Panel

The System Two Cascade Analog Analyzer contains six measuring
instruments—Level Meters on each input channel, a Phase Meter,
Frequency Counters on each input channel, and the Function Reading
Meter. The first five meters are single-function instruments, while the
Function Reading Meter is flexible with many different measurement
functions. All selectable or tunable filtering and the selectable detector
types are in the Function Reading Meter section.

Note that this analog hardware-implemented analyzer is one of two
alternative measurement capabilities in System Two Cascade. A
DSP-implemented analyzer program may also be selected on the
Digital Analyzer panel and its input signal obtained via A/D converters
from System Two Cascade’s analog inputs. The DSP-implemented
analyzer program provides many of the same measurement categories
as the analog hardware analyzer, but with a different set of trade-offs.
Generally speaking, the analog hardware analyzer discussed in this
chapter will provide the best performance—flattest frequency response,
lowest noise, lowest distortion, widest bandwidth. The
DSP-implemented analyzer is capable of significantly faster operating
speeds if its slightly-lower specifications are acceptable. For full
information on the DSP-implemented analyzer, see the DSP Audio
Analyzer chapter.

To bring the Analog Analyzer panel to the screen:

Mouse: Click on the Analog Analyzer icon @l on the toolbar or
select Panels Analog Analyzer via the menu bar

Keyboard: Type [E™YfA]] or (for Panels analog Analyzer).

The normal default start-up mode of APWIN software has the
Analog Analyzer panel on page one.
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Figure 5-1 Syster Two Analog

Channel A Channel B Analyzer Panel, Small Version
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The Analog Analyzer panel may be displayed in two sizes. The
smaller version (displayed at start-up) shows only the most important
controls and displays. Displays on the small panel are the Level,
Frequency, Phase, and Function Reading meters with unit selections.
Controls on the small version include input connector selection, the
A-B channel selection for the Function Reading meter, and the Phase
meter range selection.

I Analog Analyzer [_[o]x] Figure 5-2 System Two Analog
OC Channel A ChannelB [ DC  Analyzer Panel, Large Version

|1DDkﬂ|GenMDn ﬂ |1DDkﬂ|GenMun ﬂ

9994 V w | —Lewvel— (LU -

1.00014 kHz RANEISERESE1 00014 kHz R4
M Auto Range W

Phase: [gUIEEGEGE v | [ Auto -
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| THD+N Ratio Balo.00021 % -
W Auto Ranoge

Detlaso  w|[RMs ¥ BP/BRFirFreq

Bl< 10Hz |+ | (R Sweep Track | w
Fltr:|NCInE ﬂ | J
Feferences Fre:|1.00000 kHz

dBrA 3873 mv v | Watts:[8.000 Ohms
dBrB[387.3 mv v dBm:[600.0 Ohms

The large version adds input termination impedance selection
controls, DC/AC coupling controls, auto-fixed range check boxes and
manual range selection controls for the input ranging sections, the
auto-fixed range check box and manual range selection controls for the
Function Reading meter range amplifier, and controls for meter reading
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rate, detector type, high pass filters, low pass filters, plug-in option
filters, bandpass-bandreject filter steering mode and frequency control
field when fixed, and reference value fields for dBm, dBr (each
channel independent), Watts, and frequency. Clicking on the panel
icon on the Panels Toolbar brings up the small version panel. Holding
down the [§#FT| key while clicking on the toolbar icon brings up the
large version. To switch between the small and large panels:

Mouse: Double-click anywhere in the title bar, or click on the

middle EI of the three icons at the top right of the panel ,

in the control bar.

Keyboard: Press the or Arrow keys.
Input Source Selection

The System Two Cascade Analog Analyzer input panel contains
XLR, double banana, and BNC connectors for both channels. The
double banana jacks are hard-wired to pins 2 and 3 on the XLR
connectors on each channel. System Two Cascade also has internal
cables installed from each analog generator output channel to selector
relays at the corresponding analyzer input channel. The source
selection field on the Source line at the top of the analyzer panel selects
between the XLR/banana jack inputs in balanced configuration, the
BINC jacks (unbalanced), and the generator monitor facility.

Balanced Input Termination

The balanced inputs (XLR and banana jacks) may be terminated in
600 or 300 Ohms, or operated with a 100 kilohm bridging input
resistance. Terminations for the balanced inputs are selected in the
field to the left of the input source selection. The unbalanced BNC
inputs are always 100 kilohms input. A 300 or 600 Ohm termination
selected at a balanced input still remains connected to the XLR and
banana jack input connectors even when BNC Unbal or Gen Mon is
selected as the signal source of the analyzer.

DC Coupling

System Two Cascade’s analyzer circuitry is intrinsically DC-coupled
from the front-panel input connectors to the connection point for the
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DSP A/D converters (when Anlr A or Anlr B is selected). DC coupling
thus extends DSP acquisition of analog signals down to DC. DC
coupling also provides superior CMRR (common mode rejection ratio)
at low frequencies, which is normally limited by mis-match in value of
coupling (DC blocking) capacitors. DC blocking capacitors may be
independently switched into either input channel when DC coupling is
not desired.

Level Meters

The two Level Meters measure amplitude of Channel A and
Channel B. Amplitude measurements made by the two Level Meters
may be independently expressed in a number of different units. Note
that the dBr (relative dB) units for the A and B Level Meters have
separate reference values at the bottom of the panel. To select among
Level Meter units:

Mouse: Click on the down arrow at the right of either Level Meter
display field to show a list of available units. Click on the desired unit.

Frequency Counters

The two Frequency Counters measure frequency of Channel A and
Channel B. Frequency measurements made by the Frequency
Counters may be independently expressed in absolute units (Hz) and a
number of different relative units referred to the Reference Frequency
field near the bottom of the panel.

Input Ranging Control and Manual Selection

Each input channel (A and B) includes attenuators and selectable
gain amplifiers designed to bring input signals across a wide amplitude
range to the optimum level for System Two Cascade’s detectors. The
two channels are independent. For most applications, it is most
convenient (and least error-prone) to allow the Autoranging circuitry to
select the proper range. For certain applications where measurements
must be made on signals whose amplitude constantly changes, such as
tone burst signals or program material, it may be necessary to disable
autoranging and manually select a range which will handle the
expected peak signal amplitude.

Page 5-4
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[EEEEEEGT -] - Freo— Figure 5-3 Analyzer Input Ranges
[e500 v ¥] I AutoRange | Fixed at User-Entered Values

When Autoranging is selected on either channel (Auto box is
checked), the manual range selection field is gray and non-functional.
When the box is un-checked to disable autoranging, the range field will
display the full-scale value of the range which had been automatically
selected. The range may be expressed in a number of different units,
selectable via the down arrow at the right of the field. A different
range may be manually selected.

[EEEEEIGENN -| oo [EEEEEEIGENN -|| Figure 5-4 Analyzer Input Ranges
[ & '~ [ ]| Automatically Controlled

a8

To select a new manual range, enter the value of the largest
expected signal amplitude into the range field and press . A new
value may be entered or the present range setting edited from the
keyboard after selecting the range field of the desired channel. APWIN
software will choose the most sensitive range which will not be
overloaded by a signal of the specified amplitude, and will display the
full-scale value of the selected range when @ is pressed after
making or editing an entry.

Phase Meter Ranges

The field at the right of the Phase meter display permits selection
among four phase ranges: Auto, -180+ 180, 0+360, or -90+270.

When Auto is selected, the Phase meter ranges automatically.
When phase is graphed versus frequency in a sweep and the phase
shift or delay through the device under test is large enough to go
through more than one complete revolution, the plotted phase will be
“unwrapped”. That is, phase will plot continuously through thousands
of degrees if necessary, assuming that the size of the frequency steps is
small enough that measured phase does not change by too large an
amount from point to point.

When -180+ 180 is selected, the panel display and graph plots are
constrained to a range between minus 180 degrees and plus 180
degrees. Plots of phase will jump abruptly from minus 180 to plus 180
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(or vice-versa) on adjacent frequency steps if the measured phase
crosses the end of the range.

When 0+ 360 is selected, the panel display and graph plots are
constrained to a range between O degrees and plus 360 degrees. Plots
of phase will jump abruptly from O to plus 360 (or vice-versa) on
adjacent frequency steps if the measured phase crosses the end of the
range.

When -90+270 is selected, the panel display and graph plots are
constrained to a range between minus 90 degrees and plus 270
degrees. Plots of phase will jump abruptly from minus 90 to plus 270
(or vice-versa) on adjacent frequency steps if the measured phase
crosses the end of the range. This range is particularly useful when
measuring devices with low values of phase shift for polarity. In this
case the readings are likely to be within a few degrees of zero or within
a few degrees of 180 and it is simple to put limits on the results of a
measurement for Pass/Fail testing.

Input Channel Selection

The radio buttons above the Function Reading Meter display
determine whether Channel A or B is measured by the System Two
Cascade Function Reading Meter.

Phase: [AMMEEEMM -] [~ =] [igure 5-5 Function Reading Meter
L oA Gt e I Channel A/B Selector
[THO+N Fiet ~ | (I ~ |

Reading Meter Function Selection

The flexible Function Reading Meter can measure a number of
different audio functions by virtue of its tunable bandpass-bandreject
filter, selectable bandwidth-limiting and weighting filters, and selectable
detectors. The IMD analyzer option and wow and flutter option also
feed their processed signals to the Function Reading Meter for final
display. The complete list of measurement functions available, if the
IMD analyzer and wow and flutter options are present, is shown in the
figure.
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W Figure 5-6 Function Reading Meter Function

Amplitude Selection List
Bandpass

Bandreject

THD+M Arnpl

SKMFTE

CCIF

DilkA

Wiowe & Flutter
2-Ch. Ratio
Crosstalk

Reading Meter Function Amplitude

In the Amplitude function, the amplitude of the selected channel
signal is measured and displayed. Detector type, reading rate,
high-pass filter, low-pass filter, and plug-in option filter may be selected.

Reading Meter Function Bandpass

In the Bandpass function, the selected channel signal is passed
through a four-pole 1/3 octave tunable filter before its amplitude is
measured and displayed in order to accomplish a frequency-selective
amplitude measurement. The center frequency of the filter may be set
anywhere in the range from 10 Hz to approximately 204 kHz. The
filter center frequency may be made to automatically track the Source
1 or Source 2 sweeping parameter (Sweep Track), the measurement of
the Frequency counter on the same channel (Counter Tuned), the
analog generator (AGen Track), the digital generator (DGen Track), or
to be fixed at a user-entered frequency value (Fixed) by the selection of
the BP/BR Filter Freq field. Detector type, reading rate, high-pass filter,
low-pass filter, and plug-in option filter may be selected.

BF/BR Flir Freq  Figure 5-7

Sweep Track | Function Reading
Meter BP/BR

Steering Controls

|Counter Tuned
‘Sweep Track
AGen Track
DGen Track
Fixed
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Reading Meter Function Bandreject

In the Bandreject function, the selected channel signal is passed
through a tunable bandreject (notch) filter before its amplitude is
measured and displayed. The center frequency of the filter may be set
anywhere in the range from 10 Hz to approximately 204 kHz. The
filter center frequency may be made to automatically track the Source
1 or Source 2 sweeping parameter (Sweep Track), the measurement of
the Frequency counter on the same channel (Counter Tuned), the
analog generator (AGen Track), the digital generator (DGen Track), or
to be fixed at a user-entered frequency value (Fixed) by the selection of
the BP/BR Filter Freq field. Detector type, reading rate, high-pass filter,
low-pass filter, and plug-in option filter may be selected.

Reading Meter Function THD + N Amplitude

In the THD +N Amplitude function, the selected channel signal is
passed through a tunable bandreject (notch) filter in order to reject the
fundamental component of an applied single sinewave test signal
before amplitude of the remaining distortion and noise components is
measured and displayed. An electronic servo continuously adjusts the
filter frequency for maximum rejection of the highest-amplitude
frequency component of the signal. The center frequency of the filter
may be set anywhere in the range from 10 Hz to approximately 204
kHz. The filter center frequency may be made to automatically track
the Source 1 or Source 2 sweeping parameter (Sweep Track), the
measurement of the Frequency counter on the same channel (Counter
Tuned), the analog generator (AGen Track), the digital generator
(DGen Track), or to be fixed at a user-entered frequency value (Fixed)
by the selection of the BP/BR Filter Freq field.

The resulting harmonic distortion and noise amplitude
measurement is displayed in a selection of absolute units (Volts, dBV,
dBu, etc.). This THD+IN Amplitude function is particularly useful for
measuring distortion during amplitude sweeps. Detector type, reading
rate, high-pass filter, low-pass filter, and plug-in option filter may be
selected.
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Reading Meter Function THD + N Ratio

In the THD +N Ratio function, the selected channel signal is passed
through a tunable bandreject (notch) filter in order to reject the
fundamental component of an applied single sinewave test signal
before the amplitude of the remaining distortion and noise
components is measured and displayed. An electronic servo
continuously adjusts the filter frequency for maximum rejection of the
highest-amplitude frequency component of the signal. The center
frequency of the filter may be set anywhere in the range from 10 Hz to
approximately 204 kHz. The filter center frequency may be made to
automatically track the Source 1 or Source 2 sweeping parameter
(Sweep Track), the measurement of the Frequency counter on the
same channel (Counter Tuned), the analog generator (AGen Track),
the digital generator (DGen Track), or to be fixed at a user-entered
frequency value (Fixed) by the selection of the BP/BR Filter Freq field.

The resulting harmonic distortion and noise amplitude
measurement is displayed in a selection of relative or ratio units (%,
dB, parts per million, X/Y, etc.). The THD+N Ratio function is the
most commonly used distortion measurement function, particularly
when the signal amplitude is constant as during a frequency sweep.
Detector type, reading rate, high-pass filter, low-pass filter, and plug-in
option filter may be selected.

Reading Meter Function SMPTE/DIN
(Intermodulation Distortion)

The IMD analyzer option must be installed for this function to
operate. In the SMPTE IMD analysis mode (which also analyzes DIN
IMD signals), the expected test signal consists of two sinewaves plus
intermodulation distortion products. The lower-frequency sinewave
may be anywhere in the range from 40 Hz to 250 Hz. The
higher-frequency sinewave may be anywhere in the range from 2 kHz
to 100 kHz. The signal is fed through a 2 kHz high-pass filter which
strips off the low-frequency tone component of the signal. An
amplitude modulation demodulator follows, providing an output
amplitude proportional to the sidebands (IMD products) located near
the high-frequency “carrier” signal. This signal is further low-pass
filtered to remove the “carrier” and is fed on to the
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bandpass/bandreject (BP/BR) filter block which is not used during
SMPTE IMD analysis. The final result is measured and displayed in
the Function Meter display field below the channel selection buttons.
Only relative units (dB, %, PPM, X/Y) are available in the IMD
functions since all IMD standards refer the distortion measurement to
the amplitude of one of the signal components. The BW fields (high
pass and low pass filter selection) are gray and unavailable in IMD
modes since selection of these filters could cause erroneous readings.

Reading Meter Functions CCIF/DFD

The IMD analyzer option must be installed for this function to
operate. In the CCIF and DFD (difference frequency distortion)
modes, the expected signal consists of two equal-amplitude sinewaves,
relatively closely-spaced about a relatively high-frequency center value,
plus intermodulation distortion products. Only the low-frequency
difference product (2 - f1) amplitude is measured by the analyzer.
Spacing between the two sinewaves may be anywhere between 80 Hz
and 1 kHz. The center frequency value may be anywhere from 3 kHz
to 100 kHz. The selected channel signal is fed directly to the 2.45 kHz
low-pass filter and 30 Hz high-pass filter and on to the BP/BR filter.
The BP filter, in bandpass mode, is automatically tuned to the
difference frequency product (f2 - f1) in CCIF and DFD modes. Thus,
other IMD products and wide-band noise are rejected. The result is
measured and displayed by the Function Reading meter. Only relative
units (dB, %, PPM, X/Y) are available in the IMD functions since all
IMD standards refer the distortion measurement to the amplitude of
the test signal components. The BW fields (high pass and low pass
filter selection) are gray and unavailable in IMD modes since selection
of these filters could cause erroneous readings. CCIF and DFD
functions differ by a 6.02 dB calibration difference, with the DFD
function providing the lower values according to the most recent
revision of the IEC-268 specification.

Reading Meter Function DIM/TIM

The IMD analyzer option must be installed for this function to
operate. In the DIM/TIM (dynamic intermodulation/transient
intermodulation) mode, the expected signal consists of a squarewave
at approximately 3 kHz combined with a sinewave at approximately
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15 kHz, plus intermodulation distortion products. The selected
channel signal is fed directly to the 2.45 kHz low-pass and 400 Hz
high-pass filters. The DIM/TIM test signal is constructed so that a fifth
order and a sixth order IMD product fall into the spectrum below 2.45
kHz. These are designated u4 and u5 according to IEC 268-3. The
16-pole 2.45 kHz filter rejects the squarewave fundamental but passes
the fifth and sixth order products on to the detector. Only relative units
(dB, %, PPM, X/Y) are available in the IMD functions since all IMD
standards refer the distortion measurement to the amplitude of one of
the signal components. The BW fields (high pass and low pass filter
selection) are gray and unavailable in IMD modes since selection of
these filters could cause erroneous readings.

DETECTORS

24-4kHz | NORMAL AVG DET.

BANDPASS (NAB/
FILTER Jis)
|| wine [

DISCRIM. FILTER
{ aanopass aPK DET.
FILTER | HIBAND/ TORDNG [ | (IEC/DIN)
SCRAPE MONITOR
output, Y
EnaN DSP AID TO RDNG
L CHANNEL o gl
wox VIF CONV.
MUX

Figure 5-8 Wow and Flutter Analyzer Option, Simplified Diagram

Reading Meter Function Wow & Flutter Overview

The optional wow and flutter (W&F) analyzer is a circuit board
mounted in the lower analog analyzer compartment. Its input signal
comes from either channel A or channel B as selected on the Analyzer
panel buttons just below the Phase meter. Various standards define
test frequency, detector characteristics, and measurement bandwidth.
The wow and flutter analyzer meets these standards. See page 5-15
for additional information on standards. For measurements of normal
(rotationally-caused) wow and flutter, the signal is passed through a
2-4 kHz bandpass filter that accommodates the standard 3.0 and 3.15
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kHz test signals. For measurements of “high band” or “scrape” flutter,
a test tone of 12.5 kHz is recommended and the signal is fed through a
4 kHz to 20 kHz bandpass filter. Signal from the selected bandpass
filter is fed to a frequency modulation (FM) discriminator. The
instantaneous output voltage of the FM discriminator is proportional to
the instantaneous peak frequency deviation of the test signal. For
weighted wow and flutter measurements, the signal passes through a
W&F weighting filter; the filter is bypassed for unweighted
measurements. The final AC wow and flutter signal is fed to the W&F
detector and the measured value displayed on the Analyzer panel. A
quasi-peak detector is used in IEC (DIN) specified W&F
measurements. An average-responding detector is used in NAB and
JIS specified W&F measurements, with a longer time constant selected
for JIS than for NAB.

Wow and flutter control

IW Figure 5-9 Selection Among W&F Standards
Det|Auto  =|[MNAB -]

B f<10Hz  ~ffeakHz
Filter |'Weighted =

|Unieighted
W'eighted-High Band
UnWeighted-High Band
YWide-High Band
gScrape-High Band

The wow and flutter measurement function is selected as “Wow &
Flutter” in the field which selects functions of the Function Reading
meter on the Analog Analyzer panel. Two other fields change and two
additional fields are “grayed out” when the Wow & Flutter function is
selected. The field that normally offers detector choices of RMS, AVG,
Q-PK, etc., is replaced with a field offering selection of the three
rotational wow and flutter standards IEC, NAB, and JIS. Selecting IEC
enables a quasi-peak detector with dynamics (“ballistics”) conforming
to the IEC and DIN standards. Selecting NAB or JIS enables an
average detector with approximate VU ballistics; JIS also enables a
software algorithm that imparts a 4-5 second integration time constant
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to measurements for a heavily damped response. Measurements may
take up to 20 seconds to settle in JIS mode.

The field which normally offers selection among plug-in option
filters is replaced with a field which permits selection among weighted
or unweighted rotational wow and flutter (3 or 3.15 kHz test tones),
weighted or unweighted-high band flutter, wide-high band, or
scrape-high band flutter. The latter four choices are normally used
with a 12.5 kHz test tone. When Weighted is selected, the weighting
filter is inserted between the discriminator and detector stages. When
Unweighted selection is made, the measurement bandwidth is flat,
extending from approximately 0.5 Hz to 200 Hz.

The four selections ending with “High Band” instruct the analyzer
to assume a nominal test tone or “carrier” frequency of 12.5 kHz.
Wide-High Band selects the full bandwidth of the analyzer, extending
from 0.5 Hz to approximately 5 kHz (typically -3 dB at 4.5 kHz). The
exact response is significantly influenced by the test tone frequency and
has been optimized for 12.5 kHz tones. Lower frequency test tones
will exhibit degraded bandwidth and aliasing for FM products above
half frequency. The Scrape-High Band selection chooses a 200 Hz
to 5 kHz analysis bandwidth. Unweighted-High Band selects a 0.5
Hz to 200 Hz bandwidth allowing relative comparisons between the
scrape flutter and/or servo harmonic products versus rotational
products. Weighted-High Band selects the same weighting filter
used with 3 kHz-3.15 kHz test tones, permitting both weighted wow
and flutter and scrape flutter measurements with the same test
frequency.

When making wow and flutter measurements, the normal input
autoranging feature of the instrument should be disabled. Tapes can
exhibit momentary dropouts that might trigger ranging, causing a
severe transient in the wow and flutter measurement. Fixing the input
range is done with the large version of the Analog Analyzer panel
displayed, by un-checking the Auto Range checkbox which
corresponds to the input channel in use. Then, enter the maximum
expected input level into the field next to the checkbox. The analyzer
has been designed to handle signals over a 30 dB window, giving
ample margin with a fixed input range.
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Wow and flutter measurements are typically observed in real time
via a bargraph display or on the Function Reading meter numeric
display on the Analog Analyzer panel, or by making a
chart-recorder-style “sweep” of wow and flutter versus time. For the
time sweep, select Time as the chassis and instrument in the Source-1
Browser. Check the “Show Readings” checkbox, since Time is a
reading, and click OK to close the browser. Typical start and stop times
might be 5 seconds Start and 25 or 35 seconds Stop. The first five
seconds of data is generally not useful since the long time constant
detector required for accurate wow measurements will take about five
seconds to recover from the initial transient when the wow and flutter
option is first enabled by opening a test or changing the Function
Reading meter from another function. For this reason, limits for
Pass/Fail testing are not normally applied to the first several seconds.
Sweep settling should be turned off (Algorithm None on the Sweep
Settling panel) for wow and flutter measurements. The Compute
2-Sigma utility is sometimes used following a wow and flutter versus
time measurement to produce the 2-sigma value. See the Compute
chapter for more information.

Wow and flutter theory of operation

Wow and flutter is the undesirable frequency modulation of an
audio signal due to instantaneous speed variations caused by
mechanical imperfections in a recording and playback mechanism
such as a tape recorder or turntable. Wow and flutter measurements
are usually made with a test tape or disk having a pre-recorded tone
that is assumed to contain very little residual FM. The reproduced tone
is bandpass filtered to limit potential wideband interference and is fed
into an FM discriminator. The output of the discriminator is an ac
signal whose amplitude is proportional to the instantaneous frequency
deviation of the test tone. For most measurements this signal is
passed, before detection, through a selectable weighting filter whose
peak response is centered at about 4 Hz. The purpose of the
weighting filter is to produce numerical results that parallel the human
ear’s sensitivity to different frequency components of wow and flutter.
Unweighted measurements simply bypass the weighting filter.

Page 5-14

System Two Cascade User’s Manual for APWIN version 2



Analog Analyzer Panel Chapter 5 Analog Analyzer

Measurement Standards

Four major standards exist for the measurement of wow and flutter:
IEC, DIN, NAB, and JIS. All recommend the measurement of
weighted frequency modulation of a test tone, but differ in specific test
tone frequency, detector type, and/or “ballistics” (the dynamic
response of the detector). The IEC and DIN standards are identical
and recommend a 3.15 kHz test tone with a quasi-peak detection
characteristic. Both NAB and JIS recommend a 3.0 kHz test tone but
differ in detector type: NAB specifies an average response (RMS
calibrated), JIS specifies “effective” response which is similar to NAB
detection but with a much longer integration time constant.

The flat or unweighted bandwidth of the NAB and JIS
recommendations extends from 0.5 Hz to 200 Hz, covering the portion
of the spectrum where frequency modulation is normally caused by
imperfect rotating components such as idlers, wheels, capstans,
pulleys, or motors. IEC/DIN recommends a 0.2 Hz lower cutoff;
however, little energy is normally present below 0.5 Hz. Because the
settling time of a practical 0.2 Hz system cutoff would be 5 to 10
seconds, the low frequency cutoff of the wow and flutter measurement
option is designed to be 0.5 Hz regardless of the standard selection.
Weighted measurements are not compromised because the weighting
filter response includes the effects of the 0.5 Hz low frequency rolloff.

Scrape flutter theory of operation

Frequency modulation in tape recorders can also be caused by
frictional effects of the tape sliding over guides or the tape heads
themselves. This form of imperfection is called “scrape” flutter and is
characterized by FM products extending to 5 kHz, but often peaking
near 3 kHz. Motors with servo speed regulation can also exhibit FM
products substantially above the 200 Hz cutoff of normal unweighted
wow and flutter measurements. Higher frequency FM products are
perceived more as added noise, “grit”, or “harshness” instead of as
frequency modulation.

To measure this form of flutter, it is necessary to use a higher test
tone or “carrier” frequency to permit FM discrimination of products to
5 kHz without aliasing. To achieve this extended performance, the
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wow and flutter analyzer utilizes the HIGH BAND flutter measurement
technique developed by Dale Manquen of Altair Electronics, Inc. The
recommended HIGH BAND test tone frequency of 12.5 kHz yields the
desired measurement bandwidth of 5 kHz on recorders that have
frequency response to 18 kHz. The wow and flutter option also
permits operation at test tone frequencies down to 10 kHz with some
increase in alias errors, for recorders such as consumer VCRs that have
more limited high-frequency response.

Scrape flutter is normally measured with average detection-RMS
calibrated (NAB) characteristics. Measurement bandwidth in HIGH
BAND mode is selectable over four bandwidths: 4 Hz bandpass
(WTD), 0.5-200 Hz, 200 Hz-5 kHz, and 0.5 Hz-5 kHz. For a typical
professional recorder which incorporates a scrape flutter idler, the
below-200 Hz and above-200 Hz contributions will be approximately
equal.

Despite the difference in test tone frequencies, the conventional
and HIGH BAND modes vield near-identical readings if both are
weighted or both are unweighted. The only change with the HIGH
BAND mode is the extended measurement capability. The HIGH
BAND mode can therefore be used for all measurements unless either
a pre-recorded 3 or 3.15 kHz test tape is being used, or if the recorder
has such limited frequency response that only the lower frequency test
tone will pass through the machine.

Spectrum analysis of wow and flutter

With a DSP-based System, FFT spectrum analysis can be
performed directly on the 3 kHz or 3.15 kHz tone, or on the wow and
flutter discriminator output. Select the FFT spectrum analyzer (fft) DSP
program in the Analyzer field at the top of the Digital Analyzer panel.
Select HiRes A/D @OSR as Input and Anlr Rdg Ratio as Source
on the Digital Analyzer panel, to view the discriminator output. Set the
DIO Output Sample Rate (OSR) to its lowest available rate of 8 kHz.
Choose 32,768 as the FFT Length. This provides FFT resolution of
approximately 0.25 Hz for separation of flutter-frequency components.
Note that it takes approximately four seconds to fill the acquisition
buffer with these settings. If the flutter is being caused by defective
rotating components, the circumference and diameter of the faulty
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component may be calculated from the measured flutter frequency and
knowledge of the tape speed. For example, a dominant flutter
frequency of 7.5 Hz at a tape speed of 7.5 inches per second means
that the flutter could be caused by a defective idler or capstan with a
circumference of 1.00 inches (diameter of 0.318 inches). This is a
powerful diagnostic technique for locating defective rotating
components. A sample test as described is furnished as
C:\APWIN\S2Cascade\A-A\X-A FFT of W&F.AT2C

Reading Meter Function 2-Channel Ratio

In the 2-channel ratio function, the reading meter displays the
calculated ratio of the Function Reading meter on the selected channel
signal to the Level meter on the opposite meter. The Function Reading
meter measurement is influenced by the specific selection of detector,
high and low pass filters, and plug-in option filters but the
bandpass-bandreject filter is not used. If the two analyzer channels are
connected to the input and output of the device under test, this
measurement becomes the voltage gain through the device under test.

Reading Meter Function Crosstalk

In the Crosstalk function, the reading meter displays the calculated
ratio of a frequency-selective Function Reading meter measurement on
the selected channel signal to the Level meter on the opposite meter.
The bandpass filter is engaged in the Function Reading meter in
Crosstalk mode, permitting accurate measurements of signals ten to
twenty dB below the wide-band noise level. Automatic steering
selections of the bandpass filter are as described above in the
Bandpass function section. The Function Reading meter measurement
is also influenced by the specific selection of detector, high and low
pass filters, and plug-in option filters.

Reading Meter Ranging Control and Manual
Selection

The Function Reading Meter functional block contains
switchable-gain amplifiers with up to 1024x gain, depending upon
function and signal level.
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b—— & 4 Chamnel B m Figure 5-10 Function Reading Meter
uto Range

[TrD+n revc - IR -] ] Auforanged

For most applications, it is most convenient (and least error-prone)
to allow the Function Reading Meter Autoranging circuitry to select the
proper range. Note that Function Reading Meter Autoranging is
separate and independent from Input Autoranging. For certain
applications where measurements must be made on signals whose
amplitude constantly changes, such as tone burst signals or program
material, it may be necessary to disable autoranging and manually
select a range which will handle the expected peak signal amplitude.
When Function Reading Meter Autoranging is selected (Auto box
above and to the right of the Function Reading Meter display is
checked), the manual range selection field is gray and non-functional.
When the Auto box is un-checked to disable autoranging, the range
field will display the gain of the range which had been automatically
selected. The gain may be expressed in decibels or as a multiplication
factor, selectable via the down arrow at the right of the field. A
different gain range may be manually selected. The ranges are in 4x
(12.04 dB) steps from 1x to 1024x (0.0 dB to 60.21 dB).

[ & A Channel ¢ B ] Figure 5-11 Function Reading Meter

I Auto Renge Range Fixed at User-Entered Gain
[0+ Pt~ R ~| Valle

To select a new manual gain range, enter the value of gain desired
into the range field. A new value may be entered or the present range
setting edited from the keyboard after selecting the gain range field.
APWIN software will choose the next lowest gain range to avoid
overload, and will display the gain range selected when ,@E.ﬂ is
pressed after making or editing an entry.
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Detector Reading Rate Control

DetIAutD _. Figure 5-12 Meter Reading Rate (Integration Time) Control.
i Level, Frequency, Phase Meters are Controlled Simultaneously
by this Field

Auto-Precise

All six Analog Analyzer meters may make readings at the
approximate rates of 4, 8, 16, or 32 readings per second with all
versions of analyzer microprocessor (6811) firmware. With the latest
revisions of microprocessor code, rates of 64 and 128 readings per
second have also been added. Contact Audio Precision or your Audio
Precision International Distributor to learn how to obtain revised
microprocessor code. Slower reading rates provide more integration of
noise and other variations and better resolution, while faster rates
provide shorter test times.

Reading rate is normally managed as a function of signal frequency
by one of the “Auto” selections in the Reading Rate field. These
selections use an APWIN software algorithm to select optimum reading
rates as a function of signal frequency. “Auto-Precise” makes reading
rate selections more conservatively than the normal “Auto” rate
selection, to produce better precision at some cost in sweep speed.
“Auto-Fast” (which requires the revised 6811 microprocessor code)
makes more aggressive reading rate selections in favor of faster
sweeps, at some cost in precision. It may be sometimes desirable to
force a faster reading rate to obtain greater testing speed at some cost
in accuracy, or to force a slower rate to obtain greater resolution at a
cost in speed. Generally speaking the 32/second rate will provide full
specified accuracy for signal frequencies above 150 Hz, with 16/second
valid above 30 Hz, 8/second valid above 20 Hz, and 4/second valid
down to 10 Hz. With complex signals, the frequency to be concerned
with is the smallest spacing between individual frequency components
if that is less than the lowest absolute frequency.
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Detector Control

BIEE B Figure 5-13 Function Reading Meter

“ Det|4uto ; Detector Response Selection List

Five different detector responses are available in the Function
Reading Meter: RMS, Average, Peak, Quasi-Peak (Q-Peak), and Sine
Scaled Peak (S-Peak). The Level Meter is always RMS responding.

High Pass Filter Control

Figure 5-14 Function Reading Meter High Pass Filter
122 H vl
| B : | Selections

The Function Reading Meter includes selectable three-pole (18
dB/octave) high-pass filters at turnover frequencies of 22 Hz, 100 Hz,
and 400 Hz in addition to flat condition. These filters do not affect any
of the other meters.

Low Pass Filter Control

|| gwfezrz  =|[zexHz =] Figure 5-15 Function Reading Meter Low

B Hz Pass Filter Selections

30 kHz :
80 kHz
> 500 kHz

The Function Reading Meter includes selectable three-pole (18
dB/octave) low-pass filters at turnover frequencies of 80 kHz and 30
kHz and a five-pole (30 dB/octave) low-pass at 22 kHz. A flat
condition is also available. These filters do not affect the Level Meters.
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Optional Filter Control

The Function Reading Meter includes seven sockets for optional
plug-in filters. A kit is available to convert one of these sockets to
external BNC connectors for use with an external, user-supplied filter.
These filters do not affect the Level Meters or Frequency Counters.

| Filter |Nane J| Figure 5-16 Function Reading Meter Plug-in
Mane 'a] Option Filter Selection List (Typical, Varies
CCIR 468-3 with Filters Installed)
CCIR-2k
Ataighting

50ps de-emph + 15.6k notct

?555 de—emﬁh + 19k notch

Slot #2
Slot#3 hd

A wide range of weighting, bandwidth-limiting, and bandpass filters
are available from Audio Precision to be plugged into those sockets. A
filter slot (socket) number may be selected in the list displayed when
the down arrow at the right end of the “Filter” control is clicked. If the
Auto Detect feature of the Ultilities Filter menu command is in use and
option filters carrying a 1995 or later copyright date on the circuit
board are plugged in, the filter will be automatically detected and its
name will be displayed. The Utilities Filter command may also be used
to manually specify what filter is plugged into which socket, in case
older (pre-1995 copyright) optional filters (which cannot be
automatically detected) are used. Filters may then be selected by
name instead of slot (socket) number.

If a CCIR weighting filter (FIL-CCR) is used and if it is a 1995 or
later filter, it should be automatically detected and its name installed. If
not, the Utilities Filters (AT ]fu]ff [) menu command should be used to
designate the “CCIR-468 (33)” selection for whichever socket it is
located in. Selecting the “CCIR 468” selection of the Filter control
then enables that socket with the proper gain to produce unity gain at
1 kHz as specified in CCIR recommendation 468. The “CCIR-2k”
selection of the Filter control also enables the same socket, but with
appropriate gain for unity gain at 2 kHz as specified by Dolby for
CCIR-ARM measurements (with Average-responding detector).
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Bandpass-Bandreject Filter Steering Control and
Manual Frequency Entry Field

The Function Reading Meter includes a four-pole bandpass or
bandreject filter tunable from 10 Hz to 204 kHz. The filter is not used
in Amplitude function, 2-Channel functions, and Wow and Flutter
function. In the three IMD functions, the filter is configured to improve
measurement performance and is not independently steerable. In
Bandpass, Bandreject, THD+N, and Crosstalk functions, the filter
frequency may be steered in one of five fashions. The filter center
frequency is normally automatically steered (Counter Tuned) to the
correct frequency for the particular Function Reading Meter
measurement function and signal frequency in use, but in some cases
may need to be Fixed at a specific value, forced to track the analog
generator frequency (AGen Track), forced to track the digital generator
frequency (DGen Track), or forced to track the frequency of the device
selected at Source 1 or Source 2 on the Sweep panel (Sweep Track).
The bandpass filter may also be swept to perform spectrum analysis.

The fixed mode frequency entry field will be gray and
non-functional in all steering modes except Fixed. Fixed mode must
be selected if it is desired to sweep the bandpass filter; the
filter tuning will not show up in the Source Browser selections unless
“Fixed” has been selected on the analyzer panel. In Fixed steering
mode, this field is active and new entries may be made or existing
entries edited from the keyboard, in absolute Hz or a variety of relative
frequency units referred to the Reference Frequency value at the
bottom of the Analog Analyzer panel.

dBr References

The System Two Cascade analyzer Level and Function Reading
Meters have both dBrA and dBrB units available. When dBr units are
selected, APWIN software computes the displayed value by use of the
dBr Reference values. There are two separate dBr Reference fields
labeled dBr A and dBr B and normally used as Channel A and
Channel B references. The present signal amplitude on both channels
will be automatically entered into the corresponding reference fields
when the function key is pressed. Unless the Function Reading
Meter has either the dBrA or dBrB unit selected and one of the Level
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meters does not have either dBr unit selected, the measurement from
the Channel A Level meter will be written into the dBrA Reference field
and the Channel B Level meter reading will be written into the dBrB
Reference field when is pressed. If a dBr unit is selected at the
Function Reading Meter and not at the Level Meter monitoring the
channel corresponding to the unit selected at the Function Reading
Meter, the Function Reading Meter measurement will be written into
the dBr Reference field corresponding to the selected unit when is
pressed. The opposite dBr Reference value will be written with the
measurement from its corresponding Level meter.

A new dBr Reference value may be entered or the present value
edited from the keyboard, followed by pressing the key.

dBm Reference

When dBm units are selected at the Analog Analyzer Level and/or
Function Reading Meters, APWIN software converts the actual

2
measured value in Volts to dBm by use of the p = VE and

dB = 10IogM relationships. The value used for R is the circuit

input
resistance or impedance across which the analyzer input is connected.
This is the net parallel value of the analyzer’s input impedance with the
external circuit impedance. This value must be entered in the dBm
Reference field by the user. A new value may be entered or the
present value edited from the keyboard, followed by pressing the E@
key.

Watts Reference

When Watts units are selected at the Analog Analyzer Level and/or
Function Reading Meters, APWIN software converts the actual

2
measured value in Volts to Watts by use of the P = VE relationship.

The value used for R is the circuit resistance across which the analyzer
input is connected. This is the net parallel value of the analyzer’s input
impedance with the external circuit resistance. This value must be
entered in the Watts Reference field by the user. A new value may be
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entered or the present value edited from the keyboard, followed by
pressing the key.
Frequency Reference

When any relative frequency units (anything other than Hz) are
selected at the Analog Analyzer Frequency Counter, APWIN software
computes the displayed value by use of the Frequency Reference
value. A new Frequency Reference value may be entered or the
present value edited from the keyboard, followed by pressing the ,@Iﬂﬂ
key.

Analog Analyzer Hardware Overview

The analog analyzer consists primarily of two identical input
channels and six meters. Each input channel (A and B) has
independent peak-sensitive autoranging circuitry and independent
control of input impedance. Identical RMS-responding Level meters
(Level A and Level B) continuously measure signal amplitudes on the
two channels. Identical Frequency meters (A and B) continuously
measure signal frequency on each channel. The Phase meter
compares the phase of the two input channels, immediately following
the input ranging circuitry. The Level meters, Frequency meters, and
Phase meter are all single-function meters with relatively little flexibility.
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Chapter 5 Analog Analyzer

INPUT
O—1 SIGNAL >
A | conp. v v
IN LEVEL] [FREQ.
meTeR| [METER
A A
PHASE
METER
LeveL] [FREQ.
meTER| [METER
B B B
N | ineuT
O—] siGNAL : S SN
COND.

CHANNEL

SELECT

MULTI-

PLEXER

o

FILTERS &
IMD/W&F
OPTIONS

RDNG
METER

Figure 5-17 System Two Analog Analyzer, Simplified Block Diagram

A signal multiplexer routes the channel A or B signal to the
Function Reading (Rdng) meter. The Function Reading meter is highly
flexible, with a selection of high-pass, low-pass, and optional filters
selectable, a tunable bandpass/bandreject filter, and additional
autoranging gain stages. The Function Reading meter also has a
selection of detector responses available. Optional intermodulation
distortion (IMD) and wow and flutter (W&F) circuit boards may be
added to the analog analyzer. When present, their measurements may
be selected as alternate functions of the Function Reading meter.

Analog analyzer input configuration

Each analog analyzer input channel functionally consists of a

balanced high-impedance input, selectable termination resistances,

autoranging attenuators and/or gain stages, and

balanced-to-unbalanced conversion circuitry. The signal is first
presented to AC coupling capacitors (if DC coupling is turned off) and
selectable termination impedances. Input termination resistances of
either 600 or 300 Ohms may be independently switched across either
balanced input, or either input may be operated terminated only by
the 100 kilohm input impedance of the first stage. Balanced
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(differential) switched attenuators and amplifiers follow. The
attenuators and amplifiers may be fixed on a specific range but
typically operate under control of peak-sensitive autoranging circuits.

CHAN (8)
MON.
ouT
CHAN. SELECT
MUX
ATTEN GAIN u
PHASE
" METER
>
LEVEL
I METER
I
| I FREQUENCY
METER
INPUT PEAK
AUTORANGING  [€—{ DETEC- Dslozlﬁlﬁ
TOR
CONTROL

Figure 5-18 System TwoAnalog Analyzer, Simplified Diagram of Input Channel.
Channels A & B Are Identical and Independent

The autoranging detectors are peak-sensitive and independent
between channels. Each channel will select the most sensitive range
that will not clip the input signal. The autoranging function (or a fixed
range properly selected by the user) assures that the signal amplitude
from the conditioning section is optimum for accuracy, resolution, and
noise performance of the remainder of the analyzer. Each channel has
a generator monitor facility consisting of an internal cable connecting
directly to pins 2 and 3 of the corresponding analog generator output
connector (A to A, B to B).
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Balanced Inputs

+ 600/3009R +
Termination - E)OpF

100kQ

; —
XLR
BAL $ S———
I
200pF

100kQ

Figure 5-19 System Two Analyzer Equivalent Input Circuit, Balanced XLR

Balanced input is selected by XLLR-Bal on the Analog Analyzer
panel. Channels A and B are identical as shown. External signals
may be furnished to XLR connectors or banana jacks. The XLR
connectors and banana jacks on each channel are hard-wired in
parallel. The plus banana jack connects to pin 2 of the XLR and the
minus jack to pin 3. If a 600 or 300 Ohm terminating resistance is
selected at the XLR connector and banana jacks, it continues to load
any cable connected to the XLR or banana jacks even if the BNC
connector is selected.

Unbalanced Inputs

%‘ [200pF
BNC p

~ 500Q
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Figure 5-20 System Two Analyzer Equivalent Input Circuit, Unbalanced BNC
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The BNC connectors are always unbalanced (BNC-Unbal Source
selection). The shells of the BNC connectors are insulated at the front
panel but connect through a 500 Ohm PTC (positive temperature
coefficient) resistor to chassis ground. The BNC connector input
impedance is always 100 kilohms.

Level Meter Hardware

The Level A and Level B meters are single-function, precise true
RMS amplitude-measuring instruments. Unlike the Function Reading
meter, the Level meters have no selectable filters. The Level meters
have a smaller dynamic range than the Function Reading meter, with
full specified accuracy and resolution extending down only to five
millivolts. The Level meters are useful far below five millivolts, but with
deteriorating accuracy and resolution. Bandwidth and frequency
response flatness of the Level meters are somewhat superior to those
of the Function Reading meter.

Phase Meter Hardware

The Phase meter is connected across the two input channels of the
analog analyzer, immediately following the input autoranging circuitry.
The phase meter functions by measuring both the period of the
reference channel and the time delay between the signal zero crossing
on the selected channel versus the reference channel. Time delay to
both positive-going and negative-going zero crossings are measured
and averaged to avoid errors when measuring non-time-symmetric
signals.

Full specified accuracy for the phase meter requires the signal
amplitude on both channels to be above five millivolts.

Frequency Meter Hardware

The System Two Cascade Frequency meters or counters are a
reciprocating, period-averaging design for maximum accuracy and
resolution in a minimum measurement interval at audio frequencies. A
period-measuring counter uses the input signal to control a gate into
counter registers, with the counter clock (time base) signal flowing
through the gate into the registers to be counted when the gate is
open. Since quartz crystal clock frequencies are much higher than any
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audio frequency, a period-measuring architecture always provides
better resolution in any given measurement interval than a traditional
frequency counter architecture. The final count in the registers
represents time per cycle rather than cycles per time, however, so the
reciprocal (F = 1/T) must be computed in order to display the signal
frequency rather than its period. A period-averaging counter adds the
feature of automatically maximizing resolution for any permissible
measurement interval. The first zero crossing of the signal opens the
gate and clock pulses begin to be accumulated in the registers. The
gate remains open if the permissible measurement time has not been
exceeded at the next zero crossing of the signal. A second counter
keeps track of the number of signal cycles during which clock pulses
are being accumulated. When the permissible measurement interval is
finally reached, the gate is then closed at the next signal zero crossing.
The number of pulses in the counter register is then divided by the
number of signal cycles for which the gate was open and the reciprocal
is calculated.

The minimum signal amplitude for fully-specified operation is five
millivolts.

Function Reading Meter Hardware Overview

FROM TO RDNG
CHANNEL METER
SELECT DETECTORS
MUX
INTERMOD lv\o_ BANDPASS/ HPILP/
O-| DISTORTION [© BANDREJECT[—] OPTION
ANALYZER FILTER FILTERS
WOW & FLUTTER W&F TO RDNG
ANALOG —»  METER
PROCESSING DETECTOR V/IF CONV. >
> TO DSP g
AID CONV. 2
Figure 5-21 System Two Analog Analzyer, Simplified Block Diagram of Function g
1
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The Function Reading meter is the flexible meter in the analog
analyzer. In its basic (no options) configuration, it consists of a tunable
bandpass/bandreject (BP/BR) filter followed by three selectable fixed
low-pass filters, seven sockets for plug-in option filters (or, via adapter
kit, six plus an external filter), and three selectable fixed high-pass
filters. The filter section output feeds the inputs of the reading meter
detectors and the ANALYZER SIGNAL MONITORS READING BNC
connector. When the intermodulation distortion (IMD) option is
present and an IMD function is selected, the signal is processed
through the IMD circuit board before being presented to the BP/BR
section input. When the wow and flutter (W&F) option is present, the
signal is processed by the W&F circuitry including an extended
low-frequency detector on the W&F board, then presented directly to
the voltage-to-frequency converter of the Function Reading meter.

Analog Bandpass/Bandreject Filter Hardware

FROM
BANDPASS/
BANDREJECT
FILTER
LOW OPTION HIGH
PASS |— FILTERS [ PASS
FILTERS FILTERS _I
1
AUTORANGE<_ PEAK
CONTROL DET.
TO RDNG
METER
DETECTORS

Figure 5-22 System Two Analog Analyzer, Simplified Block Diagram of Fixed Filter

The Function Reading meter filter section consists of a tunable
bandpass/bandreject filter, an autoranging gain stage, and a selection
of three each fixed built-in high-pass and low-pass filters plus sockets
for optional plug-in filters and provisions for connections to an
external, user-furnished filter. The four pole bandreject filter has
excellent ability to attenuate a band of frequencies, including close-in
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sidebands as are caused by flutter, while still attenuating the second
harmonic by very small amounts. Maximum performance is obtained
in THD+N function rather than Bandreject function of the Function
Reading meter, since this engages a servo system that continuously
re-tunes the filter for maximum rejection. In Bandreject function, both
sections of the filter are nominally tuned to the same frequency but
typically attenuate the signal less than in THD+N function due to filter
component tolerances. Signal to the fixed filter section passes through
the bandpass-bandreject (BP/BR) filter block, whether or not the
BP/BR filter is actually selected at the time.

Signal amplitude from the BP/BR filter block is adjusted by a
switchable gain amplifier before being applied to the fixed filters. The
gain of this amplifier is normally controlled by a peak-sensitive
autoranging circuit which operates to assure that the signal amplitude
is as high as possible for best signal-to-noise ratio while still not
overloading the filters and detectors. The autoranging function may be
disabled and a fixed gain range selected by the user. The gain range
selected when autoranging is determined by signal amplitude before
filtering. A high-amplitude signal component at an extreme frequency
can cause a low gain range to be selected even though that signal
component is then filtered off by one of the following filters. Only one
of the high-pass, one of the low-pass, and one of the option filter
sockets (or external) may be selected at the same time. The output of
the filter section connects to the detector section of the Function
Reading meter.
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Function Reading Meter Detector Hardware

—V\VV—2) READING MONITOR OUTPUT

RMS
| DETECTOR
FROM
RDNG,| | AVERAGE [—o \é%'ég‘f:,;{:%_ READING
METER”|"| DETECTOR CONVERTER | | METER
FILTERS
| | PEAK-QPK
DETECTOR FROM
W&F
DETECTOR

Figure 5-23 System Two Analog Analyzer, Simplified Diagram of Detector Section

The signal output from the reading meter filter section is presented
to the inputs of three detectors—true root-mean-square (RMS),
average-reading RMS-calibrated (AVG), and the peak/quasi-peak
detector (PK /QPK). Each detector produces a DC output amplitude
proportional to that parameter of the input AC signal. The DC signal
from the selected detector is connected to a voltage-to-frequency (V/F)
converter, whose output is a pulse train at a rate proportional to the
DC input voltage. The pulse train from the V/F converter feeds a
counter. There are three selections of gate time into the counter,
nominally 1/32, 1/16, or 1/8 second. At any given pulse rate
(corresponding to a DC voltage from the detector), doubling the gate
time doubles the number of pulses accumulated into the counter and
therefore doubles the resolution of the reading. The value sent from
the counter to computer for display or graphing is corrected for the
gate time used. Thus, the final value is accurate regardless of gate
time, but the resolution of the reading and integration of short-term
variations in the signal increase with longer gate times.

Since the W&F option requires response below 1 Hz, a separate
detector is incorporated into the W&F circuit board. The output of this
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WE&F detector connects to the V/F (voltage to frequency) converter
input for W&F function.

The input signal to the three detectors is the final AC signal in the
Function Reading meter. For analog analyzer measurements, this
comes from the output of the Function Reading Meter Filters section. It
is also fed to the BNC connector labeled ANALYZER SIGNAL
MONITORS, READING for oscilloscope monitoring. If DSP modules
are present, this same signal is the circuit point available as input to the
A/D converters of the DSP module. In W&F function, the READING
connector and Function Reading meter selection to the DSP A/D
converters are fed from the same signal which drives the W&F detector.

Autorange vs. Fixed Range Concepts

A competent audio analyzer must measure signals across a wide
dynamic range. Modern high-powered audio amplifiers produce
output voltages on the order of 100 Volts, while output Levels from
microphones during acoustic measurements may be hundreds of
microvolts or less. No precision Level detector can function accurately
across such a high dynamic range. Therefore, an analyzer must
contain circuitry to attenuate high Level signals or amplify low Level
signals to bring them to the optimum Level for precision detection and
indication.

Older audio analyzers and lower-cost instruments use manual
range switching. The operator is responsible for selecting an input
range that brings the signal into the proper range. Such instruments
normally used analog meters, with the proper range selection indicated
by the meter pointer being above 1/3 full scale but not beyond full
scale. Sophisticated modern analyzers normally manage range
selection automatically for maximum accuracy and resolution without
operator intervention.

System Two Cascade analyzers have automatic range selection
near the inputs and again in the “Function Reading” meter circuitry.
Since there are two input channels, the input range selection is
duplicated in both channels. See the Analyzer input signal conditioning
topic for a block diagram of the analyzer including input ranging; see
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the Function Reading meter filters topic for a diagram of the Function
Reading meter, showing the location of the ranging circuitry there.

In all three locations, the autoranging function is controlled by
peak-sensitive detectors so that high crest factor signals will cause the
proper range to be chosen. Instruments with RMS or average
responding detectors controlling autoranging will select an
excessively-sensitive range with high crest factor signals, causing
clipping within the instrument with resulting errors.

For certain applications, it is desirable or necessary to fix ranges.
Low duty cycle signals, such as a tone burst repeated at the rate of a
few bursts per second, will not be reliably measured by autoranging
circuits and require the operator to set a fixed range based on a steady
sinewave of the same amplitude. Program material such as music and
voice cannot be successfully handled by autoranging, so the user must
make an independent determination of the expected peak amplitudes
and select a fixed range that will handle them. Random noise and
certain other signals may have extremely high crest factors which
exceed the maximum crest factor rating of the detectors in the
autorange circuits, so it may be prudent to fix the analyzer range on
the next less-sensitive range above the one chosen automatically. Note
that for measurements with the Level meter, Phase meter, Frequency
counter, or DSP-based measurements where the signal is obtained
immediately following the input ranging circuits, only those input
ranges must be fixed. For all measurements made by the Function
Reading meter, it may also be necessary to fix the range in the
Function Reading meter circuitry.

When a fixed range is selected, it represents an engineering
compromise between two problems. If too sensitive a range is chosen,
signal peaks may exceed the linear signal-handling capability of the
analyzer and clipping with measurement errors will result. If the fixed
range is selected too conservatively and the signal varies downwards,
increasing measurement errors will result due to the limited dynamic
range of the precision detectors in the Level and Function Reading
meters. The full dynamic range of these detectors is on the order of 50
dB, with signals more than 50 dB below full scale not being measured
at all. The full specified accuracy of the detectors is met over a much
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narrower dynamic range, with increasing errors resulting from signal
Levels more than about 12 dB below full scale.
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DSP Overview

System Two Cascade + DSP versions (SYS-2422) include:

(o))
-3
()]
T
5.
(o g
1
o

m a main DSP module with multiple processors for analysis and
generation of signals

m dual A/D converters to convert analog signals into the digital
domain for DSP-implemented analysis

m dual D/A converters that permit DSP-generated signals to be
furnished via the analog generator output stage to drive analog
devices under test.

m a flexible digital analyzer function, controlled from the Digital
Analyzer panel and defined by DSP programs which are
automatically downloaded to the DSP module when the analysis
program is selected at the top of the Digital Analyzer panel. The
useful analysis functions for analog signals include:

m a DSP-implemented audio analyzer that measures level,
frequency, noise, phase, IMD, THD+N, crosstalk, gain, loss,
etc, on both channels simultaneously. While slightly limited
in performance and bandwidth relative to the hardware
Analog Analyzer, this DSP-implemented program features a
number of standard weighting filters, a more-selective
tunable bandpass filter, a Fast RMS detector for very rapid
sweeps and the ability to simultaneously measure THD+N
or IMD on both channels. This analyzer is described in the
DSP Audio Analyzer chapter.

m a DSP-implemented harmonic distortion analyzer that
measures individual harmonics or THD (total harmonic
distortion) without noise. See the Harmonic Distortion
Analyzer chapter for full details.
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Chapter 6 DSP Overview

m three FFT-based digital analysis DSP programs. These programs
are described in the Spectrum Analyzer, Multitone Analyzer, and
Quasi-Anechoic Acoustical Tester chapters.

In addition, System Two Cascade Dual Domain versions
(8YS-2522) include:
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m a digital input/output (DIO) module with parallel,
general-purpose serial, both single and dual connector AES/EBU
and Consumer (SPDIF/EIAJ) ports at balanced XLR and
unbalanced BNC connectors, and optical connectors. Via the
external SIA-2322 Serial Interface Adaptor (optional accessory),
the parallel i/o can be converted to a wide variety of serial
formats for connection to digital devices at the component and
circuit board level.

m digital input selections on the DSP Audio Analyzer and the
FFT-based Digital Analyzer programs to permit direct digital
domain analysis of incoming digital signals.

m a digital generator that can send a wide variety of waveforms to
any of the digital outputs, described in the Digital Generator
chapter.

m a digital data analyzer, BITTEST, than can measure bit errors in
the digital audio data when using certain compatible signals.
See the BITTEST chapter.

m a large selection of measurement capabilities for the
AES/EBU/SPDIF/EIAJ serial digital interface signal (pulse train)
itself. Some of these measurements are controlled and displayed
on the DIO (Digital Input/Output) panel and others are
controlled via the INTERVU Digital Analyzer program and
displayed as APWIN graphs. These capabilities are primarily
described in the Serial Digital Interface chapter.

m a wide variety of simulated impairments which may be added to
the AES/EBU/SPDIF/EIAJ serial digital output signal. These
impairments are all controlled from the DIO panel and are
described in the Serial Digital Interface chapter.
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A/D and D/A Converters Chapter 6 DSP Overview

m the ability to synchronize the digital output sample rate to
AES/EBU/SPDIF/EIAJ, video, or sinewave/squarewave reference
signals, as controlled from the Sync/Ref panel and described
primarily in the Sync/Ref chapter.

m display capability for the received status bytes of
AES/EBU/SPDIF/EIAJ input signals, independently for the two
channels (subframes), in both the high-level English terminology
of the standards and as hexadecimal values, and displayed on
the Status Bits panel. This capability is described in the Status
Bits section (Serial Interface chapter) starting on page 10-50.
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m transmission capability for status bytes of those same standards,
independently for the two channels, in both high-level English
and hexadecimal, controlled from the Status Bits panel and
described in the Serial Interface chapter.

A/D and D/A Converters

All System Two Cascade units except the digital domain-only
SYS-2500 include two pairs of A/D converters. Dual 24-bit A/D
converters (“HiRes A/D”) provide superior dynamic range at sample
rates up to 65 kHz (signal bandwidth about 30 kHz). The HiRes A/Ds
may also operate at the OSR (digital Output Sample Rate) set in the
Rate field in the Output section of the DIO (Digital Input/Output)
panel. Dual 16-bit A/D converters (“HiBW A/D") operate at faster
sample rates to permit analog signals up to about 120 kHz to be
measured. These HiBW A/Ds operate at 131.072 kHz, 262.144 kHz,
or at twice the OSR. Analog signals to be analyzed are first connected
to System Two Cascade’s front panel balanced inputs and
gain/attenuator stages before connection to these A/D converters, for
convenient operation across a wide dynamic range. The analog
analyzer Function Reading meter signal (following all analog hardware
processing such as the bandreject filter, wow and flutter discriminator,
or IMD detection and filtering) or the recovered jitter signal may also
be fed to the A/D converters in some analysis programs.

All DSP versions include dual 24-bit D/A converters to provide
analog domain output from DSP-generated signals. These D/A output
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Chapter 6 DSP Overview AES/EBU & Consumer interfaces

signals are routed through the analog generator amplitude control
circuitry, power amplifiers, and output transformers when any of the
waveforms containing “(D/A)” are selected on the Analog Generator
panel. Generally, the DSP-implemented signals will have slightly
higher noise and distortion than analog hardware generated
waveforms, but frequency resolution and stability will be superior and
the ability to generate complex signals is much broader via the DSP
and D/A converters.

AES/EBU & Consumer interfaces

The most popular format for digital audio is commonly called the
AES/EBU format and is defined in the AES3 standard published by the
Audio Engineering Society. Consumer digital audio equipment
commonly is encoded according to standards often called SPDIF (for
Sony-Philips Digital Interface) or simply the “Consumer” standard.
Defining documents include IEC958 and a document from the EIAJ.
The principal differences between the Professional AES/EBU standard
and the Consumer standard are in the definitions of the Channel
Status Bytes and in the fact that the Consumer standard is often
implemented as an unbalanced (coaxial) signal of about one Volt
amplitude, where the AES/EBU format is typically a balanced signal on
XLR connectors, with about five Volts pk-pk amplitude.

Sample rates of 96 kHz and 88.2 kHz may be implemented as
stereo signals on a single connector running at twice normal sample
and frame rates. For compatibility with older equipment whose
AES/EBU receivers are limited to 48 kHz frame rates, these higher
sample rates may also be implemented at the traditional 48 kHz and
441 kHz frame rates. This is accomplished by the two sub-frames
within each frame carrying successive samples of the same signal, thus
providing a sub-frame (sample) rate double the frame rate. Each cable
thus carries a monaural signal. Dual connectors are therefore required
for stereo signals. System Two Cascade supports both single and dual

connector operation at rates to 96 kHz, and dual connector operation
only at rates to 176.4 and 192 kHz.

Page 6-4
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Digital Domain Testing

System Two Cascade performs testing of digital and mixed domain
devices without passing signals through A/D or D/A converters. This
chapter gives an overview of features related to digital device testing.
It describes Digital Input/Output panel features typically involved in
testing A/D, D/A, and digital-to-digital devices.
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The System Two Cascade Digital Generator generates a wide
variety of waveforms directly in the digital domain, to 24-bit
performance levels. It is thus suitable for driving digital device inputs
and D/A converters up to 24 bits of resolution. The Digital Generator
is described in the Digital Generator chapter (10-1).

uliewo

Direct digital domain analysis of digital signals is performed by one
of several DSP-implemented analyzer programs as summarized later in
this chapter and described in detail in individual chapters.

Testing of the serial digital interface signal (pulse train), as opposed
to the imbedded audio signal, is described in the Digital Interface
Testing chapter (8-3).

Digital Formats

A variety of digital audio formats are in use in various applications
and devices. System Two Cascade Dual Domain offers parallel,
general-purpose serial, and the AES/EBU and Consumer (EIAJ/SPDIF)
formats at balanced (XLR), unbalanced (BNC), and optical (Toslink)
connectors. Sample rates of 96 kHz and 88.2 kHz may be
implemented as stereo signals on a single connector running at twice
normal sample and frame rates. For compatibility with older
equipment whose AES/EBU receivers are limited to 48 kHz frame
rates, these higher sample rates may also be implemented at the
traditional 48 kHz and 44.1 kHz frame rates. This is accomplished by
the two sub-frames within each frame carrying successive samples of
the same signal, thus providing a sub-frame (sample) rate double the
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Chapter 7 Digital Domain Testing

Digital I/0 Panel in Digital Domain Testing

frame rate. Each cable then carries a monaural signal. Dual
connectors are therefore required for stereo signals. System Two
Cascade supports both single and dual connector operation at rates to
96 kHz, and dual connector operation only at rates to 176.4 and 192
kHz.

Audio Precision also offers a flexible Serial Interface Adapter
(SIA-2322) which converts System Two Cascade’s parallel inputs and
outputs to a wide variety of proprietary serial formats including Philips

IS,

The parallel ports are described in the Parallel/Serial interface
chapter, beginning on page 9-1.

Digital 1/0 Panel in Digital Domain Testing

Some of the controls and indicators on the Digital Input-Output
(DIO) panel relate to both the digital interface pulse train and to its
imbedded digital audio signal. Examples are input connector
selection. Others are involved only with testing of the Serial Digital
Interface pulse train and are described in the Serial Digital Interface
Testing chapter that follows. Still others are directly involved in testing
the imbedded digital audio signal. The DIO panel fields related to
imbedded digital audio testing are described in the following sections.
Figure 7-1 Input Controls on Large
ot [ o) = [soms =] Version of Digital Input-Output Panel

Sample Fate- ISP |skBIINEIRER ~ & Connector|
~
Voltage: SIS . Connector |l
Resalution Ehts PR 6139 usec [
DeEmphasis: | Off -
Scale Freg. by: IMeasured Rate LI Rate Raf |4B.UEIEIEI kHz |

Digital Domain Input Signal Selection and
Measurement

Digital Input Connector and Format Selection

System Two Cascade can measure digital input signals from any of
several sources including front-panel XLR, BNC, and optical
connectors, rear-panel general purpose serial and parallel connectors,

Page 7-2
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Digital I/0 Panel in Digital Domain Testing Chapter 7 Digital Domain Testing

and a monitoring path from the internal digital generator. Hardware
equalization of the input path may be selected (XLR or BNC
connectors only) to compensate for the high-frequency roll-off typical
of a long digital interface cable. Selection among these various sources
is made in the Input Format field of the DIO (Digital Input Output)

panel.
Label Meaning
e XLR (bal) Front panel XLR digital input connector, balanced J
BNC (unbal) Front panel BNC digital input connector, unbalanced Q
XLR Q
Optical Front panel Toslink optical input connector o
& en Mon igital generator or output connector
Gen M Digital generator XLR or BNC output connect g
BNC Front panel XLR with equalization for 1000 meter Q
XLR w/Eq
= cable roll-off =]
Optical BNC w/E Front panel BNC with equalization for 1000 meter
d cable roll-off
XLR Common Center tap of digital input transformer vs. ground
Serial Rear-panel general-purpose serial input connector
Parallel Rear-panel parallel input connector

Pair of front panel XLR input connectors with each
connector carrying a monaural signal whose
sub-frame rate is double the frame rate. Left channel
is on Connector | and right channel on Connector Il

Dual XLR (bal)

Pair of front panel BNC input connectors with each
connector carrying a monaural signal whose
sub-frame rate is double the frame rate. Left channel
is on Connector | and right channel on Connector Il

Dual BNC (unbal)

Same as dual XLR but with equalization for long

Dual XLR w/Eq s

Same as dual BNC but with equalization for long

Dual BNC w/Eq cables

Note that the digital Gen Mon connection is electrically made to the
center conductor of the BNC connector or across pins 2 and 3 or the
XLR connector, whichever is selected as the digital output connector
on the DIO panel. This point is therefore subject to loading by the
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Chapter 7 Digital Domain Testing

Digital I/0 Panel in Digital Domain Testing

input impedance of the device under test. This permits estimates to be
made of device digital input impedance by computations from the
difference in voltage from an unterminated output connector to the
device-terminated condition, using the digital generator output
impedance (75 Ohms BNC, 110 Ohms XLR) in the computation. If
the front panel XLR or BNC digital output connector is not connected
to a load, DIO panel Voltage measurements via the Gen Mon path will
give readings approximately double the value set in the Output section
since the generator amplitude calibration assumes a matched load.

Input Resolution (Word Width)

The digital input signal can be truncated at the LSB (least
significant bit) of any desired word width (resolution) from 8 to 24 bits
before being fed to Digital Analyzer programs for analysis of the
imbedded audio. The Active Bits/Data Bits displays on the DIO panel
monitor the digital input signal before truncation by the Input
Resolution field, so they will indicate the full word width of the external
input signal. The value of quantization noise and distortion of the
imbedded audio of digital input signals measured by the DSP Audio
Analyzer, Spectrum Analyzer, Multitone Audio Analyzer, or
Quasi-Anechoic Audio Analyzer programs will be affected by the Input
Resolution setting. If the AES/EBU signal being measured uses the Aux
bits for another signal, the Input Resolution field must be set to 20 bits
(or less) to strip off these Aux bits.

A new input resolution value may be entered or the existing value
edited from the keyboard. The Input Resolution may be swept as part
of a test by selecting Dio as the instrument and Input Resolution at
Source 1 or Source 2 on the Sweep panel.

Deemphasis

A digital audio signal to be measured may have preemphasis
applied. The complementary deemphasis function may be selected in
the System Two Cascade digital input to produce overall flat audio
frequency response. CD type (50/15 us) or CCITT J17 deemphasis
may be selected as desired. Either deemphasis characteristic may be
selected with zero dB insertion loss at low frequencies (0 dB selections
in each case) or with a gain factor (+10 dB for 50/15us, +20 dB for

Page 7-4
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Digital I/0 Panel in Digital Domain Testing Chapter 7 Digital Domain Testing

J17) to compensate for the matching headroom allowances of the
System Two Cascade digital generator preemphasis capability. Note
that deemphasis, if selected, follows the circuit point where the Peak
Monitors are connected. The Peak Monitor display of digital audio
signal peak levels is thus unaffected by selection of deemphasis with or
without gain.

Scale Frequency By

The frequency of imbedded digital audio signals must be
normalized by a digital sample rate before display, either as a numeric
frequency counter display (digital analyzer DSP program) or as a
frequency component on an FFT display. Depending on the
application, there are several sources of the digital sample rate which
may be appropriate to use in the normalization. The “Scale Frequency
By” control permits selection of Output Rate, Measured Rate, Status
Bits A, or DIO Rate Ref as the sample rate source. Output Rate is the
digital generator output sample rate (OSR) set by the Rate field near
the top of the Output section of the DIO panel. Measured Rate is the
value displayed in the Sample Rate-ISR (input sample rate) field near
the top of the Input section of the DIO panel. Status Bits A is the value
of sample frequency encoded into the received channel A status bits.
DIO Rate Retf is the value entered in Rate Ref field just to the right of
the Scale Frequency By field.
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Generally, Measured Rate will be used as the scaling source so that
imbedded audio signal frequency measurements automatically follow
any changes in sample rate from the source. The Output Rate
selection can be used to measure the frequency-shifting effects
(“Vari-Speed”) of digital processors and sample rate converters. The
Status Bits selection refers frequency measurements to the nominal,
standard sample rate (if encoded by the sending device) and will be
independent of any moment-to-moment noise and variations in the
actual received sample rate. The DIO Rate Ref selection may be used
if the measured sample rate is unstable due to high jitter levels or
noise.
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Chapter 7 Digital Domain Testing Digital I/0 Panel in Digital Domain Testing

Rate Ref

The Rate Ref entry field has two uses, one interface-related and
one digital audio-related. For digital audio measurements, this field
serves as an absolutely stable value for the nominal input sample rate
when DIO Rate Ref is selected in the Scale Freq By field, as described
just above. For serial digital interface parameter measurements, the
Rate Ref value is the reference for all relative frequency units selectable
in the Sample Rate-ISR display field. Thus, if it is desired to display
measured sample rate in terms of PPM deviation from the nominal
rate, enter the nominal rate into the Rate Ref field and select PPM units
for the Sample Rate-ISR display.

Peak Monitors
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The Channel A and Channel B imbedded audio signal peak level
may be monitored by the two numeric display fields in the centert of
the DIO panel. Units may be selected from the usual digital domain
unit choices by clicking on the down arrow at the right of either display
field and selecting the desired choice. Note that these meters measure
the input signal level before application of the selectable deemphasis or
deemphasis-with-gain features.

The “Mode” control field to the right of the numeric display fields
permits selection among Pos. Peak, Neg. Peak, Abs. Peak, and 1/2
Pk-Pk responses.

The Pos. Peak selection causes the Peak Monitors to display the
most positive value during each measurement interval, which is
approximately 1/4 second.

Channel & Channel B: todea: Figure 7-2 DIO Panel
891.3 mFFS EJM-1.000 dBFS K4 172 Pk-Pk "l Peak Monitors and

24 20 16 12 8 Fos. Feak

A:I A e e e A e e A e A A e A e e

Mode Selection

i O o L

Errar Flann

The Neg. Peak selection causes the monitors to display the most
negative value during each measurement interval.
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The Abs Peak selection causes display of the absolute value of the
largest positive-going or negative-going value during each
measurement interval.

The 1/2 Pk-Pk selection causes display of the value which is
one-half the peak-to-peak range measured during the measurement
interval.

Active Bits Displays

The 24 simulated LED indicators for the received Channel A and
Channel B signals indicate bit activity or logic level of the imbedded
audio signal. If the Active Bits mode is selected by the “radio buttons”
beside these displays, each “LED” will light if the corresponding bit is
changing between logical one and zero. Thus, the Active Bits mode
indicates that normal data is being transmitted and any indicator that is
unlighted indicates either a “stuck bit” or that no signal is being
transmitted in that bit. If the Data Bits mode is selected, each “LED”
will light if the corresponding bit is a logical one and will not light if the
bit is at logical zero. If a stuck bit is indicated in the Active Bits mode,
the Data Bits mode can be used to determine whether the bit is stuck
high or low.
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The left-most indicators (bit 24) correspond to the Most Significant
Bit (MSB) of the digital input signal. The professional and consumer
standards allow for up to 24-bit wide signals. When less than 24 bits
are transmitted, the standards call for the digital audio data to be
MSB-justified. Thus, a 20-bit input signal (for example) will light the
20 indicators from 24 through 5, but indicators 4 through 1 will not
light since they do not contain changing data.

24 20 16 12 il 4 g
A DD OO | Active Bits

B oommmomaooOo OO | Dats Bits

Figure 7-3 Active Bits/Data Bits Indicators. 16-Bit Imbedded Audio Signal Shown.
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Imbedded Audio Output Features, DIO Panel

Digital Output Format

System Two Cascade can generate digital domain signals at any of
several outputs including front-panel XLR, BNC, and optical
connectors, and rear-panel general purpose serial and parallel
connectors. Selection among these various outputs is made in the

Output Format field.
Figure 7-4 Qutput Control Section, Digital
Output Input-Output Panel
Format: |

Sample Rate-0SR I‘*‘B-DDDD kHz vl

“aoltage: 5000 Ypp

Fesolution:
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The available output formats, and their descriptions, are:

Label Meaning

XLR (bal) Front panel XLR digital output connector, balanced
BNC (unbal) Front panel BNC digital output connector, unbalanced
Optical Front panel Toslink optical output connector

Serial Rear-panel general-purpose serial output connector
Parallel Rear-panel parallel output connector

Pair of front panel XLR output connectors with each
connector carrying a monaural signal whose
sub-frame rate is double the frame rate. Left channel
is on Connector | and right channel on Connector ||

Dual XLR (bal)

Pair of front panel BNC output connectors with each
connector carrying a monaural signal whose
sub-frame rate is double the frame rate. Left channel
is on Connector | and right channel on Connector ||

Dual BNC (unbal)
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output Resolution (Word Width)

The width or resolution of the digital output may be set to any
value from 8 to 24 bits. Internally, the digital signal is always
generated at 24 bits. When any smaller value is selected in the
Resolution field, the 24-bit word is rounded (not truncated) to the
specified value, lower bits are set to zero, and dither (if enabled) is
added at the proper amplitude relative to the least significant bit. The
output resolution is independent from the input resolution. The output
resolution may be swept as part of a test by selecting Dio as the
instrument and Output Resolution at Source 1 or Source 2 on the
Sweep panel.
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Preemphasis

uliewo

The digital audio content of the output signal may be
preemphasized according to one of two different functions or
transmitted without preemphasis. Note that only 50/15 microsecond
(CD) preemphasis or no preemphasis are defined conditions under the
consumer standard, while the AES/EBU standard additionally defines
CCITT J17 preemphasis.

Either preemphasis function may be selected at normal gain or with
a headroom allowance. When program material is put through a
preemphasis function, the natural high-frequency roll-off of most music
and voice signals plus typical practices of headroom allowance for
peaks are sufficient to assure that high-frequency signals will not clip
(exceed digital full scale). However, full-scale test signals such as
sinewave sweeps or multitone signals with equal amplitude at all
frequencies will clip at high frequencies. To prevent this clipping due to
the high-frequency boost of preemphasis, additional selections are
available which attenuate the signal level sufficiently to provide
headroom at the highest frequencies. These headroom allowances are
selected by the 50/15 us -10 dB and J17 -20 dB choices. Each will
attenuate across the spectrum by the specified amount, which is slightly
greater than the boost at 1/2 the sample rate for the chosen
preemphasis characteristic. If desired, a matching deemphasis and
gain selection is available in the Deemphasis field of the Input section
of the DIO panel to provide an overall unity gain and flat response.
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Digital Analyzer Panel

System Two Cascade has a dedicated digital analyzer. Several
types of analyzers usable with digital domain input signals are
furnished with System Two Cascade. Selection among these programs
is made in the Analyzer field at the top of the Digital Analyzer panel.
The remainder of the Digital Analyzer panel will be blank until a
program is selected. The remainder of the panel fields are created
when the specific DSP analyzer function is selected. These analyzer
functions are separate and independent from the digital generator,
status byte transmission and display, and digital interface stimulus
capabililty of System Two Cascade.

To bring the Digital Analyzer panel to the screen:
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Mouse: click on the Digital Analyzer icon @I on the Panels
Toolbar, or select Panels Digital Analyzer via the menu bar

or

from the keyboard, press P1J2]] (for Panels digital analyZer)

or

Press [Cmujfv].

The DSP analysis programs useful for digital domain imbedded
audio signals are:

m DSP audio analyzer (ANALYZER). Measures (on both
stereo channels simultaneously) frequency, amplitude , the ratio
of amplitudes on the two stereo channels, phase, selective
amplitude, crosstalk between channels, THD +N with either ratio
units (% and dB) or absolute units, SMPTE/DIN IMD, and noise
weighted or unweighted. This program is described in the DSP
Audio Analyzer chapter.

m Spectrum Analyzer (FFT): Provides general-purpose time
domain (oscilloscope) display of waveforms or frequency
domain (spectrum analyzer) display of signals. Features include
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pre-trigger, a variety of selectable transform lengths, the ability to
position the start of the transformed section anywhere in the
acquired record, synchronous and spectrum averaging, eight
windowing functions, and several types of waveform processing
for display. This analyzer is described in the Spectrum Analyzer
chapter.

m Multitone Audio Analyzer (FASTTEST): With multitone test
signals, performs post-FFT processing to measure frequency
response, total distortion and noise, noise in the presence of test
signal, crosstalk, phase, and generates psychoacoustic masking
curves. Trigger modes include external and free-running, or it
can be made to trigger only upon receipt of the specific
multitone signal stored in the digital generator as a reference.
Variable trigger delay may be set to allow audio processors to
settle. Frequency error correction compensates for multitone
signals coming from other Audio Precision test instruments,
played back from digital reproducers with different clock rates, or
recorded and reproduced from analog recorders with speed
errors up to +3%. Multitone Audio Analyzer tests low-bit-rate
perceptual coders with multitone signals by summing
quantization noise and distortion in critical bands and
comparing to an imbedded psychoacoustic model of the
frequency masking effect in humans. The Multitone Audio
Analyzer is described in a chapter of that name.
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m Quasi-Anechoic Acoustical Tester (MLS): while normally
thought of as an acoustical tester, this program also provides the
ability to measure time delay and phase shift through A/D and
D/A converters and digital-digital devices in addition to
frequency response. It is discussed in the Quasi-Anechoic Tester
chapter.

m Digital Data Analyzer (BITTEST): in conjunction with
certain specific signals created by the digital generator, this
program measures the returned digital audio signals for bit

errors. This analyzer is described in the Digital Data Analyzer
(BITTEST) chapter.
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m Harmonic Distortion Analyzer (HARMONIC): this
program makes real-time measurements of user-specified
harmonic distortion products from the 2nd through 15th
harmonic, including arbitrary combinations of harmonics. It can
thus measure individual harmonics or Total Harmonic Distortion
(THD) without noise. This analyzer is described in the
Harmonic Distortion Analyzer chapter.
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Serial Digital Interface Testing

System Two Cascade Dual Domain (SYS-2522) and digital-only
(8YS-2500) units feature extensive testing of the characteristics of the
AES/EBU and Consumer physical interface signal itself—the pulse
train which carries the imbedded digital audio signals plus additional
synchronization and administrative data. Figure 8-1 is a schematic
representation of the measurement capabilities of System Two Cascade
for the interface signal. Interface characteristics may be measured and
displayed in three different functional areas of the instrument:

m the Digital I/O panel provides selection among five inputs (XLR I
and II, BNC I and II, and optical), including selectable
termination resistances and selectable input equalization for the
XLR and BNC inputs. The DIO panel provides displays for the
input signal sample rate, pulse amplitude, jitter, active bits, error
flags, and delay of digital input signal from digital output.

m the DSP program INTERVU, selectable as one of the analysis
functions of the Digital Analyzer panel, operates with a 80 MHz
8-bit A/D converter connected across the selected serial digital
input. INTERVU can provide eye patterns, waveform display
and FFT spectrum analysis of the interface signal to a 30 MHz
bandwidth, waveform display and FFT spectrum analysis of the
recovered jitter signal to a 1.5 MHz bandwidth, provides
selectable triggering on both transmitted and received
preambles, channel status block preambles, cell edges, interface
error flags, can measure jitter cell by cell, and displays
probability histograms of interface signal amplitude, pulse width,
and jitter.
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m the Spectrum Analyzer (FFT), selectable as an analysis function
of the Digital Analyzer panel, can provide waveform display or
spectrum analysis to an 120 kHz bandwidth of the recovered
jitter signal
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XLR | 3 XLRII 2 BNC BNC TOSLINK
110 110 . OPTICAL
OHMS OHMS —C)/v
O 75 %
0|-| OHMS
OPTICAL
CONN™ #CONN TOELEC
1 ak | .
mo CONN CONVERTER
I FROM
O GENERATOR
COMN~ #7COWN [ € oureuT
COMMON T
MODE
GEN MON
o L, | |sBmeomHz| . INTERWU
o DIO PANEL A/D CONV. DSP PROGRAM
(9}
© IMBEDDED AUDIO
S INTERFACE INPUTRES. | gGNAL ANALYSIS
b SIGNAL |, »| TRUNCATION| gy aANALYZER,
= VOLTAGE CONTROL, DIGITAL INPUTS OF
00 DISPLAY, v DIO PANEL FFT FASTTEST,
DIO PANEL JITTER BITTEST, MLS,
DISCRIMINATOR HARMONIC
|
50/120/
ACTIVE/DATA 70011200
BITS DISPLAY,«—¢ | HZHPFILTER JITTER SIGNAL INPUT OF FFT
DIO PANEL : > FOR WAVEFORM DISPLAY OR
PKIAVG FFT OF JITTER SIGNAL
DETECTOR
|
SAMPLE INTERFACE
RATE JITTER
DISPLAY, [+ | DISPLAY,
DIO PANEL DIO PANEL

Figure 8-1 Functional Diagram, System Two Cascade Serial Digital Interface Measurement Capabilities
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In addition to these measurement functions for the serial input
signal, System Two Cascade can also simulate impaired interface
signals at its digital output including variable sample rate, variable
output amplitude, variable rise and fall times, simulation of the
insertion of a long cable, addition of interfering normal mode noise,
addition of common mode sinewaves, and injection of jitter of
controllable amplitude with sinewave, squarewave, band-limited noise,
and wideband noise waveform. System Two Cascade can also invert
the output AES/EBU waveform, can send Invalid flags, and can create
deliberate parity errors. All these signal impairment capabilities are
controlled from the DIO panel.

System Two Cascade Dual Domain also has extensive
synchronization capabilities. The digital output sample rate can be
synchronized to the sample rate or frame rate of an AES/EBU or
Consumer reference signal connected to the rear panel Ref In XLR
connector. The front panel digital output sample, frame, and channel
status block may be synchronized with the rear-panel AES/EBU
Reference Output signal and may be offset in time up to one-half
frame from that reference output signal. The output sample rate can
be synchronized, at arbitrary rates between 8 kHz and 108 kHz, to the
horizontal rate of an NTSC, PAL, or SECAM video signal or to a
sinewave or squarewave reference signal between 8 kHz and 10 MHz.
The output synchronization capabilities are all controlled from the
Sync/Ref panel and described in the Sync/Ref chapter.
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Digital 1/0 Panel

The AES/EBU and consumer standards are serial data transmission
techniques. In normal single connector mode, two audio channels are
imbedded as sub-frames into a self-clocking bit stream. In dual
connector mode, the two sub-frames carry successive samples of the
same signal with Channel A at Connector I and Channel B at
Connector II. Measurement of the imbedded audio signals is
summarized in the Digital Domain chapter preceding, with details on
signal generation and analysis in individual chapters.

In addition to imbedded audio measurements, it is frequently
necessary to measure characteristics of the serial bit stream itself. The
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Chapter 8 Serial Digital Interface Testing Digital 1/0 Panel

SYS-2522 and SYS-2500 include the ability to measure the sample
rate, pulse amplitude, pulse rise and fall times, jitter amplitude and
spectrum, common mode noise amplitude, delay time from digital
generator output to digital analyzer input, delay relative to a reference
signal, and to display eye patterns of the digital signal. Some of these
measurement functions are displayed on the Digital I/O panel and are
thus available at all times, independently of which Digital Analyzer
program is in use. Rise and fall time measurements, eye patterns,
spectral analysis of the interface signal, and several types of statistical
measurements are accomplished with the Digital Interface Analyzer
(INTERVU) Digital Analyzer program. Jitter spectrum analysis and
waveform display are performed both with the Spectrum Analyzer
(FFT) Digital Analyzer program and with INTERVU, with INTERVU
providing the wider bandwidth and FFT providing the better frequency
resolution. Delay from reference is displayed on the Sync/Ref panel.

To test the tolerance of AES/EBU and consumer digital device
inputs, impaired digital output data may be simulated via controlled
variation of a number of parameters of the output pulse train including
pulse amplitude, rise/fall time, normal mode noise, a long cable
simulation, common mode interference, injected jitter amplitude,
inversion of the output waveform, setting the Invalid flag, and
deliberately creating parity errors, all controlled from the DIO panel.
These functions are all available at all times, independent of Digital
Analyzer program.

The Digital I/O panel can be brought to the screen by:

clicking on the Digital I/O icon EI on the toolbar
or
selecting Panels Digital I/O from the menu bar
or
from the keyboard, pressing PIIT ] (for Panels digiTal i/o)

or
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from the keyboard, typing [Rf: |

The System Two Cascade DIO Panel may be displayed in small
and large sizes. To switch back and forth between large and small

sizes, double-click anywhere in the title bar, click on the .EI icon near
the top right corner of the panel, or press the V] or keys.

/i

Figure 8-2 Digtal /O Panel, Small
Output Input Version

XLR (bal) hd —Format—  |is]e bl
|48.DDDD kHz vl - TR 480000 kHz R4
24 —Res. (bits) —|24

Channel A Channel B
1.000 FFS [Rdy=ren MDn—I FFS vl
confidence  lock coding parity  irvalid

Small Form

The small form of the DIO panel contains only the Input and
Output Format, the Output Rate (OSR), and the Input and Output
Resolution (word width) control fields plus display fields for the input
signal sample rate (ISR), imbedded audio level on both channels A

and B, and the invalid, parity, coding, lock, and confidence error flag
indicators.
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Input Section, Large Form

The Input section of the large DIO panel includes control fields for
these serial interface-related features:

m format (connector type, cable equalization off/on, transformer
center tap for common mode measurements, digital generator
monitor)

m input termination resistance

m Connector [ vs Connector Il input selection
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Figure 8-3 System Two Cascade Digital I/O Panel, Large Version
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m Rate Ref field, the frequency reference for the relative frequency
units (PPM, etc.) of the sample rate measurement field

m units selection (Ul vs. seconds) for jitter

m peak vs. average response and bandwidth control for the jitter
meter

m bandwidth selection for the jitter meter
m a button to display the Status Bits panel.

The Input section includes display fields for these interface
parameters:

m input sample rate
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m input pulse amplitude

m input signal time delay from digital generator output
(propagation delay through digital-to-digital device under test)

m input signal jitter

m interface signal error flags for the invalid bit, parity, coding, lock,
and confidence on both channels A and B.

Digital Input Connector/Format

System Two Cascade can measure the interface characteristics of a
serial signal at front-panel XLR, BNC, and optical connectors plus a
monitoring path from the internal digital generator. Configurations are
available for normal single-connector applications with both stereo
channels imbedded into one bitstream, and for dual-connector
applications that provide doubled-rate operation with older technology
recorders by using one connector for the left channel and the other for
the right channel. In this case, the subframes within each frame carry
successive samples of the same channel signal rather than alternating
stereo channel samples. Hardware equalization of the input path may
be selected (XLR or BNC connectors only) to compensate for the
high-frequency roll-off typical of a long digital interface cable. The
common mode signal between ground and XLR pins 2 and 3 (digital
signal input transformer center tap) can be selected in order to
measure common mode noise or assess cable imbalance. Selection
among these various sources is made in the Input Format field. The
table below lists the available selections and their meanings.
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Label Meaning
XLR (bal) Front panel XLR digital input connector, balanced
Q BNC (unbal) Front panel BNC digital input connector, unbalanced
XLR Optical Front panel Toslink optical input connector
Gen Mon Digital generator XLR or BNC output connector
BNC XLR W/Eq Front panel XLR with equalization for 1000 meter
= cable roll-off
Optical BNC wi/Eq Front panel BNC with equalization for 1000 meter

cable roll-off
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Chapter 8 Serial Digital Interface Testing Digital 1/0 Panel

Label Meaning

XLR Common Center tap of digital input transformer vs. ground
Serial Rear-panel general-purpose serial input connector
Parallel Rear-panel parallel input connector

Pair of front panel XLR input connectors with each
connector carrying a monaural signal whose
sub-frame rate is double the frame rate. Left channel
is on Connector | and right channel on Connector Il

Dual XLR (bal)

Pair of front panel BNC input connectors with each
connector carrying a monaural signal whose
sub-frame rate is double the frame rate. Left channel
is on Connector | and right channel on Connector Il

Dual BNC (unbal)

Same as dual XLR but with equalization for long

Dual XLR w/Eq o

Same as dual BNC but with equalization for long

Dual BNC w/Eq cables

Note that the digital Gen Mon connection is electrically made to the
center conductor of the BNC or across pins 2 and 3 of the XLR,
whichever is selected by the output format control and the connector I
or Connector Il radio buttons as the digital output connector on the
DIO panel. This point is therefore subject to loading by the input
impedance of the device under test, and estimates may be made of
device digital input impedance by computations from the difference in
voltage from an unterminated output connector to the
device-terminated condition, using the digital generator output
impedance (75 Ohms BNC, 110 Ohms XLR) in the computation. If no
load is connected to the front panel XLR or BNC output and voltage is
measured via the Gen Mon path, the measured voltage will be
approximately twice the programmed output voltage since the
generator output amplitude calibration assumes a matched load.

Connector I—Connector Ii

The System Two Cascade lower-left front panel contains dual XLR
and dual BNC input connectors. These may be used in two ways; for
connection to devices that operate at double sample rate (96 kHz, 88.2
kHz, etc.) by carrying a monaural signal at half the frame rate on each
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of two cables, or as built-in two-cable digital switchers during normal
digital operation when a single cable carries a multiplexed stereo signal.

Normal Digital Operation—2 Cable Switcher

During normal digital operation with a stereo multiplexed signal on
one cable, one device may be connected to Connector | and a second
device to Connector II input connectors. The Connector I vs
Connector I “radio buttons” at the upper right of the DIO panel then
control which device is connected to the System Two Cascade
analyzers. The Sample Rate—ISR and Voltage and jitter meters
measure only the selected connector. The selected digital audio
analyzer program (DSP Audio Analyzer, FFT, FASTTEST, MLS, or
BITTEST.) measures only the two channels of audio multiplexed into
the selected connector. The digital interface analyzer (INTERVU)
program analyzes the characteristics only of the signal at the selected
connector.

Dual Connector Operation

During Dual Connector operation, as selected by the input Format
field selections containing the word “Dual”, the Connector I vs
Connector II buttons have no effect on the imbedded audio signal.
The selected digital audio analyzer program (DSP Audio Analyzer,
Multitone Audio Analyzer, FFT Spectrum Analyzer, Quasi-Anechoic
Tester, and Bit Error Rate Tester) always analyzes left channel audio
from Connector I and right channel audio from Connector II.
However, the Input Sample Rate and Voltage displays, the DIO panel
jitter display, and all INTERVU measurements of the digital interface
characteristics are of the signal as selected by the Connector I vs
Connector II buttons.
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Rate Reference

The entry in this field is the reference for Input Sample Rate
measurements in relative units such as PPM (parts per million). Note
that this field is also the reference for one of the selections of the Scale
Frequency By field and therefore can affect measurements of
imbedded digital audio frequency.
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Chapter 8 Serial Digital Interface Testing Digital 1/0 Panel

Error Flag Displays

The System Two Cascade DIO panel contains four error flag
displays for characteristics of the serial digital signal. The flags are
labeled Confidence, Lock, Coding, and Parity. Proper operation is
indicated when none of the indicators is lighted. When an indicator
lights, it is an indication that some characteristics of the digital input
signal are marginal or unacceptable.

The Parity indicators indicate a parity error in a subframe. Correct
parity is determined by comparing the P (parity) bit with the sum of the
remaining 31 bits in each subframe. Any single bit error or odd
number of bit errors within a subframe that was introduced in
transmission will cause a Parity error indication, but even numbers of
bit errors cannot be caught by this technique. A deliberate parity bit
error can be transmitted from the Output section.

The Coding indicators indicate a deviation from proper biphase
coding in the input serial stream (ignoring preambles). Proper biphase
signals can never remain at a logic high or logic low level for more than
two consecutive Unit Intervals (UI) except in the preamble. The
preamble deliberately deviates from biphase coding in order to provide
a unique frame synchronization signal, and preambles are excluded
from the function of the Coding indicators.

The Lock indicators light when the digital input phase-locked loop
is unable to lock to the incoming signal.

The Confidence indicators light when the ratio between the
amplitude of the three Ul long pulse and the following one Ul-long
pulse in a preamble becomes large enough to cause an increasing
probability of errors when “slicing” the input signal into logic high and
low values. This large ratio occurs when the transmission bandwidth
has been reduced to marginal or unacceptable values. Under these
conditions, selection of hardware input equalization (“XLR with EQ” or
“BNC with EQ” rather than “XLR” or “BNC” selections of the Input
Format field) will often compensate for the cable bandwidth reduction,
cause the Confidence indicator to not light, and provide reliable
measurements.
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Two additional indicators show whether the Channel A and B “V”
bits (data invalid bit) are asserted or not. One Validity bit is sent in
each subframe. Exactly how (or if) the Validity bit is set depends upon
the design of the particular digital device being measured. For
example, a DAT machine may set its V bit to invalid when the tape is
not playing and to valid when the tape is moving. Note that it is also
possible to control (simultaneously for both subframes) the state of the
V bit transmitted by System Two Cascade, via the Send Invalid
checkbox in the Output section of the DIO panel.

The INTERVU serial digital interface analysis program can be
caused to trigger when any one (or more) of the Parity, Coding, Lock,
or Confidence flags is set. INTERVU will then retain in memory
approximately 19.66 milliseconds of the digital interface signal
preceding the flag if Pre-Trigger mode had been selected. This
pre-trigger signal may be analyzed in time or frequency domains to
determine what caused the error. For more details, see the INTERVU
discussion later in this chapter.

AES/EBU/EIAJ Input Termination Resistance

The front panel XLR and BNC digital input connectors for
AES/EBU and consumer input signals may be operated as high
impedance bridging inputs (approximately 10 kilohms) or resistively
terminated. The available termination value for the XLR is 110 Ohms
as specified in the AES3 standard; the BNC may be terminated in 75
Ohms. There are no choices for the optical input. The termination
condition may be independently selected for the XLR and BNC
connectors. The termination selection buttons are displayed only for
the connector presently selected, but the termination condition for the
unselected connector is also retained.
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Note that when Gen Mon is selected in the Format field, no
Termination field is displayed. The previously selected terminator
remains connected at both XLLR and BNC input connectors to avoid
changing conditions for the device under test while the Gen Mon path
is in use.
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Chapter 8 Serial Digital Interface Testing Digital 1/0 Panel

Input Sample Rate

The digital audio signal sample rate at the digital input connector
selected in the Format field is displayed by the Sample Rate display.
For single connector AES/EBU and SPDIF/EIAJ operation, the sample
rate and frame rate are the same. For dual connector operation, the
sample rate (displayed) is actually twice the frame rate since each
frame contains two successive samples of the same signal as
sub-frames. This sample rate display is also functional when the rear
panel general purpose serial or parallel ports are selected. Sample rate
may be displayed in Hz, or in relative frequency units where the Rate
Ref field is the reference. Sample rate may be plotted on a graph as a
function of some swept parameter. On the desired Data browser on
the Sweep panel, select Dio as the instrument and “Input Sample
Rate” as the parameter to be plotted.

Input Voltage

The peak-to-peak signal amplitude of the serial pulse train at the
front panel XLR or BNC connector selected in the Format field is
shown in the Voltage display. The display is not operational when
optical or the rear panel general-purpose serial or parallel connectors
are selected. If XLR Common is selected in the Format field, the
Voltage display shows common mode noise or signal amplitude. Input
voltage may also be plotted on a graph as a function of some swept
parameter. On the desired Data browser on the Sweep panel, select
Dio as the instrument and “Receive Ampl” as the parameter to be
plotted.

Input Delay from Generator Output

The time (phase) delay of the selected front panel XLR, BNC, or
optical connector with reference to the internal Digital Generator
output will be shown in the Delay from Output display. The
measurement is thus the propagation delay through a digital device
under test. This feature is not relevant with general purpose serial or
parallel formats. Delay from generator output may also be plotted on
a graph as a function of some swept parameter. On the desired Data
browser on the Sweep panel, select Dio as the instrument and “Out to
In Delay” as the parameter to be plotted.
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Jitter Measurement

The jitter of the selected front panel XLR, BNC, or optical input
connector signal is shown in the DIO Panel Interface Jitter display.
This measurement is made from the error signal of the AES receiver
input phase lock loop and is sensitive to jitter of the total signal,
including transitions in the preambles and data sections of the frames.
Jitter measurements may be displayed in units of seconds (typically
nanoseconds) or Ul (Unit Intervals). (Note that jitter may also be
measured according to an entirely different technique by the INTERVU
digital analyzer program, described later in this chapter.)

Two detector responses, peak and average, are selectable. Since
v1.50a of APWIN software, both detectors are calibrated in
terms of the peak value of a sinewave. Note that this is a
change; calibration with v1.40 and earlier software versions
was peak-to-peak, so the same jitter signal will now display
with half the magnitude that it previously did. The average
detector is typically used for making frequency response plots of the
jitter signal, while the peak detector should be used for characterizing
actual interface jitter. Four bandwidth selections (50 Hz-100 kHz, 120
Hz-100 kHz, 700 Hz-100 kHz, and 1200 Hz-100 kHz) may be selected
for jitter measurements. Jitter is often dominated by low-frequency
noise, so the value of jitter measured is likely to be a strong function of
the bandwidth selected. Peak jitter measurements will almost always
give a higher number than average, depending upon the crest factor of
the jitter waveform.
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Jitter may be plotted on a graph as a function of some swept
parameter such as time or transmitted jitter amplitude. The FFT Digital
Analyzer program may select the Jitter signal and display either jitter
waveform or an FFT spectrum analysis of the jitter signal.

Output Parameters

The Output section, occupying the left portion of the DIO panel,
selects the interface-related parameters of digital output format and
connector and sample rate. Additionally, many types of data
impairment may be simulated at the AES/EBU and consumer outputs
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to test the tolerance and interference rejection capability of digital
device inputs.

The output control fields for interface testing are:
m Digital output format

m Output sample rate

= Output voltage

m Phase inversion

m Parity error

m Output cable simulation

m Send invalid

m Output rise/fall time

m Output interfering noise

m Output common mode signal
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m Output jitter
Output Format

System Two Cascade can generate digital signals at any of several
outputs including front-panel XLR, BNC, and optical connectors, and
rear-panel general purpose serial and parallel connectors. Selection
among these various sources is made in the Output Format field.

The available output formats, and their descriptions, are:

Label Meaning

XLR (bal) Front panel XLR digital output connector, balanced
BNC (unbal) Front panel BNC digital output connector, unbalanced
Optical Front panel Toslink optical output connector

Serial Rear-panel general-purpose serial output connector
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Label Meaning
Parallel Rear-panel parallel output connector

Pair of front panel XLR output connectors with each
connector carrying a monaural signal whose
sub-frame rate is double the frame rate. Left channel
is on Connector | and right channel on Connector Il

Dual XLR (bal)

Pair of front panel BNC output connectors with each
connector carrying a monaural signal whose
sub-frame rate is double the frame rate. Left channel
is on Connector | and right channel on Connector Il

Dual BNC (unbal)

Output Sample Rate

The digital output sample rate (OSR) of System Two Cascade may
be freely set across a wide range by keyboard entry of a new value or
by editing the present value in the Output Rate field (more fully labeled
as Sample Rate-OSR on the large form of the DIO panel) of the DIO
Output section. Note that this rate, labeled OSR, is also available as a
sampling rate selection for the A/D converters. The Output Sample
Rate may be swept as part of a test by selecting S2 Dio as the
instrument and Output Sample Rate at Source 1 or Source 2 on the
Sweep panel.

output Voltage

The amplitude of the serial pulse train at the XLLR and BNC outputs
may be varied to simulate cable attenuation. The light intensity at the
optical output is also variable. This feature is not available at the
general purpose serial or parallel outputs. The output signal amplitude
may be swept as part of a test by selecting Dio as the instrument and
Output Voltage at Source 1 or Source 2 on the Sweep panel. The
XLR, BNC, and optical connectors are all functional whenever any one
of these three is selected in the Format field. The actual output
voltage/light intensity will correspond to the setting in the Voltage field
only at the connector selected in the Format field, with the voltage/light
intensity at the other connectors being in error. The amplitude ratio of
the XLR connector to the BNC connector is always 5:1. Thus, with the
XLR connector selected in Format and 10 Volts set in the Voltage field,
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Chapter 8 Serial Digital Interface Testing Digital 1/0 Panel

the XLR connector will have a 10 Volt pulse amplitude and the BNC
will have 2 Volts. If the BNC connector is selected in Format and
Voltage is set to 1 Volt, the XLR will have 5 Volts of pulse amplitude.
When Optical is selected, the standard light intensity corresponds to a
5 Volt value in the Voltage field.

Inversion

The polarity of the output AES/EBU bitstream may be inverted by
checking the Invert checkbox. Properly-designed AES/EBU receivers
should work identically with either polarity of input bitstream.

Parity Error

The transmitted parity bit for both subframes may be deliberately
set to indicate parity errors by checking the Parity Error checkbox.

Output Rise/Fall Time

The rise and fall times of the pulse train at the XLR and BNC
outputs may be varied from 16 to 400 nanoseconds to simulate the
bandwidth reduction typical with increasing cable length. This
capability is not available at the optical, general purpose serial, or
parallel outputs. When the Fix button to the left of the Rise/Fall field is
depressed, the numeric entry field is gray and not functional and rise
and fall times are at their fastest, about 16 nanoseconds. When the Fix
button is not depressed, new values may be entered into the Rise/Fall
field from the keyboard or existing values edited, followed by pressing
. The rise/fall time may be swept as part of a test (if the
Rise/Fall Time control on the DIO panel is in the VARiable
position) by selecting Dio as the instrument and Rise/Fall Time at
Source 1 or Source 2 on the Sweep panel. If the Rise/Fall Time button
is set to FIX, the Rise/Fall selection will not appear on the Parameter list
in the Browser.

output Interfering Noise

To test the noise rejection capability of a digital device’s input,
interfering random white noise of variable amplitude may be added to
the serial pulse train at the BNC connector and added as a Normal
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Mode signal (between pins 2 and 3) at the XLR connector. This
feature is not available at the optical, general purpose serial, or parallel
outputs. The maximum amplitude available is 25% of the maximum
pulse amplitude at either connector. The Interfering Noise may be
turned on and off by the button to the right of the numeric entry field.
The Interfering Noise signal amplitude may be swept as part of a test
by selecting Dio as the instrument and Noise Amp at Source 1 or
Source 2 on the Sweep panel.

Output Cable Simulation

A fixed hardware filter may be switched into the path to the XLR or
BNC output connectors to simulate the effect of a long cable
(approximately 1,000 meters) to test the ability of an AES/EBU device
input to function with impaired signals. The filter is connected in the
circuit when a check mark shows in the Cable Simulation box. This
feature is not available at the optical, general purpose serial, or parallel
outputs. This cable simulation is approximately the inverse of the
hardware cable equalization function (XLR w/EQ, BNC w/EQ)
selectable in the Digital Input Format field, so the two should
approximately compensate for one another when a short external
cable is connected from Digital Output to Digital Input. However,
there will still be an attenuation of the signal introduced by the cable
simulation hardware.
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Output Common Mode Signal

A sinewave of selectable amplitude and frequency may be added
as a Common Mode signal to the XLR output only. The common
mode signal amplitude or frequency may be swept as part of a test by
selecting DIO as the instrument and Common Mode Ampl or Common
Mode Freq at Source 1 or Source 2 on the Sweep panel. The
Common Mode Sine button in the Output section of the DIO panel
must be ON (lighted green) in order for these Common Mode
selections to appear in the Source Browser list. Common Mode
signifies that the signal appears between ground and both pins 2 and
3, in-phase at the two pins (injected between center tap and ground of
the digital output transformer secondary). The common mode
concept is relevant only on balanced transmission lines, so this feature
is not available at the BNC, optical, general purpose serial, or parallel
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Chapter 8 Serial Digital Interface Testing Digital 1/0 Panel

outputs. This signal may be used to determine the ability of a digital
device’s input to reject common mode signals and noise. The
Common Mode signal may be turned on and off with the button at the
left of the Amplitude field. Amplitude and Frequency of the sinewave
are controlled by the Amplitude and Frequency fields.

Ooutput lJitter

Wideband or band-limited random noise jitter, variable-frequency
sinewave jitter, or variable-frequency squarewave jitter (all of
controllable amplitude) may be added to the digital output signal at the
XLR, BNC, and optical outputs to test the ability of a digital device
under test to reject input jitter. Controllable output jitter can also be
added at the rear-panel MASTER CLK OUT BNC connector, if the
‘Jitter Clock Outputs” box at the bottom of the Sync/Ref panel is
checked. The jitter amplitude may be swept as part of a test (if the
Jitter Type field on the DIO panel is set to any choice other
than OFF). If the Jitter selection is “Off”, the Jitter Ampl parameter
will not appear in the Browser list. Select Dio as the Instrument and
Jitter Ampl as the Source 1 or Source 2 setting parameter. Jitter
frequency may be swept as part of a test by selecting Dio as the
Instrument and Jitter Freq at Source 1 or Source 2 on the Sweep panel.

Amplitude: A new jitter amplitude value may be entered or the
existing value edited from the keyboard, followed by pressing .
Starting with v1.50a of APWIN software, both transmitted and
received jitter are now calibrated in terms of the peak value of
a sinewave. Note that this is a change; calibration with v1.40
and earlier software versions was peak-to-peak, so the same
jitter signal will now display with half the magnitude that it
previously did. Jitter amplitude units available are Ul, dBUI
(decibels below 1.00 Ul), and seconds.

Frequency: A new jitter sinewave or squarewave frequency value
or the -3 dB point of the low-pass filter (Lopass Random selection)
may be entered or the existing value edited from the keyboard,

followed by pressing @
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Equalization of Injected Jitter Amplitude

The sine waveform may be equalized by selecting the EQ Sine
setting. Selecting the EQ sine jitter waveform and specifying an
equalization curve will cause output jitter amplitude to vary as a
function of jitter frequency. A jitter equalization file JITTOL.ADQ is
furnished in the directory C:\APWIN\EQ. This file, along with a value
of 1.0 Ul entered in the Jitter Generation Amplitude field at the bottom
left of the DIO panel, will cause jitter amplitude versus jitter frequency
to follow a template which is defined in a forthcoming revision of the
AES3 specification. A good quality AES/EBU receiving device should
function normally at all combinations of jitter frequency and amplitude
defined by (below) this template.

AES/EBU Preambles

The first eight Unit Intervals (Ul) of each AES/EBU or SPDIF/EIAJ
subframe are called the preamble. Their purpose is for synchronization
of a receiver to the incoming signal. Each preamble starts with a
3-Ul-wide pulse. This wide pulse violates the bi-phase coding scheme
and thus serves as a unique indicator of sync data, impossible to occur
anywhere else in the data stream. The AES/EBU standard refers to X,
Y, and Z preambles. The SPDIF/EIAJ standards use the terminology
M, W, and B for the same three preambles. The X (M) preamble
indicates the start of the channel A (left) subframe on 191 of 192
consecutive occurrences. The Z (B) preamble indicates the start of the
channel A (left) subframe on the 1 of 192 occurrences which marks the
start of the Channel Status block. The Y (W) preamble always marks
the start of the channel B (right) subframe. The figure shows the three
preambles in the case of the first pulse being positive-going. Since
these serial transmission standards are not polarity sensitive, the
preambles could just as well start with a negative-going pulse.
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Figure 8-4 Preambles

Digital Interface Analyzer

Audio Precision supplies a sophisticated digital signal processing
program for System Two Cascade called INTERVU. It supplements the
full-time, real-time interface signal measurement capability displayed
on the DIO panel with a number of more detailed, sophisticated types
of analysis. It operates by digitizing the serial digital interface signal
with a dedicated high speed digital sampling oscilloscope inside
System Two Cascade. Using complex, proprietary algorithms the
software can determine all critical parameters of the interface. This
section begins by describing the basics of making measurements on a
digital interface with INTERVU. Later material describes the panel
settings and some of the technology involved in the measurements.

INTERVU digitizes the AES/EBU or consumer serial digital
interface input signal via an 8-bit A/D converter with an 80.00 MHz
sample rate, providing an analysis capability with approximately 30
MHz bandwidth. INTERVU acquires 1,572,864 (1.5M) samples of the
interface signal into a buffer, resulting in 19.667 milliseconds of data.
Signal acquisition can be triggered by one of many different events on
the interface. Once the signal is in memory, any or all of the
measurements described below can be obtained. These measurements
include oscilloscope and spectrum analyzer type displays of the
interface signal or of the jitter on the interface. They may also include
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histograms of virtually any interface parameter including the interface
jitter, and eye patterns of the interface signal.

Acquired interface waveforms may be saved to computer disk for
later analysis. Previously-saved interface waveforms may be
downloaded to the INTERVU acquisition buffer for further analysis
using any of the techniques described in the following sections.

Getting Started Quickly

Begin by loading the INTERVU program into the Digital Analyzer
panel. This panel may be obtained using the “Panels, Digital
Analyzer” menu selection or the Digital Analyzer Icon. Next, load the
INTERVU program by selecting “Digital Interface Analyzer (intervu)
using the Analyzer field on the Digital Analyzer panel.

Figure 8-5 Digital Analyzer Panel,

Small Version, with INTERVU Loaded

Analyzar: Dum—d interf

Processing

Arnplitude ws Time: IInterpDIate

Audio kMonitor: IAudiD konitar

Lelledle

Jitter Detection: IStabIe Biits
Trigger: ICh. A Receive Preamble LI
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Most of the important interaction with the INTERVU program
actually takes place on the Sweep panel. This is because its
measurements are very graphically oriented. There are no real time
readings on the INTERVU panel. The DSP inside System Two
Cascade hardware automatically selects the measurement to be
performed based on the choice of Sweep Source and Data on the
Sweep Panel. If you want to see an oscilloscope type display of the
interface waveform select Intervu.Time as the Sweep Source and
Intervu.Amplitude as the Sweep Data 1. Pressing ff¢ || will then acquire
data and display a graph of the interface signal. If you want to see a
spectrum analysis of the jitter, select Intervu.ditter for the Data 1 and
Intervu.Freq (Frequency) for the Source. Pressing [ will acquire a
new set of data and display a graph of the jitter spectrum. If you want
to use the same set of data which made the previous graph, simply
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Chapter 8 Serial Digital Interface Testing Getting Started Quickly

press [f5]. The DSP will skip the data acquisition and only perform the
newly requested measurement on the last acquired data. With the
notable exception of Eye Patterns, most INTERVU measurements use
only one Data on the Sweep panel.

After making a measurement it may be necessary to change the
Data Top and Data Bottom values to better display the data. This can
be done with the “Optimize” function, obtained by clicking the right
mouse button inside the graph window, or the values may be manually
changed on the sweep panel. Alternatively, activating the “Autoscale”
check box on the Sweep panel will force the graph axes to expand to
prevent any data from plotting off the graph. The horizontal axis may
need adjustment to optimally display the data. For example, a sweep
from 0 to 20 MHz is quite appropriate for displaying the spectrum of
the interface signal. However a jitter spectrum on this same scale
would occupy only a fraction of the left side of the graph.

Figure 8-6 Large Version of Digital

Analyzer Panel with INTERVU Loaded

Analyzer: Digital interface anakyzer (intaru)

Processing
Amplitude ws Time: IInterpDIate _I

Audio Manitor: IAudiD tanitar LI
Jitter Detection: IStabIe Bits
Averages: m
“hindo: IBIackman-Harris LI
Ttigger: ICh. A Receive Preamble LI

Trigger Slope: & Pog  Meg
Data Acquisition: & Paost-tig " Pre-tiig

4

Kl

|- Receive Error Triggers

¥ Confidence ™ Lock
¥ Coding IV Parity

Freq: [100000KHz  ~]

I Digital References

Not all combinations of Data readings and Source settings provide
useful measurements. The following table shows which combinations
are useful and which are not valid. If an invalid combination of Data
readings and Source Setting is selected, the software will respond with
an error message. However, to avoid receiving an error during setup
of the sweep panel, the settings are only checked for conflicts when a
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sweep is initiated (by pressing one of the or key variants). If
you receive an error message, select a different combination of

readings and settings and repeat the sweep.
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Getting Started Quickly

Data Reading Section
Source
Selection Jitter Probability Amplitude Epper Eye
ower Eye
Interface
Amplitude
Histogram
Amplitude Not Valid Not Valid Not Valid
Interface Rate Interface
) Jir Sctrum__ Histogram Spectrum
Frequency - Not Valid
i “ll.'..ﬁ"r'r'\'-fﬁ‘"“‘-“‘
Interface Bit
Width Interface
Jitter Waveform Histogram Waveform Evye Pattern
Time
| Jitter Histogram
Jitter Not Valid Not Valid Not Valid

NOTE: The Eye Opening selections will not be available in the
Browser unless Eye Pattern is selected in the Amplitude vs. Time field
on the Digital Analyzer panel. Conversely, if Eye Pattern is selected in
the Amplitude vs. Time field, conventional amplitude vs. time displays

will not be available.
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Panel Controls

Several fields appear on the Digital Analyzer panel when the
Intervu program is loaded.

These control secondary functions such as the choice of windows
for FFT processing, the trigger event and slope that will cause an
acquisition of data, whether the data acquired is pre or post trigger
event, the source of audio to drive the internal loudspeaker, etc. The
only setting that might prevent access to some measurements is the
Amplitude vs. Time selection described next below.

Amplitude vs. Time display processing

Since the high speed digital oscilloscope hardware acquires discrete
samples, something must be done to obtain a smooth curve for
plotting on the graph. Four modes are available in INTERVU for
processing the amplitude-versus-time information for display on the
graph. These modes are applicable to “digital storage oscilloscope”
type displays (amplitude versus time graphs), but have no effect on
FFT spectrum displays. The software allows the choices of:
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m Interpolate, which draws smooth curves between the acquired
data points when viewing small time spans but displays peak
values to avoid graphic aliasing for long time spans.

m Display Samples, which displays the data exactly as obtained

m Peak Values, which displays the peak value of the original data
points between the last plotted point and the current one. -

m Eye Pattern, which overlaps one unit interval long pieces of the
acquired data on top of one another

To change modes, click on the down arrow at the end of the
Amplitude vs. Time field and click on the desired selection.

When “Interpolate” is selected and the interface waveform (not the
jitter waveform) is being viewed, the DSP automatically switches
between two processing modes, depending on the relationship of
signal frequency, span between Source 1 Start and Stop times, and
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number of Steps at Source 1. If these parameters result in a small
number of cycles of interface signal being displayed, the DSP performs
an interpolation calculation based on the assumption that the signal
was band-limited by a low-pass filter before sampling. If the span and
signal frequency result in a large number of cycles to be displayed,
“Interpolate” mode ceases interpolation and instead goes to a special
bipolar peak sensing and display mode to eliminate the potential
graphic aliasing problems. In this peak sensing mode, the signal
waveform is not faithfully represented but is replaced with an
approximation indicating the positive and negative peak excursions of
the signal. As the user zooms in on narrower time spans, the display
automatically switches to Interpolation. The Interpolate selection
produces a much more accurate display of the interface signal
waveform when a small time span is viewed. This is the appropriate
setting for most amplitude vs. time or jitter vs. time plots.

The filter algorithm used for interpolation requires seven samples of
input signal before displaying an output. This may make the jitter vs.
time display show zeros for the first few microseconds. The amount of
data zeroed depends on the Jitter Detection selection. Stable Bits will
result in half a frame (10 psec at 48 kHz) being zero. All Bits will zero
1/8 of a frame (2.5 psec at 48 kHz) and Preambles will zero 3 2
frames (70 psec at 48 kHz). Since jitter is typically plotted over a time
scale of several milliseconds this is not typically a problem. However, it
may be misleading when initially setting up a jitter vs. time display if
the time scale is inadvertently set too short.

When “Display Samples” is selected, no processing takes place in
the hardware DSP module. At each time value plotted on the X-axis,
the DSP simply sends the amplitude of the nearest-in-time acquired
sample of the digital interface waveform to the computer for plotting.
This allows you to see the raw data acquired by the DSP, and is useful
for understanding how the measurements are made.

When “Peak Values” is selected, the DSP searches all sample
amplitudes in the acquisition buffer between the previous point plotted
and the current point to be plotted (including the current point but not
including the previous point) and sends to the computer for plotting
the largest positive or negative value in that span, preserving the plus
or minus sign. One intended use of the Peak Values mode is when
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graphing a relatively long time span on the X-axis, where the
combination of Start-to-Stop time span and Steps value on the Sweep
panel results in skipping across many actual acquired samples between
plotted points. Peak Values mode should also be used when graphing
histograms of Probability vs. Time (Pulse Width) or Amplitude. If Peak
Values mode is not used, an unfortunate combination of signal
frequency, X-axis span, and Points value can make it appear that no
waveform, a near-DC signal, or a waveform at a completely different
frequency is present (see the Graphic Aliasing section on page 14-4 of
the FFT Based DSP Programs chapter). Since Peak Values searches
through all sample values within each span between plotted points and
sends the largest value to be plotted, signals cannot be missed.

The “Eye Pattern” selection causes an entirely different sort of
processing to take place in the DSP. Following acquisition of the digital
interface signal and extraction of an average clock signal from it, the
worst-case (nearest to zero Volts) amplitude is determined for each
time increment relative to the beginning of each data cell. These
values are plotted when Intervu.Upper Eye Opening and
Intervu.Lower Eye Opening are selected as Data 1 and Data 2
parameters, resulting in a plot of the worst-case inside of the eye. See
the Eye Patterns section for more information and references to an
example eye pattern test.
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Jitter Detection

INTERVU is capable of measuring jitter both on AES/EBU signals
and on simple squarewave clock signals typically used in A/D and D/A
converters. These two modes are described in the following sections

AES/EBU lJitter Detection

The AES/EBU digital interface encodes two channels of digital
audio into a single serial data stream. The serial signal consists of 32
cells (bits) per subframe and two subframes (left and right channels)
per frame. The frame rate is equal to the sample rate of the imbedded
audio. Thus, there are 64 cells (bits) in a complete frame and the cell
rate is 1/64 the audio sample rate. The first four cells of each subframe
are the preamble. The preamble always starts with a three Ul (1 1/2
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cell) wide pulse followed by sequences of one Ul, two Ul, and three Ul
pulses which are different among the three possible preambles.

An ideal pulse train would have regular transitions at exactly equal
intervals corresponding to some “master clock” frequency. ditter is the
difference in timing of actual transitions of the pulse train from the
instants when the transitions should theoretically have occurred.
Therefore, jitter measurements require a stable, “perfect” clock signal
to use as a reference for comparison of the actual transition times.

INTERVU operates by first acquiring 1.5 Megasamples of the
digital interface signal at a sample rate of 80.00 MHz. The contents of
the acquisition buffer are then processed in a variety of fashions,
depending upon the measurement mode and parameters selected.
One portion of the processing involves reconstruction of a “perfect”
clock for use as the reference for jitter measurements. The Jitter
Detection field on the INTERVU (Digital Analyzer) panel determines at
which transitions the clock timing is compared to the interface signal.
The available selections are Stable Bits, All Bits, and Preambles. The
figure explains the operation of these three selections.

XPRE YPRE
DATA AUX or AUX or
‘ LSBs AUDIO DATA 20 MSBs ‘ VucP ‘ LSBs

PREAMBLE | |

AUDIO DATA 20 MSBs ‘ VUCP ‘

JITTER
DETECTION

STABLE BITS
i N N N Y N I N N N I

DETECTION

ALLBITS 111
JITTER
DETECTION

Figure 8-7 Jitter Detection Selections, INTERVU

The Preambles selection uses the average rate of the trailing edge
of the first three-Ul-wide pulse in each preamble as the stable clock
reference. Each actual transition at a trailing edge of the first
three-Ul-wide pulse of each preamble is then compared to that
reference (average value) to obtain jitter values for display as jitter
waveform, histogram of jitter, or FFT spectrum analysis of jitter. The
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three-Ul pulse in a preamble is the most robust portion of the digital
interface signal, since it is least affected by reduced bandwidth in the
cable or system. Therefore, jitter measurements made with the
Preambles Jitter Detection selection tend to be measurements of the
intrinsic jitter in the transmitting device clock and are relatively
unaffected by data jitter caused by reduced bandwidth. Since this
derived reference clock rate is low (twice the audio frame rate), the
effective jitter measurement bandwidth equals the audio frame rate
(sample rate) when “Preambles” is selected.

The Stable Bits selection derives the stable reference clock at 1/4
the actual cell (bit) rate (eight times the audio sample rate),
synchronized to the beginning transition of the preamble. As described
earlier, the preambles always start with a three Ul (1 1/2 cell) wide
pulse followed by sequences of one Ul, two Ul, and three Ul pulses
that are different among the three possible preambles. There is no cell
transition time within the preamble that is common to all three
preambles. The highest rate at which transitions can be guaranteed to
occur regularly is at 1/4 the cell rate, which includes the beginning and
end of each preamble but no transitions within the preamble. This rate
is 16 times the audio sample rate, so the effective jitter measurement
bandwidth is eight times the audio sample rate (384 kHz at a 48 kHz
sample rate).
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The All Bits selection derives the stable reference clock at the actual
cell (bit) rate. Since there are 64 cells per frame and the frame rate is
the audio sample rate, the reference clock is at 64 times the sample
rate and the effective jitter measurement bandwidth is 32 times the
audio sample rate (1.536 MHz at a 48 kHz sample rate). Since the
preamble of each sub-frame will not have transitions at every cell
boundary due to its three-Ul-wide pulses (violations of bi-phase
coding), the DSP interpolates four transitions across the width of each
preamble (shown as dashed lines in the diagram).

The filter algorithm used for the Amplitude vs. Time “Interpolate”
setting requires seven samples of input signal before displaying an
output. This may make the jitter vs. time display show zeros for the
first few microseconds. The amount of data zeroed depends on the
Jitter Detection selection. Stable Bits will result in half a frame (10 psec
at 48 kHz) being zero. All Bits will zero 1/8 of a frame (2.5 psec at 48
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kHz) and Preambles will zero 3% frames (70 psec at 48 kHz). Since
jitter is typically plotted over a time scale of several milliseconds this is
not typically a problem. However, it may be misleading when initially
setting up a jitter vs. time display if the time scale is inadvertently set
too short.

The All Bits selection in the Jitter Detection field provides the
maximum analysis frequency range of approximately 1.5 MHz. If
Stable Bits is used, the upper frequency limit is reduced by 4:1, to
about 380 kHz. If Preambles is the Jitter Detection setting, the
bandwidth is reduced by 32:1 from the All Bits case, resulting in about
48 kHz bandwidth. Stable bits and Preambles will result in the lowest
residual measurement jitter. Stable bits will be sensitive to all sources
of jitter in a typical system, including jitter induced on an interconnect
cable. Preambles will be relatively immune to cable effects and will be
dominated by jitter in the source.

Squarewave (Converter Clock) Jitter Detection

In addition to measuring jitter on an AES/EBU or SPDIF/EIAJ
serial digital input signal, INTERVU can also measure jitter on any
squarewave up to 13 MHz connected to the BNC or XLR digital input
connector. This feature permits measurement of jitter directly on the
clock signal of A/D and D/A converters. The waveform of the jitter
may be displayed (time domain view) or a spectrum analysis of the
jitter may be performed (frequency domain view).

The ‘Jitter Detection” field on the INTERVU panel must be set to
either “Squarewave Rising” or “Squarewave Falling” to activate this
feature. The “Rising” selection measures jitter on rising edges of the
signal and the “Falling” selection measures on falling edges. The first
four selections of the “Trigger” field (Ch. A and Ch. B Receive and
Transmit) all are essentially “free run” selections, acquiring signal as
soon as Go is clicked or F9 is pressed. The “Receive Error” selection is
not useful when measuring squarewave jitter. The External selection
operates in conjunction with the “Ext Trigger In” BNC connector on
the rear of the DSP module. If Pre-Trigger was selected as Data
Acquisition mode, approximately 19 milliseconds of signal immediately
preceding this sample will be retained. With Post-Trigger selected, the
19 milliseconds of signal immediately following this sample is retained.
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The Jitter Generator trigger selection works only when System Two's
Jitter Generator (large form of DIO panel) is turned on. This trigger
mode can be useful when looking at jitter on a squarewave clock that
is derived from an AES/EBU signal fed from System Two Cascade’s
digital generator output.

Jitter measures time deviation of zero crossings of a waveform
compared to a perfect clock of the same average frequency. For
AES/EBU waveforms, System Two Cascade determines the average
clock frequency by measuring the frame rate of the digital input signal.
This frame frequency extraction circuitry is not functional for a
squarewave signal, so the DIO panel Sample Rate field is not useful
with squarewave input. INTERVU determines average clock frequency
to the best of its ability from its acquired signal. Since the acquired
signal duration is approximately 19 milliseconds, the resulting
frequency measurement is limited in resolution. The result is that a
graph of the jitter waveform of a squarewave input clock, plotted
across the 19 millisecond record, may appear as a ramp. The desired
jitter signal is the deviation from this ramp. The Compute Linearity
function is used to extract variations from an underlying systematic
linear variation such as this ramp.
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Two standard test setups, one for time domain (waveform) views
and one for frequency domain views (spectrum analysis) are furnished
in the C:\Apwin\S2Cascade\DIOanlyzr directory. The time domain test
is named CLOCK JITTER.AT2C. The test is stored with Squarewave
Rising as the Jitter Detection choice and can be changed to
Squarewave Falling. The test acquires signal from the Digital Input
BINC connector, extracts the jitter signal, automatically applies the
Compute Linearity function to eliminate the ramp discussed above,
and graphs the jitter waveform. The test is set up as a repeating
sweep.

The frequency domain test is named CLOCK JITTER FFT.AT2C. It
is similar to the time domain test but does not use the Compute
Linearity function. It graphs the spectrum of the jitter signal from low
frequencies to 1/2 sample rate (24 kHz, presuming a 48 kHz
squarewave input signal). At other signal frequencies (clock rates), the
Source 1 Stop frequency must be changed to 1/2 the signal frequency.
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Trigger

Control of when acquisition of digital interface signal begins into
System Two Cascade’s INTERVU acquisition buffer is determined by
the Trigger source selection, the Trigger Slope buttons, the Data
Acquisition buttons, and (in the case of the Receive Error or Sync
Error Trigger selections only) the four Receive Error Trigger
checkboxes. The various Trigger source choices include several
sections of the input or output serial digital interface pulse train,
reference input or output pulse train, occurrence of an input or sync
signal interface Error Flag, or from the generators providing calibrated
amounts of interface signal impairments.

The selections in the Trigger field are Ch. A Receive Preamble, Ch.
A Transmit Preamble, Ch. B Receive Preamble, Ch. B Transmit
Preamble, Receive Error, Receive Block, Jitter Generator, External,
Common Mode Signal, Interfering Noise, Digital Generator, Transmit
Block, Ch A Sync Preamble, Ch B Sync Preamble, Sync Error, Sync
Block, Input Zero Crossing, Ch A Ref Out Preamble, and Ch B Ref Out
Preamble. Note that the “Receive” selections pertain to the signal at
the “I” or “II” front-panel input connector selected by the Connector
I/Connector II buttons in the upper right corner of the DIO panel.

Most of these alternate triggering sources will not cause any
difference in spectrum analysis of the interface signal waveform or in
spectrum analysis or waveform display of the jitter signal. The primary
difference will be seen only when displaying the interface signal
waveform (time domain) with a narrow span (a few microseconds)
between the Source 1 Start and Stop times so that the 3-Ul, 2-UI, and
1-Ul pulse widths that make up the preamble can be distinguished.

On the various Preamble trigger sources, the trigger operation is such
that the trailing edge of the first 3-UI pulse of the Preamble occurs
nominally at time zero. The two Receive Preamble selections cause
signal to be acquired at the first Channel A or Channel B Preamble
which occurs after Go is clicked or the function key is pressed. The
Channel A Preamble is known as the X Preamble in the AES/EBU
standard and the M Preamble in the Consumer standard. Channel B
is known as the Y Preamble (AES/EBU) or W Preamble (consumer).
The first information displayed after time zero in these cases will be the
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remaining five Unit Intervals of the selected preamble, followed by the
LSB of the audio signal if full 24-bit resolution audio is transmitted, or
the beginning of the 4-bit Auxiliary data if audio is restricted to 20 bits
or less. The Transmit Preamble selections cause signal to be acquired
beginning at the start of the first Channel A or Channel B Preamble
transmitted from System Two after Go is clicked or the function key
is pressed. This triggering selection permits measurement of time delay
through a digital device or system under test. Sync Error and Sync
Block refer to the rear panel AES/EBU Ref In XLR connector. The Ref
Out selections refer to the rear panel AES/EBU Ref Out XLR connector.

The Receive Error selection causes data to be retained when the
AES/EBU receiver chip of the DIO module detects one or more Parity,
Coding, Lock, or Confidence errors. The checkboxes in the Receive
Error Triggers section of the INTERVU panel permit selection of any or
all these types of error to cause triggering. Depending upon whether
Pre-Trigger or Post-Trigger Data Acquisition was selected, the data in
the buffer will precede or follow the first error detection. Waveform
display, FFT analysis, or statistical analysis (probability) of the interface
waveform itself of the jitter signal may then be used to analyze the data
in the buffer. The Invalid indicator is not considered an interface error
and thus will not result in an acquisition into INTERVU. Sync Error is
identical to Receive Error, but pertains to a signal connected to the rear
panel Ref In connector rather than the front panel input connector.
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The Transmit and Receive Block selections cause signal to be

acquired at the first Channel Status Block Preamble transmitted or
received after Go is clicked or the function key is pressed. This is
known as the Z Preamble in the AES/EBU standard and the B
Preamble in the Consumer standard. Channel Status Blocks are 192
frames long, with the C (Channel Status) bit from each of these 192
frames being assembled into the 24 Channel Status Bytes defined in

the AES/EBU and Consumer standards.

The Jitter Generator, Common Mode Signal, and Interfering Noise
selections all trigger from portions of the respective impairment signals
that may be added to Cascade’s digital generator output. The Jitter
signal triggers at every zero crossing of the sinewave, squarewave, or
noise signal generated by the DIO jitter generator. Common Mode
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triggers at zero crossings of the common mode sinewave signal, and
Interfering Noise triggers at each repetition of the pseudo-random
noise signal. These selections thus may provides a stable display of
the received jitter waveform when measuring through a digital device.

The Digital Generator selection triggers at each zero crossing of the
waveform being generated by the Digital Generator. The Input Zero
Crossing selection provides a trigger at each crossing (of the selected
Pos/Neg slope) of the input AES/EBU pulse train.

The External selection operates in conjunction with the EXT
TRIGGER IN BNC connector on the rear of the DSP module.
Acquisition is triggered on the next sample after an edge of the selected
Trigger slope (positive or negative) is detected at the EXT TRIGGER
connector.

Audible Monitoring of Jitter or Imbedded Audio

It is often useful to listen to the audio on the digital interface being
measured. This can give a quick confidence check that you are
measuring the signal you think you are measuring. It can also help in
determining if errors being measured correspond to the particular
audible defect detected. If jitter problems are suspected in the interface
being measured, it may be useful to listen to the jitter itself. This can
provide clues to the source of the jitter, and it may help correlate
audible distortions with the underlying jitter interference.

The built-in loudspeaker or stereo headphones (plugged into
System Two Cascade’s front-panel jack) monitor either the imbedded
digital audio signal or the demodulated jitter signal. This selection is
made using the Audio Monitor field on the INTERVU panel. Selecting
Audio Monitor will allow listening to the stereo audio carried on the
interface. Selecting Jitter Signal will allow listening to the jitter signal
that the analysis hardware detects on the interface. The jitter signal
which drives the audio monitor is derived from dedicated hardware
and not from the DSP executing the INTERVU program.
Consequently, the Interface Jitter bandwidth field on the DIO panel
controls the low frequency limit of the audible jitter signal. The upper
bandwidth of the audible jitter is limited to approximately 20 kHz, not
the 100 kHz of the DIO’s real time jitter meter.
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As with the audible monitor from other DSP programs, the
Headphone/Speaker panel must be set to reproduce audio from the
DSP. On the Headphone/Speaker Panel, select Stereo and the DSP
Monitor selection or Mono and either DSP Monitor A or DSP Monitor
C. When listening to the Audio Signal selection the Stereo Mode will
reproduce the two channel audio signal on the interface. Using DSP
Monitor A or C will allow selection of either channel individually.
When listening to the Jitter Signal either mono or stereo modes may
be used, since the jitter signal is mono.

Whether the Headphone/Speaker output is used or not, the two
DSP Monitor BNC connectors will carry the selected signals. These
may be used to drive external analysis equipment or an external sound
reproduction system.

Windows for FFT Analysis

INTERVU has the several windowing functions available. These
are Blackman-Harris, Hann, Flat-Top, Equiripple, and None. The
Blackman-Harris window provides a good trade-off between the
window’s ability to separate closely spaced spectral peaks and its
ability to discriminate between moderately spaced spectral peaks that
are significantly different in amplitude. There can be as much as 0.8
dB of error in the amplitude measurement, depending on whether the
tone being measured is centered in the window. The Flat-Top window
provides measurements accurate to a few hundredths of a dB for any
spectral peak but sacrifices selectivity for closely spaced tones. Note
that the amplitude calibration for FFT spectrum analysis of jitter is in
terms of the RMS value of the jitter signal. Thus, a 1 kHz sinewave
jitter signal measured at 10 nanoseconds peak on the DIO panel and
displayed as a waveform of 20 nanoseconds peak-to-peak in
waveform display mode will have an FFT peak at 1 kHz of about 7
nanoseconds (RMS = 0.707 = peak).
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General purpose spectrum analysis applications, such as displaying
the interface signal spectrum, can use the Blackman-Harris window.
When making fft based amplitude measurements of a discrete
frequency jitter component the Flat-Top window should be used. See
the discussion of FFT windows in the FFT-Based DSP Program
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Chapter for more information on the window shapes and their
trade-offs.

Averages

INTERVU allows averaging the results of multiple acquisitions and
FFTs in order to reduce the variance of noise and make coherent
signals stand out more clearly. The Averages field of the INTERVU
panel selects the number of data sets to be averaged. Selections from
2 to 128 are available for averaging. A selection of “1” causes no
averaging to take place.

Digital References

The Freq. value serves as the reference for relative frequency units
used in the Intervu program. Relative frequency units are ones for
which the PC computes a new value from the original frequency value
and the reference value. These are useful for displaying the spectra
relative to the interface sample rate or relative to the jitter frequency.

There are several choices of relative frequency units in APWIN
software, including F/R, dHz, %Hz, octs, decs, d% and dPPM. These
are available anytime the Sweep Source parameter is set to
Intervu.Freq or one of the Data displays is set to Intervu.Frequency.
For a complete discussion of these units and their definition see page
19-6 of this Users Manual.

Example INTERVU Tests
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The following sections describe the necessary Sweep panel and
Digital Analyzer panel setups for each of the tests that INTERVU can
perform. Each refers to an example test furnished with System Two
Cascade:

m FFT Spectrum Analysis of Interface Signal
m Waveform Display of Interface Signal
m FFT Spectrum Analysis of Jitter Signal

m Waveform Display of Jitter Signal
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m Eye Patterns

m Interface Signal Probability vs. Pulse Width (Histogram)
m Interface Signal Rate Probability (Histogram)

m Interface Signal Probability vs. Amplitude (Histogram)
m Jitter Probability vs. Amplitude (Histogram)

Unless instructed otherwise, the installation software will place
these examples in the APWIN\S2CASCADE\PROCEDURES\INTERVU
directory. When loading one of these tests, this directory may be
found using the browser. All of these tests use the Gen Mon input
selection since they demonstrate the measurement of signals generated
by the System Two Cascade. To use these samples for actual
measurements on a DUT the Input Format on the Digital I/O panel
must be changed to XLR, BNC or Optical, as appropriate. Tests
similar to many of these designed for actual measurements will be
found in the C:\ APWIN\S2CASCADE\DIOANALYZER directory.

FFT Spectrum Analysis of the Interface Signal

INTERVU can display an FFT spectrum analysis of the serial digital
interface signal from DC to approximately 30 MHz.
DIO INTERFACE FFT.AT2C, supplied with System Two Cascade
software, is an example of this capability. Intervu.Freq is selected as
Source 1, typically with a Start value of zero Hz and a Stop value of
about 30 MHz. Intervu.Amplitude is selected as Data 1, typically using
Volts or dBV as the vertical unit. A typical vertical range is from about
100 mV to 100 pV (-20 dBV to -80 dBV). The spectrum is typical of a
pulse train. The first spectral minimum occurs at a frequency that is
the reciprocal of one Unit Interval (Ul) at the sample rate in use. For
example, with a 48 kHz sample rate one Ul is approximately 163
nanoseconds and the first spectral null is at about 6.13 MHz.
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B Audio Precision Interface FFT 12/10495 12:27:55

Hz

Figure 8-8 FFT Spectrum Analysis of Serial Interface Signal (48 kHz Rate)

The interface signal spectrum is particularly useful in showing
bandwidth reduction through long or poor digital interface cables, by
comparing the spectrum via a short connection with the spectrum
through the long cable. The effect of slowed rise and fall times and the
cable simulation of the Digital Input-Output panel are also quite
evident in a spectrum analysis of the signal. The occupied bandwidth
of an externally-furnished digital interface signal can be measured in
this mode.

Waveform Display of the Interface Signal

INTERVU can display the actual interface signal waveform.
INTFCWAV.ATZ2, supplied with System Two Cascade software, is an
example of this capability. Intervu.Time is selected as Source 1 while
Intervu.Amplitude is selected as Data 1. The acquisition buffer length
is 19.66 milliseconds, so any portion of the signal between zero and
this value may be viewed except when a Pre-Trigger selection was used
to acquire data. If Pre-Trigger is used, the data all precedes the trigger
point and thus may be viewed with negative values of Start and Stop
time between 19 milliseconds and zero.
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B Audio Precision ¥ Freamble & 6 Cells 12710795 12:23:31

Figure 8-9 Interface Waveform. Y Preamble (3 UI-2 UI-1 UI-2 Ul) Followed by Six
Data Cells (0,0,1,1,1,0)

The Trigger source selection on the INTERVU panel is important
when viewing the interface signal waveform. The Received Preamble
and Transmitted Preamble trigger selections cause triggering at the start
of a received or transmitted (respectively) subframe. A span between
Start and Stop on the order of 100 nanoseconds to a few
microseconds permits viewing pulse aberrations and rise and fall times.
A span of about 25 or 35 microseconds displays one frame consisting
of two subframes, each consisting of a preamble, audio data, and
VUCP bits and permits viewing the one Ul, two Ul, and three Ul pulses
of the interface. A frame is 20.8 microseconds long at a 48 kHz
sample rate and 31.2 microseconds at a 32 kHz rate. Use of a
Transmitted Preamble trigger selection permits measurement of time
delay through the digital device or system under test. The Receive
Block trigger selection triggers at the start of each 192-frame block
across which the Channel Status (C) bits are accumulated.
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FFT Spectrum Analysis of the Jitter Signal

INTERVU can perform an FFT spectrum analysis of the jitter signal
demodulated from the digital interface input signal. When excessive
jitter has been determined to be a problem, spectrum analysis of the
jitter signal is a powerful tool in locating the probable source. For
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example, a strong spectral component near 15.7 kHz can be produced
by a video monitor horizontal sweep signal coupling into digital audio
cables and causing jitter.

B Audio Precision Jitter FFT 12411495 14:08:48

200k 4001k B0k 500k 1000k 120 II'II- 1400k
Hz

Figure 8-10 FFT Spectrum Analysis of Jitter Signal (100 kHz Lowpass Random
Noise from System Two Jitter Generator)

JITTFFTLATZ2, supplied with System Two Cascade software, is an
example of this capability. Intervu.Freq is selected as Source 1. The
Start and Stop values can be anything between zero and 1.53 MHz.
Intervu.Jitter(sec) is selected as Data 1, so the jitter will be measured in
seconds. For a jitter display in Unit Intervals (UI), select
Intervu.Jitter(UI) as the instrument at Data 1. Either Ul or dBUI
(decibels relative to 1.00 Ul) may then be selected as units. The graph
Top value selected depends upon the magnitude of jitter being
measured, with values from five to twenty nanoseconds being typical
of many devices. Note that calibration is in terms of RMS values,
contrasting with the peak values shown on the DIO panel jitter meter
and generator.

The All Bits selection in the Jitter Detection field provides the
maximum analysis frequency range of approximately 1.5 MHz. If
Stable Bits is used, the upper frequency limit is reduced by 4:1, to
about 380 kHz. If Preambles is the Jitter Detection setting, the
bandwidth is reduced by 32:1 from the All Bits case, resulting in about
48 kHz bandwidth. Stable bits and Preambles will result in the lowest
residual measurement jitter. Stable bits will be sensitive to all sources
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of jitter in a typical system, including jitter induced on an interconnect
cable. Preambles will be relatively immune to cable effects and will be
dominated by jitter in the source.

When jitter signals below 120 kHz are being studied, use of the
FFT digital analyzer program with the Jitter Signal source will provide
superior frequency resolution compared to INTERVU. FFT has an
upper frequency limit of at least 120 kHz with the HiBW A/D and at
least 30 kHz with the HiRes A/D compared to the 1.5 MHz jitter signal
bandwidth of INTERVU with the All Bits jitter detection mode, but far
better frequency resolution. dJitter signal selection with FFT is discussed
in the FFT-Based DSP Program chapter of the users manual. Jitter
frequency components down into picosecond ranges can be resolved
by spectrum analysis.

Waveform Display of the lJitter Signal

INTERVU can display the waveform of the jitter on the digital
interface signal connected to System Two Cascade’s digital input.
When excessive jitter has been determined to be a problem, waveform
display of the jitter signal is a powerful tool in locating the probable
source. JITTWAVI.AT2, supplied with System Two Cascade software,
is an example of this capability. Intervu.dJitter(sec) is selected as Data 1,
so the jitter will be plotted in seconds. For a jitter display in Unit
Intervals (Ul), select Intervu.Jitter(UI) as the instrument at Data 1. UI,
rather than dBUI (decibels relative to 1.00 Ul) should be selected as
units for waveform display. Intervu.Time is selected as Source 1. The
Start and Stop values may be set to any values between zero and
about 19 milliseconds to best display the jitter signal. If Error Trigger
or External Pre-Trigger selections are used the data will be between
zero and negative 19 ms.
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B Audio Precision Jitter Waveform 12710795 12:36:39

Figure 8-11 Jitter Waveform (10 kHz Sinewave from DIO Jitter Generator)

The graph Top and Bottom values depend upon the magnitude of
jitter signal being displayed, with values from five to twenty
nanoseconds being typical of many devices. One Ul (Unit Interval) of
jitter corresponds to peak values near 200 nanoseconds at the 44.1
kHz and 48 kHz rates. When comparing waveform displays of jitter
signals to the DIO panel jitter meter readings, note that with v1.50a
and later versions of APWIN, the DIO panel meter is calibrated in peak
terms, not peak-to-peak. By selecting a narrow span (a few
microseconds) between start and stop times, it is possible to look at the
jitter magnitude and polarity cell by cell. In this mode, it is also useful
to plot the interface waveform (Intervu.Ampl) as Data 2, in order to
see possible relationships between jitter magnitude and the location in
the subframe (preamble vs. data).

The filter algorithm used for the Amplitude vs. Time “Interpolate”
setting requires seven samples of input signal before displaying an
output. This may make the jitter vs. time display show zeros for the
first few microseconds. The amount of data zeroed depends on the
Jitter Detection selection. Stable Bits will result in half a frame (10
Usec at 48 kHz) being zero. All Bits will zero 1/8 of a frame (2.5 psec
at 48 kHz) and Preambles will zero 3 %2 frames (70 psec at 48 kHz).
Since jitter is typically plotted over a time scale of several milliseconds
this is not typically a problem. However, it may be misleading when
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initially setting up a jitter vs. time display if the time scale is
inadvertently set too short.

Eye Patterns

A traditional eye pattern is a time domain (oscilloscope view) of a
serial digital signal, usually triggered at the cell rate (every second Unit
Interval) of the signal. Eye patterns were originally viewed with analog
oscilloscopes. The relatively high trigger rate and the persistence of the
oscilloscope CRT resulted in an overlaid view of hundreds or
thousands of data cells. Due to the bi-phase nature of the signal, an
approximately equal number of positive-going and negative-going
transitions are then visible. The appearance of the overlaid patterns is
somewhat like an eye if the horizontal time span is about one Unit
Interval.

I Audio Precision Eye Pattern, 20 ns Jitter

00
5
(o g
®
1
=H
P
(o)
®

Figure 8-12 Eye Pattern (48 kHz Rate)

The eye pattern gives a quick view of the quality of a serial digital
signal. Normal mode noise on the signal causes vertical expansion of
the area covered by successive cells, reducing the height of the
opening of the “eye”. ditter on the signal causes horizontal expansion
of the area covered by successive cells, reducing the width of the eye
opening. Smaller eye openings show increased risk that the digital
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interface receiver will mistake a high voltage for low, or vice-versa,
producing errors in the signal. The AES3 specification calls for a
minimum eye opening of 200 millivolts vertically by 1/2 UI horizontally.

The INTERVU analysis program and the DSP process a long
record of consecutive data cells (about 120,000 Unit Intervals at a 48
kHz sample rate) to produce a graphic display equivalent to the inside
of the eye pattern on an analog oscilloscope. EYEPATRN.AT2
supplied with System Two Cascade software, is an example of this
capability.

In the Amplitude vs. Time field on the Digital Analyzer panel, the
Eye Pattern choice is selected. Intervu.Time is selected at Source 1,
with a Start time of zero and a Stop time of one Unit Interval (about
81 nanoseconds at a 96 kHz sample rate, 162 nanoseconds at 48 kHz,
about 177 nanoseconds at 44.1 kHz, about 244 nanoseconds at 32
kHz sample rate). Intervu.Upper Eye Opening is selected at Data 1
and Intervu.Lower Eye Opening is selected at Data 3. The Eye
Opening selections will not be available in the Browser unless Eye
Pattern is selected in the Amplitude vs. Time field on the Digital
Analyzer panel. Using Data 3 rather than Data 2 causes both upper
and lower opening to be controlled by the Data 1 graph top and
bottom selections and the Optimize feature to work properly. Typically,
the graph legend is used to select the same color for Data 1 and Data
3, since the two traces together form a complete eye pattern.
Acceptance limits may be created for an eye pattern test.
48K-EYE.ADL is furnished as an example limit file for use at the 48
kHz sample rate, using the AES3 specification limits.

Resolution and processing speed for eye patterns are controlled by
the Source 1 Steps parameter on the Sweep panel. Fastest operation
and the poorest time resolution will result from Steps values up to and
including 127. Time resolution is improved 2:1 with Steps values
between 128 and 255, but the software will take longer to compute the
eye pattern. It is improved 2:1 again with Steps values above 256, at
the expense of still slower display updates. Most applications are well
served with Steps values of 255.
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Interface Signal Pulse Width Histograms

INTERVU is capable of performing statistical analysis of several
characteristics of the digital interface signal and displaying the results in
histogram format. WIDTPROB.AT?2 supplied with System Two
Cascade software, displays the probability of various values of
interface signal pulse width. Source 1 is selected as Intervu.Time, with
the Start time at zero and the Stop time at a value corresponding to
four Unit Intervals. Intervu.Probability is selected as Data 1. A
logarithmic vertical scale is useful, with values on the order of 10% for
graph Top and 0.01% for graph bottom. The Peak Values mode of
Amplitude vs. Time Processing should be used.

With no impairment of the interface signal, the resulting histogram
will consist essentially of three vertical spikes at the one Ul, two Ul, and
three Ul points on the horizontal axis. The height of each Ul spike
shows the probability of pulse widths of that value occurring. For
typical audio data, the one Ul and two Ul spikes will be approximately
equal, indicating approximately equal numbers of one and two
Ul-wide pulses (logical ones and zeros in the imbedded audio data).
The three Ul spike is significantly shorter (lower probability) since
pulses of that width occur only in the preamble. Impaired rise and fall
time and/or interfering noise will cause each spike to become wider, at
correspondingly lower probability for any specific pulse width value.
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Figure 8-13 Interface Pulse Width (Interface Timing) Probability, 48 kHz Rate
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The displayed time resolution of the pulse width histogram
depends upon the span between the Source 1 Start and Stop values
and the Source 1 Steps value. Histograms are computed in the
hardware DSP module and divided into 8,192 bins. The accumulated
counts across adjacent groups of bins corresponding to the Source 1
step size are then added into “sub-totals”, sent to the host computer,
and plotted by APWIN.

Interface Signal Rate Histograms

INTERVU can “invert” the pulse width histogram described above
to obtain a “bit-rate” histogram. RATEPROB.ATZ2, supplied with
System Two Cascade software, displays the probability of occurrence
of the various instantaneous frequency values of the interface
waveform. The time between each successive pair of zero crossings of
the interface signal is measured and these times are sorted into bins
depending upon their value. RATEPROB.AT2 shows three “spikes”,
corresponding to the frequency equivalents of the three Ul, two U,
and one Ul pulses that make up the signal. At a 48 kHz sample rate,
the three Ul pulses are equivalent to a frequency of about 2.07 MHz,
the two Ul pulses correspond to a frequency of about 3.10 MHz, and
the one Ul pulses are equivalent to a frequency of about 6.16 MHz.
Jitter will spread each spike across the nearby spectrum.
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B Audio Precision 07713497 14:57:15

Figure 8-14 Interface Rate Probability, 48 kHz Rate
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Interface Signal Amplitude Histogram

When characterizing the squareness of a digital signal it is often
convenient to view a histogram of the signal amplitude.
AMPLPROB.AT2, supplied with System Two Cascade software, is an
example. Source 1 is selected as Intervu.Ampl, with a negative Start
value somewhat greater than the maximum expected signal negative
peak value and a symmetrical positive value for the Stop amplitude.
Intervu.Probability is selected as Data 1. A graph Top value of about
20% and Bottom value of zero with a linear scale is generally useful.
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Figure 8-15 Probability vs Amplitude (5 V p-p Interface Signal)

With no impairment of the interface signal, the resulting histogram
will consist essentially of two vertical spikes. One is located at
approximately the signal negative peak value and the other at the
positive peak value. If the interface signal pulse top and bottom are
clean and level (no tilt or aberrations), the spikes will be narrow and of
high probability values. Slower rise and fall times cause each spike to
broaden in the direction of zero volts. Normal mode noise causes
broadening of each spike to both lower and higher amplitude values.
If these impairments are severe enough, the two spikes will merge into
a low probability “lump” spread across the peak-to-peak voltage range
of the signal.
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Jitter Histograms

Another of the many statistical analyses performed by INTERVU
are histograms of the Jitter signal. JITTPROB.ATZ2, supplied with
System Two Cascade software, displays the probability distribution of
the jitter signal. Intervu.Probability is selected as Data 1 and Source 1
is set to Intervu.ditter. The Start time should be set to a negative value
somewhat greater than the maximum expected peak jitter value and
the Stop time at a symmetrical positive value. Good initial values are
-50 ns for the Sweep Start and +50 ns for the Sweep Stop. If the data
is concentrated in the center of the screen these values can be reduced.
If it extends past the left and right graph edges they can be increased.
When comparing histograms to the DIO panel jitter meter, remember
that the DIO panel meter (and generator) calibration are in terms of
peak values, starting with v1.50a of APWIN software. The graph Top
value may be in the range of a few percent up to 50% and the graph
Bottom value will normally be set at zero for linear displays.

B Audio Precision Jitter Probability 121095 13:51:15

20n

Figure 8-16 Jitter Probability

The range of possible jitter values between the peak positive and
peak negative jitter values in the current acquisition is divided into 256
“bins” by INTERVU, with the jitter of each data cell logged into the bin
of corresponding value. The probability axis then displays, for each
acquisition of the interface signal, the percentage of the total jitter
measurements falling into each bin. If the span from Source 1 Start to
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Stop and the Source 1 Steps value produce fewer graphed data points
than the 256 bins established by INTERVU, the DSP will sum the
values across ranges of adjacent bins and send the summed values to
APWIN software to be plotted.

The width of the histogram represents the peak to peak jitter. The
breadth of the display near its midsection is indicative of the average
jitter. A jitter signal with low average jitter will be represented by high
probability of near-zero values. Signals with high average jitter are
represented by values falling into bins farther away from zero.
Squarewave jitter will tend to produce a strong pair of peaks in the
display with a low amplitude area between them. These peaks will be
at the positive and negative peak jitter amplitudes. Sinewave jitter will
also produce a graph with two peaks but the curve between them will
follow a gentle arc, much like the shape of a supported at each end by
poles. Random jitter histograms will vary somewhat from acquisition
to acquisition ( for example when using Sweep Repeat mode), while
jitter dominated by a coherent signal will tend to be more consistent.

saving and Loading Interface Waveforms

When INTERVU is selected as the DSP analyzer, the File Open
Intervu Waveforms and File Save As Intervu Waveforms menu
commands become available.

00
5
(o g
®
‘
=H
P
(o)
®

The File Open Intervu Waveforms command causes a standard
File Open dialog to be displayed, with controls available to navigate to
any folder. Only files with the extension .AAI (Audio Precision
Acquired Interface waveforms) will be displayed. Selecting an .AAl file
and clicking the Open box causes the file to be downloaded from
computer disk to the Intervu acquisition buffer in the DSP module.
Since these are large (1.5 Mb) files, several seconds will be required for
the download. With the sweep panel set up for the desired display
(eye pattern, interface waveform display, FFT of jitter, histograms,
etc.), pressing [f¢ || will cause the downloaded data to be transformed,
processed, and displayed.

When an interface signal has been acquired into Intervu’s

acquisition buffer via the key or GO button, it may then be saved
to computer disk by the File Save As Intervu Waveforms command. A

System Two Cascade User’s Manual for APWIN version 2 Page 8-49



Chapter 8 Serial Digital Interface Testing Status Bits Panel

standard File Save dialog will be displayed, permitting navigation to
any folder. The user must furnish a file name; APWIN will
automatically add the .AAI extension.

Status Bits Panel

The AES/EBU professional and the consumer (sometimes known
as SPDIF or EIAJ) standards for serial audio transmission include
“administrative” data bits in addition to the bits representing the audio
signal. One of the most important administrative bits is the Channel
Status bit (C bit). Status bits are organized across blocks of 192 frames
into 24 status bytes. Status bits are independent between Channels A
and B, although typically they are duplicated on the two channels.

The use and meaning of these status bytes is generally different
between professional and consumer standards. Byte O defines, among
other things, whether the bytes are to be interpreted according to the
professional or consumer standard. The Status Bits panel permits
setting the desired channel status information to be transmitted along
with the audio data, and displaying the incoming status bit
information. Status information may be set and displayed in both
high-level English and as hexadecimal numbers. The high-level and
hex settings and displays are both continuously functional, regardless
of which format is used for output control.
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Figure 8-17 Status Bits Panel, Small

Transmit A&B Receive A: Version

Frofessional - — bdode — Frofessional
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AP - Dest -

The Status Bits panel in the digital [/O versions of System Two
Cascade is continuously available and functional, whether or not a
digital analysis DSP program has been loaded.

To bring the Status Bits panel to the screen:
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STAT
Mouse: Click on the Status Bits icon M on the toolbar or select
Panels Status Bits via the menu bar

Keyboard: Type TP ]fv]] (for Panels statUs bits) or [ETt|f8]].
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Figure 8-18 Status Bits Panel, Large Version

The Status Bits Panel may be displayed in small and large sizes.
The small size version of the panel includes the Mode, Copyright,
Emphasis, Sample Rate, and Category setting and reading fields when
Consumer format status bytes are being transmitted. When
Professional status bytes are transmitted, the small version Status Bits
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Chapter 8 Serial Digital Interface Testing Status Bits Panel

panel includes settings and reading fields for Mode, Emphasis, Sample
Freq, Origin, and Destination. The large version of the panel includes
settings and readings fields for all defined features in the Professional
or Consumer standard. Clicking on the panel icon on the Panels
Toolbar brings up the small version panel. Holding down the [SHFT]| key
while clicking on the toolbar icon brings up the large version.

The large version of the Status Bits panel is organized into four
sections: high level interpreted Transmit commands (at the left), high
level Receive A (center), high level Receive B (right), and hexadecimal
settings and displays (across the bottom).

Dual Connectors and Status Bits

When System Two Cascade is operating in one of its Dual
Connector modes, the channel A labels refer to the signal on
Connector 1 (left) and the B labels refer to Connector II (right). The
received status bits displayed in Dual Connector mode are the first
subframe from each frame; the second subframe status bits are not
displayed in Dual Connector mode. Transmitted status bits in Dual
IConnector mode are identical in both subframes of each frame.

Transmitted Status Bits Channel Selection

The high level Transmit section of the System Two Cascade Status
Bits panel can simultaneously set the status bytes registers for both
Channels A and B, or can individually make different settings to the A
and B status byte transmit registers while the previous selections
continue to be transmitted on the other channel. To select whether the
high level settings in the Transmit section will apply to channel A, B, or
both, click on the A, B, or A&B button at the top of the Transmit
section.

Selections of status bytes to be transmitted are made either via
“radio buttons” or by clicking a down arrow at the right on a list box
and then selecting the desired information from the list that appears.

The Origin and Destination sections of the Professional status bytes
definition each permit a four-character alphanumeric (ASCII) code to
be transmitted. The characters to be transmitted can be typed directly
into the Origin and Dest. fields in the Transmit section.
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The Local Address and Time-of-Day features are both timer
functions defined in the Professional standard only. As implemented
in System Two Cascade, if the Local Address Auto box is checked,
both the Local Address value transmitted (bytes 14-17) and the Time
of Day value transmitted (bytes 18-21) are continuously increasing
counts, in audio samples, of the elapsed time since the Professional
format of status bytes was selected or the Auto box was checked
(whichever happens later). If the Auto box is not checked, an entry
field for Local Address is displayed to the right of the Auto box. An
entry field for Time of Day is always displayed in the next row. A fixed
number may be typed into either or both of these fields and the
key pressed. The fixed number entered in each field will be
continuously transmitted in the status bytes.

The four status byte Reliability Flags are defined only in the
Professional (AES/EBU) standard. Each flag is to be set if useful
information is not being transmitted in the corresponding status bytes,
so they really are Unreliability Flags. The first flag describes the validity
of information in status bytes 0-5, the second flag covers bytes 6-11,
the third flag bytes 12-17, and the fourth flag bytes 18-23. Note that
these flags are not indications of the quality of the signal, but are
simply a way for the transmitting device to tell the receiving device
whether or not to pay attention to the information received in each
group of six status bytes.
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The AES3 standard defines byte 23 as a CRC (cyclic redundancy
code) byte to assist the receiver in detecting errors in the preceding 23
bytes (0-22) of each channel status block. If the CRC Enable checkbox
is checked, System Two Cascade will automatically compute a CRC
byte based on the contents of the first 23 channel status bytes of each
block and transmit it as byte 23. This is the normal mode of
operation. If it is desired to test the error detection capability of a
receiver, the CRC Enable box may be un-checked and arbitrary values
may then be entered into byte 23 in the hexadecimal transmit field,

using the key to complete the entry.
Received Status Bytes

The center and right sections of the Status Bits panel display, in
high-level English terminology, the received status bytes. Channels A
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Chapter 8 Serial Digital Interface Testing Status Bits Panel

and B are displayed independently. The displays are up-dated
approximately four times per second. When the received status byte
code changes between Consumer and Professional, the remainder of
the receive section of the panel will be re-drawn since most definitions
are different between the two standards.

The four channel status byte Reliability Flags show whether the
transmitting device is indicating that the corresponding bytes (bytes 0-5
for the first flag, 6-11 for the second flag, etc.) contain meaningful
information. The transmitting device sets the flag if the corresponding
status bytes are not meaningful, so a lighted indicator in the receive
section indicates that the corresponding status bytes are not useful.

The CRC Valid flag for each channel will light if the received CRC
byte (byte 23) indicates an error in any of the first 23 bytes of the
channel status block.

Hexadecimal Transmit and Receive

The bottom section of the System Two Cascade Status Bits panel
consists of hexadecimal transmit and receive registers for both
channels. The values in either transmit register may be changed by
over-typing the existing values and pressing @ The controls in the
high-level Transmit section above will also change to follow changes in
the hex settings. If the Transmit A&B mode has been selected by the
buttons at the top of the panel, changing hex values in either Transmit
A or B register and pressing will cause the same change to be
made to the opposite register. If either Transmit A or Transmit B mode
is selected at the top of the high-level section, independent changes
may be made in the A and B hex registers. Any such changes will be
echoed in the high-level Transmit section above only if it is set to the
channel currently being changed via hex settings. To change the
hexadecimal Transmit A or Transmit B register settings, click on the
desired transmit field. A vertical character cursor will appear. Use the
horizontal arrow keys to move the cursor to the desired location and
overtype the sections of the entry to be changed. Press to make
the change.
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Figure 9-1 System Two Cascade DSP Rear Panel

In addition to the front panel AES/EBU inputs and outputs, System
Two Cascade can test parallel interface and many serial interface
digital devices via rear connectors. This chapter describes
interconnection of the instrument to such devices.

Parallel Digital Interface

The general purpose parallel ports are multiplexed dual channel,
24-bit linear 2s complement format. They are intended for connecting
to parallel-interfaced A/D and D/A converters or for direct connection
to DSP systems under test. They are also used to connect the
SIA-2322 Serial Interface Adapter (optional accessory) to System Two
Cascade Dual Domain.
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Parallel Port General Information

The parallel ports are available on the rear panel of the system.
The input and output each consist of a 50 pin dual row shielded
connector. These connectors have ground pins on most contacts on
the pin 26-50 side, adjacent to the 22 most significant bits on the pin
1-25 side, and are intended to be wired with twisted pairs for each
data bit to maintain optimum waveshape and minimize
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Chapter 9 Parallel and Serial Interfaces Parallel Digital Interface

radio-frequency interference. To reduce the risk of damage it is strongly
recommended that all connections to the parallel ports be made with
power to the System Two Cascade turned off.

There are 24 data lines, a channel select line, and a strobe line.
The remaining pins are grounds, plus one +5 V power line (Vcc in the
table). The table below lists the pinout of both input and output
connectors. Figure 9-7 illustrates the physical orientation of the pins
on the connectors when viewed from the rear of the instrument.

Parallel Input

The parallel input accepts 24-bit data on the data lines and latches
it when the strobe line makes a transition from low to high. The data is
latched into the channel A input when the channel select line is held
low and the strobe makes a transition from low to high. The data is
latched into the channel B input when the channel select line is held
high and the strobe makes a transition from low to high. Latching

“«——2—Pe i

DO-D23

CHANNEL
SELECT

STROBE

“— 1P 3 pa5»

1 CHANNEL SELECT-TO-STROBE SETUP TIME 22 nS MINIMUM
2 DATA-TO-STROBE SETUP TIME 33 nS MINIMUM
3 STROBE PULSE WIDTH 100 nS MINIMUM
4 STROBE-TO-DATAHOLD TIME 17 nS MINIMUM
5 STROBE-TO-CHANNEL SELECT HOLD TIME 8 nS MINIMUM

Figure 9-2 Parallel Input Port, Timing Relationships
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channel B data also generates an interrupt for the System Two
Cascade, causing it to read both channels of data just written to the
latches. The channel select line must be held either high or low during
the entire time the strobe line is low. A transition on the channel select
line while the strobe line is low will cause an incorrect latch operation.
Figure 9-2 illustrates the correct operation of the parallel input port
and identifies the timing specifications for the operations. Note that
data must always be supplied to Channel B since its latch operation
triggers the DSP to read the data. If a single channel interface is
desired, it must therefore be configured as Channel B and the channel
select line connected to +5V.

All data inputs are TTL level-compatible high speed CMOS inputs.
This allows connection to a wide variety of devices without loading
concerns. The capacitance of each data line is approximately 10
picofarads. There are no termination resistors. If less than 24 bits are
applied to the input, the data must be applied to the most significant
bits and the unused LSB input lines should be connected to ground.
The strobe line and channel select line are TTL level high speed CMOS
inputs.

The channel select and strobe inputs are internally pulled high with
resistors. If the pins are not connected, this will suffice to maintain the
signals high. However, if wires are attached to either of these lines and
bundled into cables with the data lines, there may be sufficient
capacitance and mutual inductance to couple transitions into one or
both inputs, causing mis-operation of the interface. To reduce the
magnitude of this coupling, the channel select and strobe lines should
be driven from a low impedance source. Using twisted pair or
ground-plane ribbon cable may reduce the coupling of data-line
transitions into the strobe or channel-select inputs. However, the
added load capacitance on the data lines may increase the noise
created by data transitions. Placing resistors of from 22 Ohms to 100
Ohms in series with the source outputs will reduce the rise time of
signals and reduce coupling into adjacent lines. On bundled cables
there may be significant inductive coupling between the data lines and
the strobe line. If this occurs, the strobe line may be removed from the
bundle and run separately from the remaining lines. Terminating the
strobe and channel select lines with a resistive pull-up/pull-down
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Chapter 9 Parallel and Serial Interfaces Parallel Digital Interface

network at the connector may reduce the coupling and generally
improve signal integrity. For most applications a 390 Ohm pull-up to
+5V and a 220 Ohm pull-down to ground will present an adequate
load for each line. These two networks may be powered by the +5V
pin on the interface connector and should be mounted on the
connector itself. Proportionately lower resistances may be required
when the cable impedance is significantly lower.

Logic noise on the System Two Cascade ground connections may
induce noise in the analog portions of the circuit being measured if
care is not taken in the connections. This has resulted in some low
level spurious noise observed when measuring oversampling A/D
converters with switched capacitor input circuits. Oversampling A/D
converters which use linear circuits for their loop filters have not shown
similar sensitivity to ground noise, nor have conventional successive
approximation converters. If ground noise effects are suspected, the
grounds of the converter board under test and the System Two
Cascade may be isolated with ferrite beads in the ground conductors
or by opto-isolators in the data link.

If some of the bits (especially the sign bit) are allowed to leak into
the analog signal it will result in odd harmonic distortion (3rd, 5th, 7th,
etc.) in the measured results. Excessive distortion is often a clue to
examine the leakage paths in the device under test.

Parallel Output

Note that dither is also fully operational for the parallel digital
output signal. See the dither section on page 10-21 for details. The
output bits below the dither point are truncated by the DSP,

The output port provides data on the data lines at all times. The
channel select line determines which channel’s data appears on these
lines. The output strobe line causes both channels of data to be
updated, and signals the System Two Cascade processor that another
pair of data words are required. The data is buffered with a two stage
FIFO buffer which guarantees that data will be available when needed
rather than after the processor’s service delay. As long as the
maximum sample rate restriction is obeyed the two-stage buffer will
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D0-D23

CHANNEL
SELECT

STROBE

“1Pe———————3——————p5»

1 CHANNEL SELECT-TO-STROBE SETUP TIME 0 nS MIMINUM
2 CHANNEL SELECT-TO-DATA VALID TIME 39 nS MAXIMUM
3 STROBE PULSE WIDTH 100 nS MINIMUM
4 STROBE-TO-NEW DATA VALID TIME 70 nS MAXIMUM
5 STROBE-TO-CHANNEL SELECT HOLD TIME 0 nS MINIMUM

Figure 9-3 Parallel Output Port, Timing Relationships

never empty. Figure 9-3 illustrates correct operation of the parallel
output port and identifies timing specifications for the operations.

Note that data may be read from one or both channels, as desired.
However, the typical wiring connection to these ports provides an
automatic strobe operation when the channels are read. If a single
channel output is desired, the port should be configured as Channel B
and the channel select line connected to the +5V supplied on the
interface.
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The parallel inputs and outputs may be operated at any sample
rate selectable from the DIO panel. The internal sample clock
generator appears on Transmit Frame Sync BNC on the rear panel. A
256x version of the sample clock appears on the Master Clock Output
BNC on the rear panel. This higher frequency signal may be useful for
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Chapter 9 Parallel and Serial Interfaces Parallel Digital Interface

clocking oversampling filters, delta-sigma converters, de-glitchers or
similar circuits on the device under test.

There is no limitation that the input and output sample rates be
exactly the same or synchronous. However, it is assumed that the
sample data pairs are read and written at a constant sample rate. The
small FIFO buffers will allow sample jitter in the input and output
operations of as much as 3/4 of a sample period.

2524 232221201918 17 1615141312110 9 8 7 6 5 4 3 2 1
ILJ [N NN NN NSNS Ep N LJi
ONO000000n00000000n0n0n0n00n0nnn

50 49 48 47 46 45 44 43 42 41 40 39 38 37 36 35 34 33 32 31 30 29 28 27 26

Figure 9-4 Parallel Input and Output Connectors

The strobe line and channel select line are TTL level high speed
CMOS inputs. All outputs are CMOS with 50 Ohm build-out
resistances and rise time limiting networks in series. This allows
connection to a wide variety of devices without loading concerns. If
less than 24 bits are needed, the most significant bits should be used
and the unused LSB lines must be left unconnected.

The channel select and strobe inputs are internally pulled high with
resistors. If the pins are not connected, this will suffice to maintain the
signals high. However, if wires are attached to either of these lines and
bundled into cables with the data lines, there may be sufficient
capacitance and mutual inductance to couple transitions into one or
both inputs, causing mis-operation of the interface. To reduce the
magnitude of this coupling, the channel select and strobe lines should
be driven from a low impedance source. Using twisted pair or
ground-plane ribbon cable may reduce the coupling of data-line
transitions into the strobe or channel-select inputs. However, the
added load capacitance on the data lines may increase the noise
created by data transitions. On bundled cables there may be
significant inductive coupling between the data lines and the strobe
line. If this occurs, the strobe line may be removed from the bundle
and run separately from the remaining lines. Terminating the strobe
and channel select lines with a resistive pull-up/pull-down network at
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the connector may reduce the coupling and generally improve signal
integrity. For most applications a 390 Ohm pull-up to +5V and a 220
Ohm pull-down to ground will present an adequate load for each line.
These two networks may be powered by the +5V pin on the interface
connector and should be mounted on the connector itself.
Proportionately lower resistances may be required when the cable
impedance is significantly lower.

Parallel Interface Connector Pin Assignments

Pin# Function Pin # Function

1 Channel 26 Vee

2 Strobe 27 Ground

3 Bit 1 28 Bit 0

4 Bit 2 29 Ground

5 Bit 3 30 Ground

6 Bit 4 31 Ground

7 Bit5 32 Ground

8 Bit6 33 Ground

9 Bit 7 34 Ground

10 Bit8 35 Ground

1" Bit 9 36 Ground

12 Bit 10 37 Ground ©
13 Bit 11 38 Ground -
14 Bit 12 39 Ground 2
15 Bit 13 40 Ground Q
16 Bit 14 41 Ground )
17 Bit 15 42 Ground )
18 Bit 16 43 Ground 2
19 Bit 17 44 Ground O
20 Bit 18 45 Ground

21 Bit 19 46 Ground

22 Bit 20 47 Ground

23 Bit 21 48 Ground

24 Bit 22 49 Ground

25 Bit 23 (MSB) 50 Ground

The +5V power line provided on the connectors is intended only
to be used to tie unused data or control inputs high or to power
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Chapter 9 Parallel and Serial Interfaces Parallel Digital Interface

termination networks if necessary. The power supply of the System
Two Cascade has not been designed to source current to
customer-supplied devices.

Receive Frame Sync BNC

This output connector carries a square wave at the sample rate of
the front panel AES/EBU or Consumer input signal. This allows
triggering an oscilloscope off the received data words to view the
waveform being received. Channel A or channel B of the interface
may be selected by the trigger slope control of the oscilloscope.

Transmit Frame Sync BNC

The internal sample rate clock signal is available at the Transmit
Frame Sync BNC. This allows triggering an oscilloscope off the
transmitted data words to view the waveform being transmitted.
Channel A or channel B of the interface may be selected by the trigger
slope control of the oscilloscope. When System Two Cascade’s output
sample rate is slaved to an external reference, the Transmit Frame Sync
signal will be slaved to the applied reference. This signal is also used
by the SIA-2322 and connects to it with a short BNC cable. This signal
may be inverted via the “Invert Frame Sync” checkbox on the
Sync/Ref panel.

Master Clock Output BNC

The Master Clock Output BNC connector on the rear of System
Two Cascade Dual Domain carries a clock operating at either 256
times, 512 times, or 1024 times the Output Sample Rate (OSR). At
Output Sample Rates below 13.5 kHz, the 1024 times ratio applies. At
sample rates between 13.5 kHz and 27 kHz, the Master Clock Output
signal is at 512 times the OSR. At sample rates above 27 kHz, the
Master Clock signal is at 256 times OSR. Thus, for example, at a 12
kHz, 24 kHz, or 48 kHz sample rate this signal will be a squarewave at
12.288 MHz. The Master Clock signal is at 11.2896 Mhz with a 44.1
kHz sample rate and 24.576 Mhz at a 96 kHz sample rate.

A checkbox on the Sync/Ref panel can be set to determine whether
this signal is jittered or not when jitter injection is selected on the DIO
Panel. Adding jitter to this clock can be a useful test of D/A converters.
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Connecting this clock signal to the clock input of the SIA-2322 Serial
Interface Adaptor and checking the ‘Jitter Clock Outputs” box on the
Sync/Ref panel will pass that jitter on to the serial interface device

being driven by the SIA-2322.
Trigger Out BNC

The specific function of this connector will depend on the DSP
program in use. If any function is implemented by a program it will be
described in the particular DSP program chapter. This outputis a 5
Volt CMOS/TTL compatible signal with a 50 Ohm source impedance.

SIA-2322 Serial Interface Adaptor

An accessory unit, the SIA-2322, is available to greatly simplify
connection of serial output digital devices other than AES/EBU and
SPDIF/EIAJ to System Two Cascade Dual Domain. The SIA-2322
permits selection of a wide variety of serial formats of both one and
two channels with from 8 to 24 bits to be interfaced simply by setting
front-panel switches on the SIA-2322. MSB-first and LSB-first data
can be used with a variety of word-strobe positions, in either TTL or
CMOS logic families. Contact Audio Precision or your Audio Precision
International Distributor for more information on the SIA-2322.
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Digital Generator

The digital generator is the only source of signals for the digital
domain outputs of the SYS-2500 and SYS-2522, and provides output
only at the digital output connectors. The digital generator always
operates at the Output Sample Rate (OSR) set on the DIO panel. For
information on DSP-generated signals in the analog domain, see the
“(D/A)” waveform selections of the analog generator in the Analog
Generator chapter. To bring the Digital Generator panel to the screen:

Mouse: click on the Digital Generator icon @I on the Panels
Toolbar

or

Select Panels Digital Generator via the menu bar

Keyboard: Type PIf] (for Panels digital geNerator), or
GLTY CA

Bl Digital Generator |_[Of x| Figure 10-1 Digital Generator Panel,
Wi | Sine ~| [ormat ~|  Small Version
Frequency;[aa?um kHz vl

™ Track A

™ Inwvert I rvvert
0.000 dEFSEEE —Amplitude—l—ﬂ_ﬂﬂﬂ dBFS vl

The Digital Generator panel may be displayed in two sizes. The
smaller version (displayed when the panel is first brought to the screen)
shows only the most important controls—waveform selection,
frequency, secondary frequency parameters and amplitude ratio
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I Digital Generator [_To[x] Figure 10-2 Digital Generator Panel,
[Narmal ~] Large Version
Frequew;[aa?nm kHz vl

[ Track A
I Invert I Irvwert
I-D.DDD dBFS vI —Amplitude — I-D_UDD dBF=S vl

EQ Curve... |
I vI SFEERERE I vl

Dither Type: ITrianguIar vl

References

wolts/Fs: 1000 ¥
Freqy [997000 kH:z

dBr. ISB?.S mFFS vl

control for certain waveforms, the channel select and invert controls,
track A (B follows A), output on/off button, and channel amplitude
controls. The larger version shows these same controls plus the
Post-equalization amplitudes, EQ Curve selection button, Dither Type
field, and reference values for scaling digital full scale to analog domain
Volts plus dBr and relative frequency units. Clicking on the panel icon
on the Panels Toolbar brings up the small version panel. Holding
down the [S#FT] key while clicking on the toolbar icon brings up the
large version. To switch between the small and large panels:

Mouse: Double-click anywhere in the panel title bar, or click on the
middle of the three icons at the top right of the panel , in the control
bar.

Keyboard: Press the or keys.

The System Two Digital Generator is independent from the Digital
Analyzer and operates even if no digital analyzer has been selected. It
is also independent from the status bytes and digital i/o panels. Digital
Generator capability and the DSP-generated analog waveform
capability are independent with the exception of Arbitrary Waveforms.
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Digital Generator Waveform Selection

The output waveform from the digital generator is determined by
the setting of two waveform fields at the top of the panel. A primary
waveform selection is made in the left-hand (Wfm) field. Depending
upon the primary field selection, a number of subsidiary choices are
then available in the right-hand field. Figure 10-3 shows the
waveforms available from the digital generator.

me:ISine - IStereo i i [t i ]|
TR ] Wovbram E A Wavsomso3T =gl

Chanr [MD Hz = i [MLS = [Pink#1 =]

i Pinl: #1 i

Sequence Length: Pink 42

IV Track A

=

Digital Generator Primary -
Waveform Selections Wit |Special

Canstant Value
Bittest Random
Fass Thru

i frm: INoise
he:
Burgt USAS]
Wtz [IMD =] [smpTE/DINAGT =]
High Frec [3.00000 kH S\C;E‘IFW"EDFD
Ibd-Frac: |60.0014 Hz gm éﬂ
SMPTE/DIN 1.1
i [ Square =l Secondary Waveform
Frequency| 99993 kHz =] Selections for each
swim: [5ine =] [Normal =| Primary Waveform

[Normal

Burst
“ar Phase
Stereo

Dual
Sine+Offset
EQ Sine

Wl (i OUTPUTS | Shaped Burst

Frequency:] 397007 ki

Figure 10-3 Digital Generator Waveform Selections

Note that digital generator waveforms and the DSP-generated analog
generator waveforms (those with “(D/A)” as part of their primary field
description) are totally independent with the exception of the Arbitrary
Waveform selection. For example, the digital generator may be
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Chapter 10 Digital Generator

Digital Generator Waveform Selection

creating a Stereo Sine waveform at the digital output while a
DSP-generated, D/A-converted Sine, IMD, MLS, or Arbitrary
Waveform is sent to the analog generator outputs.

To change waveforms:

Mouse: Click on the down arrow at the right of the box to display
a list of available waveforms. Click on the name of the desired
waveform to select it.

Keyboard: Shift the focus to the Digital Generator panel, if
necessary, with the keys. Select the desired Wim field with
the key (moves selection downwards) or keys (moves
selection upwards). Press the Y]] key to display the list. Use the

keys to move the waveform selection indication up or down the list.
When the desired waveform is selected, press .

(/-

Sine Waveforms

The secondary selections available with Sine waveform are
Normal, Burst, Var Phase, Stereo, Dual, Sine + Offset, EQ Sine, and
Shaped Burst.

Sine Normal

The Sine Normal waveform is the standard waveform for most
audio testing. Frequency coverage is from 10 Hz to 47% of the sample
rate (22.56 kHz at a 48 kHz sample rate).

Sine Burst

The sine burst waveform switches periodically between the normal,
calibrated generator sinewave amplitude and a lower amplitude.
Switching between the higher and lower levels always occurs at a
positive-going zero crossing, thus there will always be an integer
number of complete cycles in the burst. The duration and repetition
rate of the burst are controllable, as is the lower amplitude.
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Burst Control

The burst control area of the Digital Generator panel consists of
three additional fields labeled Burst On, Interval, and Low Level. The
maximum Burst length is 65,535 cycles of sinewave. The Burst On
time may be set in cycles or seconds. Interval is the time from the
beginning of one burst to the beginning of the next burst, not the time
between the end of one burst and the beginning of the next. The
maximum burst Interval is 65,536 cycles of sinewave. Interval may be
set in cycles or seconds. The amplitude of signal between bursts is
controlled by the Low Level parameter. The Low Level value is
relative to the Burst “on” level, which is the calibrated steady-state level
controlled by the Amplitude field. The Low Level (low level) line
controls the amplitude of the generator output between bursts. The
Low Level amplitude may be set in any of four units:

m % lower level expressed as a percentage of calibrated level
m dB lower level in decibels relative to calibrated level

m X/Y ratio of lower level (X) to calibrated level (Y)

m PPM Ilower level in Parts Per Million of calibrated level value

The lower level amplitude may equal the upper level amplitude, in
which case no burst effect will be visible. At large amplitude ratios, the
amplitude resolution of the lower level becomes poorer. The display
will show the actual available resolution steps, rather than the entered
value. The lower level is limited to -120 dB.

Sine Shaped Burst

A shaped burst, like a normal burst, consists of the sinewave
frequency selected in the Frequency field, duration set in the Burst On
field, and interval between the start of consecutive bursts as selected in
the Interval field. The shaped burst differs in that the envelope of its
amplitude follows a raised cosine shape rather than the rectangular
shape of the normal burst; see Figure 10-4. The shaped burst energy
is contained within a narrower spectrum around the sinewave
frequency than the normal, rectangular burst. There is no lower level
control with Shaped Burst.
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I Audio Precision Shaped Burst 07/09797 07:52:55

10m

Figure 10-4 Shaped Burst of 1 kHz Frequency, 30 Cycles Duration

Sine Var Phase

This selection produces the specified frequency at both Channel A
and B outputs, with the phase of the Channel B output variable from
-180 to +179.9 degrees with respect to the Channel A output as
controlled by the Phase field.

Sine Stereo

This waveform selection produces independent sinewaves on
Channel A and Channel B. The Frequency field sets the frequency of
the Channel A signal and the Frequency 2 field sets the frequency of
the Channel B signal. Their amplitudes are independently set by the
two Amplitude fields unless the Track A box is checked, in which case
the amplitudes are equal and controlled by the Channel A Amplitude
field.

Sine Dual

This selection produces two independent sinewaves, both of which
are sent to both output channels. The Frequency and Frequency 2
fields permit each sinewave to be set independently in the range of 10
Hz to 47% of sample rate. The Dual Ampl Ratio field allows the user
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to set the amplitude by which the Frequency 2 field signal will be
attentuated with respect to the amplitude of the Frequency field signal.
The Sine Dual signal is particularly useful as a calibration signal for
digital domain harmonic distortion and FFT analyzers, where the
Frequency signal at reference amplitude represents the fundamental
signal. The Frequency 2 field sinewave is set to any desired harmonic
of the Frequency field “fundamental”, at an amplitude to represent any
desired distortion level. For example, Frequency at 1 kHz and
Frequency 2 at 3 kHz with a Dual Amp ratio of -40.0 dB (1%)

furnishes a 1 kHz signal with third harmonic distortion of 1.0%.

Sine + Offset

A sinewave from 10 Hz to 47% of the sample rate is combined
with a digital DC signal (same as the Special Constant Value
waveform. The sinewave amplitude is set, as usual, in the Amplitude
field or fields. The DC signal amplitude, with a positive or negative
value, is set in the Offset field. The total of the sinewave and DC
amplitudes may not exceed positive or negative full scale. Thus, if the
sinewave amplitude is zero the Offset value may be set anywhere in
the range between -1.0 and +1.0 FS. If the sinewave amplitude is at
full scale, the Offset must be zero. Warning messages will be displayed
if entries are made into either Amplitude or Offset fields which would
exceed full scale. The sequence of changing values in these fields is
important, since APWIN will refuse to accept “illegal” combinations
even when the user’s mental goal is a “legal” combination.

Sinewave amplitude may be individually set on the two channels.
The Offset value is common to both channels. A low-amplitude
sinewave with an Offset value to position it at a major bit switching
point of ladder-type D/A converters is particularly useful for testing
linearity at various points in their operating range.

Sine EQ Sine—Generator Equalization

Real-time generator equalization of sinewave amplitude can be
applied to the digital generator. Equalization works by specifying an
amplitude vs frequency curve in the form of a specific reference
filename and data column within the file. Sine EQ Sine must be
selected as the waveform. At each frequency, equalization function
modifies the value in the Amplitude field by looking up (interpolating
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Digital Generator Waveform Selection

when necessary) the correction factor from the equalization file for the
present generator frequency. This value is sent as the desired
amplitude command (post-EQ amplitude) to the instrument. The
Post-EQ field shows the actual output level from the generator circuitry,
after adjusting the user-requested (pre-EQ) value.

The Digital Generator will not permit an output amplitude entry
greater than 1.000 FES (zero dBFS). If the value of the normal
(pre-EQ) Amplitude field as modified by the equalization file would
attempt to produce an amplitude greater than 1.000 FFS, an error
message is displayed and the Amplitude field (pre-EQ) is set to zero.
User entries may be made into either normal (pre-EQ) or post-EQ
fields and the other field will be adjusted automatically. If a frequency
value outside the frequency range span of the EQ file is entered on the
generator panel or occurs during a sweep, the post-EQ amplitude will
go to zero.

Specifying the EQ Curve

Equalization will not occur until a file and column have been
specified and the Sine EQ Sine waveform has been selected. The
equalization file may be selected before or after selecting the EQ sine
waveform. It is typically faster to first select the Sine EQ Sine
waveform, since that results in a message that no file has been selected
and the opportunity (by clicking the Yes button in the dialog) to select
one. A browser appears which permits navigating to any desired
directory and selecting an .ADQ file name. More than a dozen .ADQ
files are furnished with APWIN, all located in the C:\APWIN\EQ
directory. It is also possible to create your own custom EQ files as
described later. After selecting the file, you must select a column which
contains amplitude data. The furnished .ADQ files are all two-column
files with frequency in column 1 and amplitude in column 2. The
“Edit” button on the browser may be clicked to display, and edit if
desired, the EQ curve data in the Data Editor. To view an EQ file
graphically, use the File Open EQ command. Note that opening an
EQ file does not change the Sweep panel settings, so it may be
necessary to change Data 1 units and Optimize the graph for the
desired display.
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If you prefer to select the file and column before selecting EQ sine
waveform, click on the “EQ Curve” button on the generator panel
which displays the same browser just described. Actual equalization
will not take place until the Sine EQ Sine waveform is also selected.
When the Sine EQ Sine waveform is selected, the generator amplitude
field or fields (pre-EQ) will display the setting in blue characters rather
than the normal black. If Sine EQ Sine waveform is selected without
an equalization file and column having been specified, APWIN
software considers the equalization factor to be unity at all frequencies,
so no equalization takes place.

Equalization Curve 52.Gen.Freq m

FilEZIC:\prin\EQ\riaa—pre.adq LIJ
Calurn:[2=52 Anlr Level A ~] Edit |

[8]34 | Cancel |

Equalization Curve

Look in: IGED] j gl I_

=] 5015-e.ady =] jittol.adg

] 5015-pre.ady [#] rsc-de
8] B0us-de.adg [#] rrsc-pre.ady
8] 50us-pre.add ] rima-de ady
=] 75us-de.adg |#] rimariec.ady
@?EUS—pre.adq riaa—pre.adq
] j17-de.adg

] 1 7-pre.ad

File name:

Files of type: IEq Curve File(* ado) ﬂ Cancel |

Open

Figure 10-5 EQ Curve Selection Dialog and Browser

Typical EQ Applications

The most common applications of generator equalization are to
produce a nominally-flat output from a device which contains a known
equalization function. Typical examples include fm and TV aural
broadcast transmitters with 50 and 75 microsecond preemphasis
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curves. By connecting an equalization curve to the System Two
generator that is the inverse of the nominal curve used in the device
under test, the resulting measured output should be flat. Small
variations from flatness will be a measurement of the accuracy of
equalization in the device, since the .ADQ curves furnished are
accurate to better than 0.01 dB and the specified generator flatness is
of the same order.

Squarewave

Square does not require a subsidiary waveform field. The
squarewave is calibrated in peak equivalent sinewave terms. The
frequency range for squarewaves is from 10 Hz to 1/6 of the sample
rate (8 kHz at 48 kHz sample rate, 7.35 kHz at 44.1 kHz rate). In
order for the squarewave to be time symmetric and synchronous with
the sample rate, the available squarewave fundamental frequencies
within that range are limited to the even integer divisors from [sample
rate]/4096 to [sample rate]/6. For example, at a 48 kHz rate, the
highest squarewave frequencies are thus 8 kHz (48/6), 6 kHz (48/8),
4.8 kHz (48/10), 4.0 kHz (48/12), 3.42857 kHz (48/14), etc.

IMD Test Signals

When IMD is selected, the second waveform field shows selections
of SMPTE/DIN 4:1, CCIF/DFD, DIM 100, DIM 30, DIM B, and
SMPTE/DIN 1:1.

Amplitude of the composite IMD test signals is controlled from the
digital generator Amplitude field. All the IMD waveforms are calibrated
to produce the same peak-to-peak signal amplitude that would be
produced by a sinewave of the entered value. Thus, the IMD signal
peaks will be 1.414 times the indicated amplitude (peak-to-peak, 2.828
times the indicated amplitude). The measured RMS value of all IMD
waveforms will be different from the RMS value of a sinewave of the
same peak amplitude. The applications advantage is that a device
under test will not go into clipping when the signal is changed from a
sinewave to an IMD signal at the same generator panel Amplitude
value, but could clip if the true RMS value were constant between all
waveforms.
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IMD SMPTE/DIN 4:1 and 1:1

These selections generate two sinewaves. The frequency of the
reference amplitude signal is controlled by the IM-Freq field and may
be freely set in the range from 40 to 500 Hz. The frequency of the
high-frequency sinewave is controlled by the High Freq field and may
be set anywhere from 2 kHz up to 47% of sample rate. The amplitude
ratio of the High Freq sinewave to the low-frequency (IM-Freq)
sinewave is 4:1 or 1:1, as specified in the second waveform selection
field. The amplitude of the combined IMD test signal is calibrated at
the same peak-to-peak value as a sinewave of the value set in the
Generator Amplitude field.

IMD CCIF/DFD

The CCIF/DFD mode produces two equal-amplitude sinewaves.
The spacing between the two sinewaves is controlled by the IM-Freq
field. The acceptable range for spacing is from 80 Hz to 2 kHz. The
two signals are spaced by this amount around a center frequency value
controlled by the Center Freq. field, but no signal is generated at the
Center Freq value. The acceptable range for the Center Freq value is
from 3 kHz up to 47% of sample rate, minus 1/2 the IM frequency
spacing. For example, at a 48 kHz sample rate and a 1 kHz spacing,
the highest acceptable Center Freq value would be 22.06 kHz
(0.47*%48000-500). The amplitude of the combined IMD test signal is
calibrated at the same peak-to-peak value as a sinewave of the value
set in the Generator Amplitude field.

IMD DIM (TIM)

DIM stands for Dynamic Intermodulation. An alternate
frequently-used term is TIM, for Transient Intermodulation. A
squarewave at a frequency near 3 kHz is generated and is linearly
combined with the sinewave near 15 kHz. The peak-to-peak
amplitude ratio of the squarewave to the sinewave is 4:1. The
amplitude of the combined IMD test signal is calibrated at the same
peak-to-peak value as a sinewave of the value set in the Generator
Amplitude field. The specific squarewave frequencies are 1/16 the
sample rate for sample rates above 46 kHz (3 kHz at 48 kHz), 1/14 the
sample rate for rates between 42 kHz and 46 kHz (3.15 kHz at 44.1
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kHz), 1/12 the sample rate for rates from 35 kHz to 42 kHz, and 1/10
the sample rate for rates below 35 kHz (3.2 kHz at 32 kHz). The
specific sinewave frequency is at (100/21) times the squarewave
frequency, producing a 15 kHz sinewave at the 44.1 kHz rate and
14.2857 kHz at the 48 kHz rate. The DIM 30 selection passes the
squarewave through a 30 kHz low-pass filter if the Output Sample Rate
(OSR) is 60 kHz or higher; otherwise the squarewave is intrinsically
band-limited at OSR/2.

Noise Waveforms

The Noise waveform secondary field selections are Pink, White,
and Burst USASI.

Pink Noise

The Noise Pink waveform is characterized by equal noise energy
per fractional octave, fractional decade, or equal percentage
bandwidth. Thus, the octave of pink noise between 5 kHz and 10 kHz
will contain the same energy as the octave between 300 Hz and 600
Hz or the octave from 20 Hz to 40 Hz. A constant percentage
bandwidth analyzer such as bandpass function of the analog hardware
or DSP audio analyzers, and most real-time audio analyzers, will show
a flat characteristic with frequency when measuring pink noise. A
constant bandwidth spectrum analyzer such as an FFT analyzer will
display pink noise as having a fall-off with increasing frequency, at the
rate of 3 dB per octave. Pink noise will sound subjectively flat to the
ear because the sounds are perceived on a constant bandwidth basis.
When checking response of devices such as multiway loudspeaker
systems, pink noise will supply more equal levels to low, midrange, and
high frequency drivers than will white noise.

White Noise

The Noise White waveform is characterized by equal noise energy
per Hz of bandwidth. The 100 Hz-wide spectral range between 100
Hz and 200 Hz will thus have the same energy as the range between
10,000 Hz and 10,100 Hz. If analyzed by a constant bandwidth
spectrum analyzer such as a superheterodyne or FFT analyzer, white
noise will show a flat energy characteristic versus frequency (up to the
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bandwidth limitation). Analysis with a constant-percentage-bandwidth
(constant Q) filter such as in bandpass function or most real-time
analyzers will show a rising characteristic versus frequency, at the rate
of 3 dB per octave.

Burst USASI Noise

The Noise Burst USASI waveform selects a special two-level
modulated waveform with noise spectral distribution similar to voice
and music program material. The Federal Communications
Commission in the U.S.A. specifically calls out this waveform as a
modulation source while using a radio-frequency spectrum analyzer to
measure the occupied bandwidth of amplitude modulated broadcast
transmitters.

There is no frequency field for the Noise Burst USASI waveform.
The Channel A and B Amplitude fields control amplitude at the two
channel outputs. Calibration of the Amplitude field is the RMS value
of a sinewave of the same peak-to-peak value as the waveform
presently being generated.

Special Waveforms

The Special waveforms are Monotonicity, J-Test, Polarity, Walking
Ones, Walking Zeros, and Constant Value.

Special Monotonicity

Monotonicity is a low-amplitude “staircase” waveform. It consists
of five complete cycles of squarewave at each of the ten lowest
non-zero amplitude states plus the same time period at zero. Since this
definition is with reference to the minimum possible amplitude, the
absolute amplitude of the steps depends on the Output Resolution
(word width) value on the DIO panel. The squarewave half-cycle
duration is controlled by the Samples/Step field. For example, with a
Samples/Step value of 10 at a 48 kHz sample rate, the squarewave
half-period is 208.3 microseconds (10/48000 of a second), each
equal-amplitude section is ten half-periods long (2.083 milliseconds),
and the entire eleven-step waveform repeats every 22.92 milliseconds
(11*2.083). The Monotonicity waveform is used principally in testing
low-level linearity of D/A converters and digital domain devices by
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Chapter 10 Digital Generator Digital Generator Waveform Selection

viewing their output in the time domain, using the FFT spectrum
analyzer program. Non-linearity is shown by unequal step-to-step
amplitudes. Non-monotonicity is indicated by a reversal in direction of
the expected constant decrease from step to step. Dither is disabled
when the Monotonicity waveform is selected. Select “Digital Gen” as
the Trigger Source on the FFT panel. The Wave Display field on the
FFT panel should be set to either “Display Samples” or “Absolute
Value”, not “Interpolate”. See Figure 10-6 for an example
Monotonicity waveform under the conditions described above, with
24-bit word width.

Il Audio Precision MONOTONICITY WAVEFORM, 10 SAMPLES/STEP, 24 BIT woRD [Ij[=] E3
- SBC

chy=0.000 FFS

sufLAn

e
1
? “HHHIII

Figure 10-6 Monotonicity Waveform with 24-Bit Word Width, 10 Samples/Step, 48
kHz Sample Rate

Special J-Test

J-Test is a waveform which produces a maximum amount of
data-induced jitter on low-bandwidth digital transmission links. dJ-Test
consists of a squarewave at one-fourth the sample rate combined with
a low frequency low amplitude squarewave with a DC offset. Dither is
disabled for J-Test and no amplitude control is available, since the
signal definition specifies exact data values. The J-Test signal would
normally be transmitted while measuring jitter at the receiving end of a
cable or digital transmission system, to estimate the worst-case
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magnitude of jitter caused by reduced bandwidth of the transmission
link.

Special Polarity

Polarity is a signal consisting of two sinewaves, a fundamental and
second harmonic, phased so peaks reinforce each other in the positive
direction and oppose in the negative direction. The polarity waveform
at the output of the device under test, displayed in the time domain by
the FFT program as illustrated in Figure 10-7, will then show whether a
phase inversion has taken place in the device or cable under test.

B POLARITY WAVEFORM

S00mm

-A00m

Figure 10-7 Special Polarity Waveform

Special Walking Ones and Zeros

Walking Ones is a signal in which only one bit is at logical one at
any moment, with the others all at logical zero. The position of the bit
which is at logical one is stepped continuously through the word from
LSB to MSB to LSB and “around the corner” to MSB again, at a rate
controlled by the Samples/Step field. Walking Zeros is similar except
that only one bit is at logical zero and all others are at logical one.
Walking Ones and Walking Zeros are typically used in troubleshooting
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circuitry where the word appears in parallel format, in order to find
“stuck bits”. Dither is disabled for Walking Ones and Walking Zeros
and the amplitude is fixed. The Walking waveforms can be observed
on the DIO panel with the bit indicators in the “Data Bits” (rather than
“Active Bits”) position if the Samples/Step value is set to about 24,000
(0.5 second per step) or greater. Slower computers may require a
larger value for Samples/Step in order to be viewed on the DIO panel.

Special Constant Value

The Special Constant Value “waveform” simply sends the same
digital code at every sample. This is the digital domain equivalent of
an analog DC signal. There is no frequency control field for the
Constant Value signal. The Channel A and Channel B output
Amplitude fields set the amplitude at which the signal remains.

Special Bittest Random

Bittest Random is a specific, predictable pseudo-random waveform
uniformly distributed between plus and minus full scale. It is intended
for error rate testing of communications links, AES/EBU interfaces, and
digital recorders. It is identical to the Bittest Random waveform of
System One and the RAND waveform of Portable One Dual Domain
and may be used with the bit error analysis capability of either of those
instruments. See the BITTEST chapter of this manual for more details.

Special Pass Thru

The Special Pass Thru waveform passes the digital audio signal
connected to the rear panel AES/EBU Ref In XLR connector (house
sync) to the generator outputs. The Ref In signal sample rate must be
between approximately 27 kHz and 54 kHz. The Ref In signal does
not need to be at the same sample rate as the Output Sample Rate
(OSR), since a sample rate converter is used. If the Ref In signal is
stereo, the output signal will also be stereo. Output status bytes are not
controlled by the Ref In signal, but may be set independently on the
Status Bytes panel as desired. Digital full-scale of the Ref In signal is
the amplitude calibration reference, so a Digital Generator output
amplitude setting of 1.00 FS (0 dBFS) will pass the Ref In signal
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unattenuated and lower levels of generator amplitude will attenuate
the audio level. .

MLS (Maximum Length Sequence) Waveforms

The digital generator can generate 16 variations of a Maximum
Length Sequence. A Maximum Length Sequence (MLS) is a pseudo
random noise signal with the property that, when passed through a
device and mathematically cross-correlated with the input signal to the
device, the result is the impulse response of the device. An FFT can
then be performed on that impulse response to yield the frequency and
phase response of the device. See the Quasi-Anechoic Acoustical
Tester (MLS) Chapter for a more complete description.

The Sequence Length buttons select between repetition lengths of
32k and 128k. The 32k repetition length sequences are identical to
System Two and System One MLS sequences. The additional length
of the 128k sequences is useful in large rooms with longer
reverberation times. The 128k sequences are also useful at higher
sample rates, such as 96 kHz, since the higher rates shorten the time
duration of any particular sequence length.

The second field on the Waveform line selects from among four
different MLS sequences (with two different frequency weightings) to
avoid interference when several acoustical test stations are operating
near one another. Each will cross-correlate to approximately -45 dB
against any of the other three. The Pink #1, #2, #3, and #4
sequences are all weighted with a pink noise filter above 80 Hz to
increase their low frequency energy relative to high frequency energy
and provide a constant power per octave across the audio band. This
greatly improves the signal-to-noise ratio at low frequencies, increasing
measurement accuracy in typical room ambient noise conditions. The
same four sequences are also provided without weighting, labeled
White Noise #1, #2, #3, and #4 for unusual applications where the
large high frequency energy level may be desired and signal-to-noise
ratio is not a concern.

Arbitrary Waveforms

The Arb Wim waveform selection (Arbitrary Waveform) permits
generation of waveforms which have been stored as binary files on
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computer disk. These are typically multitone waveform files used for
rapid measurements of response, distortion, noise, phase, and
crosstalk/separation. When Arb Wim is selected, a second field labeled
Waveform appears, with an ellipsis button at the right to permit
browsing among directories (folders) to select the desired waveform
file. A number of useful waveform files are furnished by Audio
Precision in the C:\APWIN\WAVEFORM directory. The user may
create his own multitone waveform files by use of the furnished Utilities
Multitone Creation menu command. Operation of this multitone
creation utility is described the Multitone Audio Analyzer (FASTTEST)
chapter.

Files displayed are of both the .AGM (generator, monaural) and
.AGS (generator, stereo) file types. An .AGM monaural file consists of
a single waveform, which will be loaded into both the left and right
channel generator buffers for signal generation. An .AGS stereo file
consists of two waveforms concatenated into one file. The first
waveform in the stereo file loads into the left channel generator buffer
and the second file into the right buffer.

If the “Set Sample Rate when loading generator waveforms”
checkbox on the General tab of the Utilities Configuration dialog is
checked, loading a waveform file also results in automatically setting
the Output Sample Rate (OSR) to the value for which the waveform
file was designed. This results in accurate output frequencies. If the
box is not checked, the user is responsible for setting the OSR to the
proper value. If the OSR is not identical to the value used in creation
of the waveform file, all frequency components of the signal will be
scaled up or down in frequency by the ratio of the two sample rates.

Note that the Arbitrary Waveform generation buffers of the analog
generator and digital generator are shared. If both generators have
Arb Wim selected as the waveform, the same waveform file is used for
both and the same signal will be produced at both analog and digital
generator outputs.
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Frequency Control and Units

The frequency of most waveforms is controlled by the Frequency
field. The signal frequencies in arbitrary waveforms are determined by
downloaded waveform files, so the Frequency field disappears when
Arbitrary Wim is selected. IMD DIM frequencies are automatically
selected as a function of the Internal Sample Rate in use, so no
frequency fields are displayed. Noise waveforms have no frequency
parameter. The Constant Value “waveform” sends the same value
sample after sample, so no frequency field is displayed. The Sine
Stereo and Sine Dual selections produce two sinewaves controlled by
fields are labeled Frequency and Frequency 2. In the IMD
SMPTE/DIN and IMD CCIF/DFD waveforms, a second frequency
parameter labeled is displayed. Several of the Special digital-domain
signals must be synchronized to the sample rate, so a Samples/Step
field is displayed instead of a Frequency field.

Frequency may be expressed in absolute units (Hz) and in a variety
of units relative to the Reference Frequency value near the bottom of
the Digital Generator panel. The Frequency box is a numeric entry
field. New values may be typed or existing values edited from the
keyboard, followed by the key. Note that changing units does
not change the frequency of the generator. The existing frequency will
simply be re-stated in the new units.

Channel Selection

The A and B channel selection buttons determine whether output
channel A, B, both, or neither will have signal present when the On-Off
button is On. To select output channels, click on either button to select
or de-select the corresponding channel.

Channel Invert

Either channel may be phase-inverted (180 degrees) by checking
the Invert box near the On-Off button. Phase inversion of one channel
with respect to the other is used to create subcarrier rather than main
carrier output in some stereo multiplex broadcasting systems. When
neither box is checked or both boxes are checked, the two outputs are
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Chapter 10 Digital Generator Track A

in phase. To invert the phase of either output, click on the desired
Invert check box.

Track A

System Two digital generator output channels A and B have
independent amplitude capability and can be independently set. For
most audio applications, the same amplitude will be desired at both.
In these cases, it is more convenient to make only one Amplitude
setting which will be furnished at both channels. Check the Track A
box for this mode. The B channel Amplitude field will disappear and
entries in the A Amplitude field will control both channels.

Output On/Off

The On-Off button turns on or off the output channels whose
individual output control buttons are ON. The On-Off button is a
“toggle” function, reversing output conditions each time it is pressed.

Amplitude Control and Units

The output amplitude of each channel is determined by the setting
in that channel’s Amplitude field unless the Track A box is checked, in
which case the Channel A Amplitude field controls both channels.
Amplitude may be stated in digital and analog domain units. The
analog domain units use the Volts/FS scale factor from the Reference
section of the panel. This capability permits working with analog
output amplitude values from a D/A converter under test when the full
scale analog output amplitude of that D/A converter is known. See the
Digital Amplitude Units topic in the Measurement Units chapter for a
discussion and definition of the various digital domain units. In
addition to the FFS (fraction of full scale), %FS, dBFS, and bits digital
domain units, which are values integrated over an entire signal cycle or
many cycles of an AC waveform, the Digital Generator also has
hexadecimal and decimal values available. These may be used with
the “digital DC” waveform selection of Special Constant Value and the
Offset parameter of the Sine + Offset waveform. When used with the
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AC waveforms of the Digital Generator, these hex and decimal values
refer to the peak value.

A new amplitude value may be entered or the existing value edited
from the keyboard, followed by @ Note that the actual output
amplitude does not change when units selections are changed, but the
existing amplitude is simply re-stated in the new unit. Note also that
the value displayed after pressing may differ slightly from the
value entered (especially at extremely low amplitudes), since APWIN
software will display the nearest amplitude which the instrument can
actually generate.

Dither

Dither is noise combined with the signal to improve linearity,
reduce distortion at low amplitudes, and extend the linear operating
range below the theoretical minimum for undithered PCM signals of
any particular resolution. The additional noise is introduced before
quantizing and serves to randomize the quantization distortion to
produce an undistorted signal with a slightly higher noise floor. If
dither has not been turned off by use of the “None” selection in the
Dither Type field, the Output Resolution field on the DIO panel
controls the amplitude of dither added to the digital generator output.
For example, proper dither for a 16-bit system is obtained by entering
16 in the Output Resolution field.

For more information on dither, see the paper “Digital Dither:
Signal Processing With Resolution Far Below The Least Significant Bit”
by John Vanderkooy and Stanley P. Lipshitz, presented at the AES 7th
International Conference “Audio in Digital Times” in Toronto on May
14-17, 1989.

Dither Type

Dither of the digital output signal may be turned off or selected
from three choices of probability distribution function and frequency
spectrum in the Dither Type field. The selections are:

Triangular probability function dither has no noise modulation
effect but produces a slightly worse output signal to noise ratio.
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Chapter 10 Digital Generator Volts/FS Reference (Digital Generator)

Triangular dither can add or subtract up to one bit peak amplitude at
the selected Resolution. Thus, Triangular dither increases the noise
floor more than Rectangular. Triangular is normally the preferred
choice since it avoids modulation noise effects.

Rectangular probability function dither provides better signal to
noise ratio than Triangular, but suffers from modulation noise effects.
Rectangular dither can add or subtract only 1/2 bit amplitude.

Shaped dither is triangular probability distribution noise with a
rising 6 dB/octave slope with zero dB effect at 1/2 the sample rate, thus
placing most of the dither power at higher frequencies where some falls
out of band of most devices and where the human hearing system is
less sensitive.

The None selection turns dither off.

Volts/FS Reference (Digital Generator)

When driving external D/A converters or more complex devices
which include D/A converters, it is sometimes convenient to think of
amplitude in analog rather than digital units. If the value in the
Volts/FS Reference field is the analog output voltage of the D/A
converter when driven to digital full scale, the various analog domain
units (Volts, dBV, dBu, etc.) of the Digital Generator Amplitude field
may be used. A new amplitude value may be entered into this field, or

the existing value edited from the keyboard, followed by .

Frequency Reference

The Digital Generator has a number of relative frequency units in
addition to absolute frequency in Hz. When any relative frequency
unit is selected, APWIN computes and sets the actual frequency based
on the relative value in the generator Frequency field and the
Frequency Reference value. A new value may be entered or the
existing value edited from the keyboard.
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dBr Reference

When dBr units are selected in either channel’s Amplitude field, the
actual output amplitude is computed based on the decibel value
entered in that Amplitude field and the dBr reference value. The dBr
Reference value may be stated in any of a number of amplitude units,
including both analog and digital domain units. When analog domain
units are selected for the dBr Reference entry, the V/ES field value will
be used to convert the analog reference value into the digital domain.
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DSP Audio Analyzer

The DSP Audio Analyzer program (ANALYZER) is designed for
both digital and analog domain input signals. It provides a
DSP-implemented set of features similar in many ways to the
hardware-implemented Analog Analyzer. This includes separate level
meters for both channels and separate frequency counters for both
channels. Unlike the hardware Analog Analyzer, DSP Audio Analyzer
includes separate flexible main meters (Function Reading meters) for
both channels. The Function Reading meters have the ability to
measure amplitude selectively or broadband but with a variety of
high-pass, low-pass, and weighting filters, THD+N, SMPTE IMD, the
ratio between the amplitudes on the two channels (with or without
bandpass filtering on one of the channels), and interchannel phase.
Two types of true RMS plus quasi-peak detector responses are
available. One of the RMS detectors is a fast (synchronous) detector
that can produce much more rapid measurements than the hardware
Analog Analyzer. DSP Audio Analyzer can measure DC voltage on
both analog and digital signals.

DSP Audio Analyzer vs. Hardware Analog Analyzer

For digital domain signals, the DSP Audio Analyzer is the only
general purpose real-time analysis instrument. For analog domain
signals, the hardware Analog Analyzer and the DSP Audio Analyzer
each have strengths and limitations.

m The hardware Analog Analyzer measurement bandwidth for
level and frequency extends beyond 500 kHz, with THD+N
measurement capability to 204 kHz. The DSP Audio Analyzer
bandwidth is limited to approximately 100-120 kHz, with best
performance below 30 kHz.

m The hardware Analog Analyzer has lower residual noise, lower
residual distortion, and flatter frequency response than the A/D
converters used with the DSP Audio Analyzer. However, the
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DSP Audio Analyzer’s specifications are sufficient for a large
majority of audio devices to be tested. DSP Audio Analyzer’s
performance is best below 30 kHz, in the range of the High
Resolution A/D converters.

m DSP Audio Analyzer has two Function Reading meters, one
dedicated to each input channel, and thus can measure
parameters such as THD+N, SMPTE IMD, crosstalk, etc., on
both channels simultaneously during a single sweep. The
hardware analyzer has a single Reading meter and requires two
successive sweeps to measure parameters other than Level or
Frequency on a two-channel device.

m The Fast RMS detector of the DSP Audio Analyzer permits
frequency response sweeps many times faster than the hardware
Analog Analyzer.

m Weighting filters for the hardware Analog Analyzer are an
extra-cost option, while the DSP-implemented filters of the DSP
Audio Analyzer are standard.

m The DSP Audio Analyzer tunable bandpass filter is sharper than
the hardware Analog Analyzer.

m The 400 Hz high-pass filter of the DSP Audio Analyzer is steeper
and has more ultimate rejection than either the standard or
optional plug-in 400 Hz highpass filters of the hardware Analog
Analyzer.

m DSP Audio Analyzer can accurately measure DC on analog or
digital inputs.

The features and operation of the DSP Audio Analyzer are
discussed in the following pages, organized according to the
progression of panel fields from top to bottom.

DC/AC Coupling and DC Measurements

The “Coupling” field near the top of the DSP Audio Analyzer panel
controls AC or DC coupling or a DC-only path from the digital or
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analog input signal to the Level meters. The AC Coupling selection
blocks DC. The DC Coupling selection passes DC and AC, producing
Level meter readings that are the RMS sum of AC and DC signals
combined. The DC Only selection provides DC coupling and a
low-pass filter, giving Level meter readings of only the DC component.
The Function Reading meter path is always AC coupled.

Figure 11-1 DSP Audio Analyzer
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With the DC Only selection and digital input, measurement can be
made of parameters such as DC offset at the output of an A/D
converter. With any of the A/D input selections, DC Only provides
approximately 0.5% accurate measurements of power supply voltages,
offsets, and other analog DC voltages from 160 V down to millivolt
levels. Detection is true RMS.

Input Source Selection

The DSP Audio Analyzer can operate with either digital or analog
domain input signals. The Input field near the top of the panel
provides the following selections: Digital, HiRes A/D @65536,
HiBW A/D @131072, HiBW A/D @262144, HiRes A/D
@OSR, and HiBW A/D @2xOSR.

The “Digital” selection takes digital domain audio from the
connector selected in the Input section (Format and connector
selection radio buttons) of the Digital [/O Panel, truncated to the word
width set in the Resolution field of the Input section of the DIO panel.

All the “A/D” selections choose the output of analog to digital
converters fed from points following the input attenuators and
balanced-to-unbalanced conversion circuitry of the two Analog
Analyzer input channels. The Analog Analyzer’s autoranging circuitry
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or a fixed input range selection on the Analog Analyzer panel controls
the audio signal level at this point. DC or AC coupling is controlled as
discussed above.

Figure 11-2 DSP Audio Analyzer
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The two “HiRes A/D” selections use 24-bit high resolution
converters with optimum sample rate ranges up to about 100 kHz.
The “HiBW A/D” selections use 16-bit converters that operate to 262
kHz sample rates, but with 10-15 dB poorer residual distortion.

The “65536, 131072, and 262144 selections provide A/D
sampling rates at exactly 65,536 Hz, 131,072 Hz, and 262,144 Hz.
Corresponding signal bandwidths are approximately 30 kHz, 60 kHz,
and 100 kHz. The two “OSR” selections refer to the value in the
Output “Rate” field of the DIO panel (labeled “Sample Rate-OSR”
on the large version of the DIO panel). With these selections, signal
bandwidth will be approximately 40% of the selected sample rate
value.

Level Meters

Two Level Meters are located near the top of the ANALYZER
panel, one for each input channel. The Level Meters are true RMS
instruments. The Level Meters use the same type of detector that is
selected in the “Det” (Detector) field below the center of the panel.
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Normal RMS integrates for a fixed period of time, while Fast
(synchronous) RMS measures over a certain number of cycles of the
waveform. For digital domain signals, the RMS value of a full-scale
signal is defined in terms of a sinewave whose peaks just touch the
maximum positive and negative digital codes. Therefore, digital
full-scale signals with a lower crest factor than a sinewave can display
RMS values greater than 1.000 FFS or O dBFS. For example, a
squarewave whose top and bottom are at the maximum digital codes
will have an RMS value of 1.414 FFS (+3.01 dBFS).

Level Monitor Units

Units available depend upon whether Digital or one of the A/D
choices are selected in the Input field.

When Digital is the Input selection, the available units include
digital domain, relative (dBr), and analog domain units. The digital
domain units are FFS, %FS, dBFS, and Bits. Relative units are dBr 1
and dBr 2 and are with respect to the values in the Digital References
section at the bottom of the panel. The analog domain units are V, Vp,
Vpp, dBV, and dBu. These analog domain units when Digital input
is selected all make use of the V/FS scaling factor in the Digital
References section at the bottom of the panel. If an A/D converter is
being measured, the full-scale analog input voltage of the converter
can be entered into the V/FS field and an analog domain unit then
selected if desired.

When any of the A/D selections is made as Input, the available
units are Volts, dBu, dBV, dBr A, dBr B, dBg A, dBg B, dBm, and
Watts. The dBr A and dBr B units are relative to the dBr A and dBr B
Reference values entered at the bottom of the Analog Analyzer panel.
The dBg A and dBg B units refer to the present output amplitude
settings of the A and B channels of the Analog Generator; during an
amplitude sweep or an equalized sweep, this would be the value at
each current step of the sweep. The dBm and Watts units are
computed assuming the measurement is being made across a circuit of
the impedance value entered into the dBm or Watts Reference field at
the bottom of the Analog Analyzer panel.
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Frequency

The frequency of the signals on the two channels is displayed in the
two fields labeled Freq, in the upper center of the DSP Audio Analyzer
panel. Units of measurement include Hz and a wide variety of relative
frequency units (%, octaves, decades, delta %, etc.). All these relative
frequency units are computed with respect to the Digital Reference
Frequency value entered near the bottom right corner of the large
version of the panel. For specific definitions of these relative frequency
units, see the Frequency Units discussion in the Units chapter.

Input Range

The DSP Audio Analyzer is normally operated with automatic
selection of the input ranges. This provides the safest operation with
no possibility of clipping due to high-amplitude signals. For special
applications, it is possible to manually select the full-scale range. When
ranges are selected manually, it is the operator’s responsibility to assure
that the peak signal level never exceeds the value of the selected range.

Manual range selection may be useful when listening to an audio
signal on the built-in loudspeaker or via the headphone jack. When
ranging is automatic, the audible signal level will be almost constant
over a wide dynamic range. This may make it difficult to make
adjustments to a device for minimum distortion or noise, for example.

Function Reading Meter Function Selection,
Display, and Units Selection

Panel features of the main (Function Reading) meters consist of a
multiple-choice measurement function selection field, display fields for
the two channels, and multiple choice selection of units of
measurement for the display.

Function Reading Meter Units

Units available depend upon the function selected and whether the
Input is Digital or Analog (A/D). In the various ratio measurement
functions (2-Channel Ratio, Crosstalk, THD+N Ratio, and SMPTE
IMD), the available units are %, dB, and X/Y, independent of whether
Analog or Digital input is selected. In the various
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amplitude-measurement functions (Amplitude, THD +N Amplitude,
and Bandpass), the analog input and digital input units and their
references are exactly as described above under Level Monitor Units.
In Phase function, the only unit available is degrees.

Function Reading Meter Measurement Functions

The Function Reading meter measurement functions available are
Amplitude, 2-Ch Ratio, Crosstalk, THD+N Ratio, THD+N Ampl
(amplitude), Bandpass, SMPTE IMD, and Phase.

Amplitude

Amplitude function measurements can differ from the Level Meter
measurements due to two factors:

m Amplitude function measurements are affected by the high-pass,
low-pass, and weighting filter selections in the BW and Fltr fields,
while Level meter readings are unfiltered. The Amplitude
function must thus be used for weighted noise and band-limited
noise measurements.

m Amplitude function measurements may be made with the
quasi-peak or one of the RMS detectors, while the Level meters
always use the same type of RMS detector selected in the Det
field of the reading meter.

2 Channel Ratio

2-Ch Ratio function displays the amplitude ratio of the signal in the
channel labeled at the top of each column of meter displays and the
opposite channel. Thus, the Function Reading Meter display in the
column below the “Ch A” heading displays the ratio of Channel A to
Channel B amplitudes, and vice-versa. 2-Ch Ratio may be expressed
in %, dB, or X/Y units. 2-Ch Ratio function is useful while adjusting
stereo channel amplitudes to balance or for measuring gain or loss
when the analyzer inputs are connected at the input and output of a
device. The value displayed on each channel’s meter is the signal
amplitude in that channel (numerator) divided by the amplitude in the
opposite channel (denominator).
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Crosstalk

Crosstalk function is identical to 2-Ch Ratio function except that a
tunable bandpass filter is also engaged in each channel’s Function
Reading meter before the measurement. Crosstalk function will thus
provide more accurate measurements of low-amplitude signals in the
presence of noise, since the filter will reject most wide-band noise. The
filter must be tuned to the frequency of the signal on the driven
channel. See the BP/BR Filter Tuning Source discussion below.
Crosstalk may be expressed in %, dB, or X/Y units. The value
displayed on each channel’s meter is the signal amplitude in that
channel (numerator) divided by the amplitude in the opposite channel
(denominator).

THD + N Amplitude

The two THD+N functions use DSP-implemented bandreject
(notch) filters to remove the fundamental sinewave signal so that the
detector may measure the remaining harmonic distortion products and
noise. The THD+N Ampl (amplitude) function expresses amplitude of
the remaining distortion products and noise in absolute units (FFS,
%FS, dBFS, bits with digital signals: Volts, dBV, dBu, etc. with analog
signals), independent of the amplitude of the fundamental signal.
THD+N Ampl function is particularly useful when performing
amplitude sweeps of audio devices, since it helps make clear that the
noise component is constant amplitude unrelated to the signal
amplitude. THD+N Ratio in an amplitude sweep obscures this fact,
since the measured distortion and noise appears to increase with
decreasing signal amplitude because it is being stated as a ratio to the
decreasing signal.

The bandreject filter center frequencies may be fixed or may track
one of several other parameters. See the BP/BR Filter Tuning Source
section below.

THD + N Ratio

Both THD+N functions use DSP-implemented bandreject (notch)
filters to remove the fundamental sinewave signal so that the detector
may measure the remaining harmonic distortion products and noise.
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The THD+N Ratio function expresses the distortion product and noise
amplitudes relative to the amplitude of the unfiltered signal measured
by the Level Meter. Units of % and dB (below fundamental) are
commonly used in THD+N Ratio function. THD+N Ratio is used
much more commonly than THD+N Amplitude, but in an amplitude
sweep THD+N Ratio appears to show increasing distortion and noise
with decreasing signal amplitude because the distortion and noise is
stated as a ratio to the decreasing signal. THD+N Amplitude may be
more useful for amplitude sweeps.

The bandreject filter center frequencies may be fixed or may track
one of several other parameters. See the BP/BR Filter Tuning Source
section below.

Bandpass

Bandpass function is a selective voltmeter (“wave analyzer”)
implemented by DSP techniques. Each channel includes a narrow
bandpass filter of about 1/13 octave (Q=19, 3 dB bandwidth about
5.2% of center frequency). The bandpass filter center frequency may
be fixed or may track one of several other parameters; see the BP/BR
Filter Tuning Source topic. The filter may be tuned to the steering
source fundamental frequency or to the 2nd, 3rd, 4th, or 5th harmonic
of the tuning source. This harmonic tracking ability permits swept
measurements of individual harmonic distortion, limited to a
maximum value of 42% of the sample rate.

SMPTE/DIN IMD

SMPTE IMD (intermodulation distortion to the SMPTE or DIN
standards) measures the amplitude of sidebands around the
high-frequency component of a two-tone test signal. Appropriate test
signals are generated by the Digital Generator and, if the analog
hardware IMD option is present, by the analog hardware generator.
The combined amplitude of these recovered sidebands is stated as a
ratio to the amplitude of the high-frequency tone, with units of % or
dB being the most common.
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Phase

The Phase function measures phase difference between the signals
(which must be the same frequency) on the two input channels. The
value displayed is Ch B minus Ch A, the same as the analog hardware
analyzer and the calibration of the Sine Var Phase waveform of the
digital and analog generators. The right-hand (Ch B) display is gray
when Phase is selected, since its measurement would be identical
except for sign. Phase is always displayed in degree units.

Function Reading Meter Ranging

The DSP Audio Analyzer is normally operated with automatic
selection of the Function Reading meter ranges. This provides the
safest operation with no possibility of clipping due to high-amplitude
signals. For special applications, it is possible to manually select the
full-scale range. When ranges are selected manually, it is the
operator’s responsibility to assure that the peak signal level never
exceeds the value of the selected range.

Manual range selection may be useful when listening to an audio
signal on the built-in loudspeaker or via the headphone jack. When
ranging is automatic, the audible signal level will be almost constant
over a wide dynamic range. This may make it difficult to make
adjustments to a device for minimum distortion or noise, for example.

Bandpass/Bandreject Filter Tuning

The DSP-implemented Bandpass filter affects only the Function
Reading meters, not the Level Meter or Frequency readings. It is a
highly selective filter of about 1/13 octave bandwidth (Q=19, 3 dB
bandwidth about 5.2% of center frequency). The bandpass filter is
tunable across the audio spectrum from 0.04% to 42% of the sample
rate (20 Hz to 20 kHz at a 48 kHz sample rate). It is used in Bandpass
and Crosstalk functions.

The Bandreject (notch) function of the filter is used in the two
THD+N functions. It is tunable from 0.04% to 42% of the sample rate
(20 Hz to 20 kHz at a 48 kHz rate).

Page 11-10

System Two Cascade User’s Manual for APWIN version 2



Input Source Selection Chapter 11 DSP Audio Analyzer

Either the bandpass or bandreject form of the filter may be fixed in
frequency or may be made to automatically track a parameter during a
sweep test. The BP/BR Tuning field permits selection of the source of
frequency steering information. Selections in this field are Counter
Tuned, Sweep Track, AGen Track, DGen Track, and Fixed. The value
in the “Fltr” field will further modify the Source value in Bandpass
function if it is set to the “Narrow, Freq x2”, “Narrow, Freq
x3”,“Narrow, Freq x4”, or “Narrow, Freq x5” selection instead of
“Narrow”. The bandpass filter may thus be steered to the 2nd through
5th harmonic of the steering source frequency for individual harmonic
distortion measurements.

m With Fixed selected, the filter will be fixed at the frequency
entered in the BP/BR Filter Freq field just below unless the filter
is being deliberately varied as part of a sweep test. To sweep the
filter frequency during a test, select BP/BR Filter Freq as the
Source 1 or Source 2 parameter on the Sweep panel. Fixed
tuning mode must be selected in order to use the BP/BR Filter
Freq parameter as a Source value.

m With DGen Track selected, the filter will automatically track the
frequency of the Digital Generator. This mode would normally
be used when sweeping digital input-digital output devices with
stimulus coming from System Two'’s digital generator.

m With Counter Tuned selected, the frequency value measured
by the DSP Audio Analyzer Frequency counter is the filter
steering source. This function would be selected when making
THD+N or Crosstalk measurements from an external signal
such as playback of a Compact Disc or audio tape or reception
of a signal from a distant source.

m With AGen Track selected, the digital bandpass-bandreject filter
tracks the frequency of the Analog Generator, This mode is
useful for testing A/D converters driven from System Two's
analog output.

m With Sweep Track selected, the filter tracks the frequency of
whichever generator is selected in the Source 1 or Source 2
fields of the Sweep panel.
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Highpass Filter

The Highpass Filter field is the left-most field on the BW line visible
on the large form of the DSP Audio Analyzer panel. It is effective in all
Function Reading meter functions except Bandpass and Crosstalk. It
permits selection between essentially flat response at low frequencies
(the <10 Hz selection) or specific highpass filters at 22 Hz, 100 Hz, or
400 Hz. A highpass filter, when selected, is connected in the Function
Reading meter measurement paths of both channels and does not
affect the Level Meters or Frequency counters.

The 22 Hz and 100 Hz high-pass filter are four-pole (24 dB/octave)
designs in all functions of the Function Reading meter. In the two
THD+N functions, the 400 Hz filter also has four poles. In Amplitude
or 2-Ch Ratio functions, the 400 Hz filter becomes an extremely sharp,
high-rejection ten-pole elliptical high-pass filter. The 400 Hz filter
selection in these functions permits quantization noise and distortion
measurements of A/D converters and digital systems. Quantization
noise and distortion measurements are typically made by driving a
digital system at its full input amplitude range with a low-frequency
sinewave (typically below 50 Hz) whose frequency is not
integrally-related to the sampling rate. This signal exercises the A/D
converter while the filter attenuates the fundamental and harmonics
below approximately 220 Hz by at least 120 dB, but passes wideband
noise above 400 Hz unattenuated.

Performance of the 22 Hz, 100 Hz, and 400 Hz highpass filters is
independent of sample rate. The <10 Hz selection three dB point will
actually vary from about 3 Hz at the very lowest (8 kHz) sample rate to
slightly over 10 Hz at 192 kHz sample rates.

Lowpass Filter

The Lowpass Filter field is the center field on the BW line visible on
the large form of the DSP Audio Analyzer panel. Selected lowpass
filters are effective (in both channels) of all Function Reading meter
functions except Bandpass and Crosstalk. The field permits selection
between essentially flat response at high frequencies (the Fs/2
selection) or specific highpass filters at 20 kHz or 15 kHz. Fs refers to
the currently selected sample rate, as determined in the Input field (and
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DIO panel if an “OSR” selection is made). The 20 kHz and 15 kHz
lowpass filters are six-pole elliptic designs. Any lowpass filter, when
selected, is connected in the main (Reading) meter measurement paths
and does not affect the Level Meters or Frequency counters. Selection
of a 20 kHz lowpass (or 15 kHz if specified) when making THD+N
measurements is particularly important when measuring converters
with large amounts of noise shaping.

Performance of the 15 kHz and 20 kHz lowpass filters is
independent of sample rate at sample rates above approximately 44
kHz. As sample rates decrease toward twice the nominal three dB
point of the selected filter, it essentially becomes the same as the Fs/2
selection.

Detector Reading Rate

The Reading Rate field (left-most field following “Det” label)
controls the rate at which all the DSP Audio Analyzer meters update
(integration time). The selections are Auto, 4/sec, 8/sec, 16/sec, 32/sec,
64/sec, 128/sec, and 256/sec. The actual measurement time for a
given selection is different depending upon the detector response type
selected. For RMS and Quasi-Peak, the measurement time will be
approximately the period of the selected rate (for example, about 125
milliseconds at 8/sec). For the Fast RMS detector, the rate selected will
set the minimum measurement period. The actual period may be
longer, since with Fast RMS the measurement continues until the next
positive-going zero crossing of the signal cycle.

Auto will normally be selected except for noise measurements. The
Auto algorithm takes into account the signal frequency being
measured, whether or not the bandpass filter is in use, and selects the
fastest reading rate which will deliver specified accuracy under these
conditions.

The 4/sec selection is recommended for noise measurements to
provide integration of noise over a longer period. It may sometimes
also be selected for the best accuracy and repeatability at very low
frequencies.

The 8/sec, 16/sec, 32/sec, 64/sec, 128/sec, and 256/sec choices
provide progressively faster measurements, but each has a
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progressively higher low frequency limit of accurate measurements.
For bargraph display while making adjustments to a device under test,
one of the faster rates may give better feedback to the operator.

Detector Type

The second field following the “Det” label permits selection of
detector type for the Function Reading meter of the DSP Audio
Analyzer. The available selections are RMS, Fast RMS, and
Quasi-Peak. When either RMS detector is selected for the Function
Reading meter, the Level meters use the same type of detection.

When Quasi-Peak is selected for the Function Reading meter, the Level
meters use normal RMS detection.

The RMS choice provides conventional true RMS detection with a
measurement time approximately the reciprocal of the selected reading
rate.

The Fast RMS selection provides synchronous RMS detection. The
measurement time is synchronized with zero crossings of the signal
waveform and will always consist of an integer number of signal cycles.
Fast RMS can thus provide accurate measurements on as little as one
cycle of signal. The actual measurement time is the sum of the
reciprocal of the Reading Rate value plus the time necessary for
completion of the cycle of signal in progress when the Reading Rate
period expires. For example, if the Reading Rate is set to 64/sec
(period of 15.6 milliseconds) and a 500 Hz signal (2 millisecond
period) is being measured, the total time of each measurement could
vary between 15.6 milliseconds and almost 17.6 milliseconds
depending on the phase of the signal.

The primary purpose of the Fast RMS detector is for very rapid
frequency response sweeps. For the greatest sweep speeds when
measuring analog output audio devices, the Analog Analyzer input
ranges should be fixed at a range which will handle the highest signal
level anticipated. When measuring analog input devices, it is also
recommended that the “Sine (D/A)” waveform of the Analog
Generator be used rather than the hardware analog generator, to
avoid the range switching which occurs at approximately 20 kHz, 2
kHz, and 200 Hz with the hardware generator. With these conditions,
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30 to 50 point frequency response sweeps across the full audio
spectrum can be made in one to two seconds. Four standard test files
are furnished for fast response sweeps in all combinations of signal
domain: analog-analog, analog-digital, digital-analog, and
digital-digital. These tests are, respectively,
C:\APWIN\S2CASCADE\A-A\A-A FRQ RESP FAST.AT2C,
C:\APWIN\S2CASCADE\A-D\A-D FRQ RESP FAST.AT2C,
C:\APWIN\S2CASCADE\D-A\D-A FRQ RESP FAST.AT2C,
and

C\APWIN\S2CASCADE\D-D\D-D FRQ RESP FAST.AT2C.

Quasi-Peak provides a response conforming with the CCIR-468
specification for noise measurements. It is normally used in
conjunction with the CCIR weighting filter.

Weighting Filters (Fitr Field)

The field labeled “Fltr”, just above the Digital References section of
the large form of the DSP Audio Analyzer panel, has different
operations in different functions of the Function Reading meter. In
Amplitude, 2-Channel Ratio, and the two THD+N functions, this field
allows selection of Weighting Filters. In the Bandpass function, the
field permits selection of whether the bandpass filter tunes to the
fundamental frequency of the source being tracked or to the 2nd, 3rd,
4th, or 5th harmonics. In Crosstalk function, the selection is fixed at
“Narrow”. In SMPTE IMD and Phase functions, the field disappears.

Weighting Filters

Weighting filters are frequently required for noise measurements
and sometimes for THD+N. Several selections are provided in the
Weighting Filter field—None, “A” Weighting, CCIR Weighting, “F”
Weighting, CCITT Weighting, C-message Weighting, and Harmonic
Weighting. When any of these weighting filters is selected, it affects the
Function Reading meter measurement paths of both channels and
does not affect the Level Meters or Frequency counters.

“None” measures with flat frequency response from approximately
5 Hz to 1/2 the present sample rate, or a narrower range determined
by any Lowpass and Highpass filter selections. “A” Weighting
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processes the signal through a psophometric weighting filter meeting
the ANSI A weighting specification before measuring the resulting
amplitude. An “A” weighting filter in combination with the THD+N
function is frequently used for dynamic range measurements of A/D
converters. CCIR Weighted processes the signal with a CCIR-468
weighting filter before measurement, and is normally used in
conjunction with the 4/sec QPK Reading Rate selection. CCITT and
C-message weighting filters are sometimes required for
telecommunications applications. The F-weighting filter is based on
recent psychoacoustic research and relates to typical human hearing
sensitivity at a sound pressure level of 15 phons.

The CCITT and C-message weighting filters are essentially
voice-band filters and their shape is accurately held at all sample rates
except for the frequency-shifting effect described in the following
paragraph. The A, CCIR, and F weighting filters are specified to 20
kHz; at sample rates below 44 kHz, their response within a few kHz of
1/2 sample rate will deviate from specification.

The HI-2 Harmonic Weighting filter is intended for use only when
the Function Reading meters are in THD+N Ratio or THD+N
Amplitude functions. The primary purpose of the Harmonic Weighting
filter is for rub and buzz measurements on loudspeakers. This filter has
a rising 12 dB/octave response with the unity gain frequency four times
higher than (two octaves above) the frequency of the THD+N notch
filter. It thus emphasizes the effect of signals above the fourth
harmonic and reduces the effect of signals below the fourth harmonic.
Maximum gain of the Harmonic Weighting filter is limited to 28 dB.

Weighting filter responses are perfectly accurate at only the
following sample rates: 8.000 kHz, 11.025 kHz, 12.000 kHz, 16.000
kHz, 22.050 kHz, 24.000 kHz, 32.000 kHz, 44.100 kHz, 48.000 kHz,
65.536 kHz, 86.200 kHz, 96.000 kHz, 131.072 kHz, 176.400 kHz,
and 192.000 kHz. At any other sample rate, the filter shape is
preserved but “slides” up or down in frequency by the ratio of the
actual sample rate in use to the logarithmically-nearest sample rate
from the list above.
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Bandpass Harmonic

In Bandpass function, the “Fltr” field offers the selections of
“Narrow”, “Narrow, Freq x2”, “Narrow, Freq x3”,“Narrow, Freq x4”,
and “Narrow, Freq x5”. The filter bandwidth is fixed at the normal
5.2% bandwidth value under all of these selections, but its center
frequency is steered to different integer multiples of the BP/BR Source
steering frequency.

Digital References (ANALYZER)

The bottom section of the large version of the Digital Analyzer
panel includes four reference values.

The dBr1 and dBr2 values serve as the reference for the dBr1 and
dBr 2 units selectable at the Level Meters and at the Function Reading
meter in absolute functions. The dBr1 and dBr2 zero dB reference
values may be entered in digital or analog domain units. When analog
domain units are used, the V/FS reference value (see below) is used to
convert the analog zero dB reference value into the digital domain.

The Frequency value serves as the reference for the relative
frequency units (octaves, decades, %Hz, etc) of the DSP Audio
Analyzer Frequency counters.

The V/FS value is the analog-to-digital scaling value. When testing
an external Analog to Digital converter (A/D), the value of analog input
voltage that produces digital full scale output may be typed into this
field. The Level Meters or Function Reading meter units may then be
selected as V, Vp, Vpp, dBu, or dBV to express the measured digital
amplitude in terms of the analog input value to the converter.

sSweep settings and readings (ANALYZER)

When DSP Audio Analyzer is selected on the Digital Analyzer panel
and “DSP Audio Anlr” is selected in the Instrument column of the
Source and Data Browsers, the following Parameter selections are
available for sweeps:

Readings (for selection at Data 1 through Data 6 to be plotted as
traces): Freq A or B, Level A or B, and the DSP Audio Analyzer
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Function Reading meter function (2-Ch Ratio, THD+N Ratio,
Crosstalk, etc.) presently selected.

Settings (for selection at Source 1 as the independent, swept
variable or Source 2 for nested sweeps): BP/BR Filter Freq., but only if
the BP/BR Filter Freq field on the DSP Audio Analyzer panel is set to
“Fixed”.
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Introduction

Harmonic Distortion Analyzer is a DSP analyzer program for
System Two Cascade that permits flexible, highly selective
measurement of the amplitude of user-specified harmonic orders. The
user may choose to measure any individual harmonic through the
15th, or the sum of any arbitrary selection of harmonic distortion
products from ond through 15", Harmonic Distortion Analyzer may
be used with either analog or digital domain signals. It is a
two-channel program with four measurement meters per channel: a
selective amplitude meter for the fundamental component of the
signal, a frequency counter for the fundamental component, and two
identical distortion product summing meters. Each of these distortion
summing meters can be set to include any desired combination of
harmonic distortion products (through the 15th) as long as each
product is within the bandwidth limitations determined by the sample
rate. Harmonic Distortion Analyzer can thus measure THD (Total
Harmonic Distortion) without noise for any specified set of harmonic
products. This analyzer effectively operates as a real-time program,
even though it is internally based on FFT technology. Thus, it drives
constantly-updating panel meters, its results can be displayed on
rapidly-updating bargraphs, and results can be plotted as traces on a
graph versus any sweepable parameter.
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Both channels of Harmonic Distortion Analyzer may be set to
measure one signal, such as a single-channel signal or one channel of
a stereo signal. This configuration provides four Distortion summing
meters. Each meter sends data to a different trace on the graph. This
permits, for example, simultaneously plotting the fundamental signal
amplitude and the ond grd 4th o hd 5t harmonic amplitudes as five
graph traces during a single frequency sweep.
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Panel

Input Selection

The Harmonic Distortion Analyzer can operate with either digital or
analog domain input signals. The Input field near the top of the panel
provides the following selections: Digital, HiRes A/D @65536,
HiBW A/D @131072, HiBW A/D @262144, HiRes A/D
@OSR, and HiBW A/D @2xOSR.

[ Digital Analyzer [_To[x]| Figure 12-1 Harmonic Distortion
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The “Digital” selection takes digital domain audio directly from
the connector selected in the Input section (Format and connector
selection radio buttons) of the Digital [/O Panel.

All the “A/D” selections choose the output of analog to digital
converters fed from points following the input attenuators and
balanced-to-unbalanced conversion circuitry of the two Analog
Analyzer input channels. The Analog Analyze